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EDITORIAL 
 
 
 
In this fifth edition of 2011, we bring forward issues from various dynamic computer science 
fields ranging from system performance, computer vision, artificial intelligence, software 
engineering, multimedia, pattern recognition, information retrieval, databases, security and 
networking among others. 
 
Considering the growing interest of academics worldwide to publish in IJCSI, we invite 
universities and institutions to partner with us to further encourage open-access publications. 
 
As always we thank all our reviewers for providing constructive comments on papers sent to 
them for review. This helps enormously in improving the quality of papers published in this 
issue. 
 
Google Scholar reported a large amount of cited papers published in IJCSI. We will continue to 
encourage the readers, authors and reviewers and the computer science scientific community and 
interested authors to continue citing papers published by the journal. 
 
It was with pleasure and a sense of satisfaction that we announced in mid March 2011 our 2-year 
Impact Factor which is evaluated at 0.242. For more information about this please see the FAQ 
section of the journal. 
 
Apart from availability of the full-texts from the journal website, all published papers are 
deposited in open-access repositories to make access easier and ensure continuous availability of 
its proceedings free of charge for all researchers. 
 
We are pleased to present IJCSI Volume 8, Issue 5, No 2, September 2011 (IJCSI Vol. 8, Issue 5, 
No 2). The acceptance rate for this issue is 31.7%. 
 
 
 
 
 
IJCSI Editorial Board 
September 2011 Issue 
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Abstract: Line labelling has been used to 
determine whether a two-dimensional (2D) line 
drawing object is a possible or impossible 
representation of a three-dimensional (3D) solid 
object. However, the results are not sufficiently 
robust because the existing line labelling methods 
do not have any validation method to verify their 
own result. In this research paper, the concept of 
graph colouring is applied to a validation technique 
for a labelled 2D line drawing. As a result, a graph 
colouring algorithm for validating labelled 2D line 
drawings is presented. A high-level programming 
language, MATLAB R2009a, and two primitive 2D 
line drawing classes, prism and pyramid are used to 
show how the algorithms can be implemented. The 
proposed algorithm also shows that the minimum 
number of colours needed to colour the labelled 2D 
line drawing object is equal to 3 for prisms and 

1n −  for pyramids, where n is the number of 
vertices (junctions) in the pyramid objects. 
 
Keywords: Graph colouring, line labelling, line 
drawing, validation. 
 

 
1. Introduction 
Discussions on three-dimensional (3D) solid object 
reconstruction from two-dimensional (2D) single 
views reveal that there are several steps that need to 
be accomplished to transform a 2D drawing into a 
3D view [1-3]. As the input of a reconstruction 
process, a 2D drawing could be a regular or an 
irregular line drawing. However, when the input is 
an irregular form or a sketch, then the input should 
be converted into a regular 2D line drawing first, 
before proceeding to the interpretation of the 

drawing. However, it is assumed that the 
interpretation of a 2D single view into a 3D view is 
always an easy task. Generally, people assume that 
the interpretation of a drawing or an image as an 
object does not need conscious thought. Moreover, 
human vision itself appears effortless. For this 
reason, the validation of the drawing is rarely 
considered with regard to an object’s 
transformation, especially when moving from a 2D 
view into a 3D view. Some mistakes arise because 
the drawing could be an impossible drawing or a 
possible drawing that cannot be represented as a 
common object, such as a matchbox. In other 
words, the validity of the 2D drawing (whether it 
represents an object or not) is important to know. A 
validation process filters a 2D drawing for a 3D 
reconstruction process, accepting the possible 
drawings and rejecting the impossible drawings. In 
this research paper, this validation process will be 
the main focus of the discussion. 
Several previous studies show that line labelling 
has been used when representing 2D line drawings 
and in reconstructing 3D objects [4-8]. These 
studies have combined line labelling with 
geometric models to reconstruct 3D objects from 
2D line drawings. Line labelling is also useful for 
identifying impossible objects and for validating 
2D line drawings. The many line labelling 
scenarios used before provide motivation to use 
line labelling in the validation of 2D line drawings 
in the present research. However, in this research 
paper, the concept of graph colouring is applied to 
colour labelled 2D line drawings. The objective of 
the colouring process is the validation of the label 
of the 2D line drawing. We need to increase the 
speed of the validation process for 2D line 
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drawings, to determine whether a 2D line drawing 
contains a possible or an impossible 3D object.  In 
addition, the colour labelling process is needed 
because the line labelling algorithm does not have 
any validation technique for its own result [9,10]. 
Readers interested in a detailed discussion about 
the line labelling algorithm are referred to [6-8,11]. 
The next section presents a discussion about the 
concept of graph colouring and some related issues. 
 
2. Graph Colouring 
In graph theory, a graph has a different meaning 
compared to statistical topics that utilise bar, circle 
and line graphs as representations of mathematical 
equations. Here, a graph is a model that consists of 
vertices and edges. Primarily, graphs illustrate real 
life problems and situations, such as social 
acquaintances, sports schedules, transportation 
routes, and computer networks [12]. 
By definition, a graph ( , )G V E=  is a 

mathematical model consisting of a finite set of 

vertices { }1 2, , , nV v v v=  , which are 

represented by points, and a finite set of edges 

{ }1 2, , , mE e e e=  , which are represented by 

line segments, where n and m are integers. Here, 
two vertices connected by an edge are said to be 
adjacent, and an edge is said to be incident to the 
vertices it connects. The degree (deg) of a vertex is 
the number of adjacent vertices. In this research 
paper, we discuss a special case in graph theory that 
is called graph colouring. Graph colouring is a 
special case of graph labelling, where colour is 
used as the label, so that there are no two adjacent 
vertices, edges, or faces that are assigned the same 
colour. If we are given a graph ( , )G V E , then the 

chromatic number ( )G kχ =  is defined as the 

minimum numbers of colours needed to colour 
( , )G V E . Assume that ( , )G V E  is a graph and 

for which * ( , )G V C= is a mapping function 

:f v c→ with c C∈  a finite set of colours, such 

that if 1 2( )v v E∈
, 

then 1 2( ) ( )f v f v≠ . This 

statement implies that adjacent vertices are not 
assigned the same colour [12]. 
There are three types of graph colouring, known as 
vertex, edge, and face colouring. In this research 
paper, the discussion is focused on edge colouring. 
The edge colouring of a graph, ( , )G V E , is a 

colour assignment for each edge in ( , )G V E , such 

that for each two adjacent edges je  and ke
 
to a 

vertex iv , those edges do not share the same 

colour. For a detailed discussion of graph colouring 
properties, readers can refer to [13] as an 
authoritative reference on graph colouring. 

Some related literature and previous studies show 
that graph colouring is used to solve problems that 
may involve conflicts or items that need to be 
separated [12]. Several applications previously 
performed include separating chemicals during lab 
work, separating animals in a zoo, scheduling 
classes or exams, and (the most common 
application) colouring maps to separate distinct 
countries. Iturriaga-Velazquez [14] shows that the 
original problem involving the four-colour problem 
is the question of whether four colours are 
sufficient to colour the countries on a world map, 
never assigning the same colour to two countries 
with a common boundary. However, over time, 
graph colouring has been applied to many various 
fields of research. Marx [15] explained the 
applications of graph colouring to scheduling 
problems in his paper, while Gaceb et al. [16] 
carried out physical layout segmentation for postal 
sorting systems using a graph colouring 
application. Redl [17] used the graph colouring 
approach for university timetabling at the 
University of Houston, and Dobrolowski et al. [18] 
developed the Koala Graph Coloring Library, 
which is an open graph colouring library for real 
world applications. However, this research goes 
beyond previous studies and applications because 
we attempt to use the concept of graph colouring to 
develop an algorithm for the validation of labelled 
2D line drawings. The proposed algorithm 
expedites the validation of 2D line drawings (to 
classify them as possible versus impossible 
objects), which is accomplished by a line labelling 
algorithm. This method is expected to provide 
better validation compared to the previous work of 
Matondang et al. [10], which is the only line 
labelling algorithm used to perform such a 
validation. The line labelling algorithm itself 
cannot be used as the validation technique to 
validate its own labelled 2D line drawing; in other 
words, the line labelling algorithm is not 
sufficiently robust for the labelling process to 
determine whether the line drawing is valid or 
invalid, representing a solid versus an impossible 
object, respectively. Therefore, the combination of 
both the line labelling algorithm and the graph 
colouring application can be useful to speed up and 
enhance the validation of a 2D line drawing. The 
graph colouring algorithm has been successful in 
many fields, which provides motivation to adapt it 
to the validation of 2D line drawings. The next 
section presents the proposed algorithm. 
 
3. The Proposed Algorithm 
This section presents the proposed algorithm for 
validating labelled 2D line drawings based on the 
the concept of graph colouring. Our expected 
output is a valid, labelled 2D line drawing object 
with a different colour on each edge. Table 1 shows 
the algorithm. 
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Table 1: The proposed algorithm 
Edge (line) colouring for labelled 2D line drawing 
object 
 

- Step 1: input the number of vertices 
(junctions) in the labelled 2D line drawing 
given (object given). 
%%start the edge labelling. 

- Step 2: input every horizontal edge. 
- Step 3: input every vertical edge. 

%%evaluate the greatest degree *deg in 
the object given. 

- Step 4: determine the greatest degree *deg 
for each vertex (junction) in the object 
given. 
%%assume h, n as an integer number 
 
for h=1:numberofvertex; 
    n = 1; 
    for i=1:numberofedge; 
        if labeledge(i,1) == V(h,1); 
            Degree(h,1) = n; 
            n = n + 1; 
        elseif labeledge(i,2) == V(h,1); 
            Degree(h,1) = n; 
            n = n + 1; 
        end 
    end 
end 
 

- Step 5: colouring process 
Assume m is an integer number 
 
L = zeros(numberofedge,1);  
c = 0; %%assume c as the starting point 
for the iteration 
w = 1; %%assume w as the starting point 
for the vertex addressing in S  
for m=1:maxdegree 
    c = c + 1; 
    S = zeros(numberofvertex,1); 

for j=1:numberofedge 
      if L(j,1)==0  
          if labeledge(j,1)~=S & 
labeledge(j,2)~=S 
          L(j,1)=c; 

          S(w,1)=labeledge(j,1); 
          w = w + 1; 
          S(w,1)=labeledge(j,2); 
          w = w + 1; 
          elseif labeledge(j,1)==S 
; 
             L(j,1)=0; 
          else labeledge(j,2)==S ; 
             L(j,1)=0; 
          end 
      end 

end 
      end 
 
 
4. Experimental Results 
In this section, we present results that show how 
the proposed algorithm has been implemented in 
two classes of 2D line drawing objects, namely the 
prism and pyramid. The results show the validation 
of the 2D line drawing using both the line labelling 
and the proposed graph colouring algorithm. 
However, assumptions have been made to simplify 
the implementation. The assumptions are as 
follows: First, the tested 2D line drawings are 
assumed to be an engineering sketch in the form of 
a 2D line drawing that represents a solid model. 
Second, the 2D line drawing is assumed to 
represent a valid solid model when all unwanted 
points or lines have been removed, and there are no 
unconnected points or lines. Third, the solid model 
is assumed to be a 2D line drawing with all of the 
informative lines shown. Fourth, there is only one 
hidden point in the backside of the solid model. 
These assumptions make the proposed algorithm 
more logical, or otherwise the engineering sketch is 
not seen as a solid model because the projection is 
parallel to the other faces of the object. In this case, 
it is impossible to interpret, reconstruct and 
represent the sketch as a solid model, and hence, 
the analysis of the accuracy of the results will 
become simpler. 
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Table 2: The experimental result 

2D line drawing 
Labelled 2D line drawing using 
line labelling algorithm 

Valid-labelled of 2D line 
drawing with different colours 
at each edge 

Role Model 

 
Cube  

 

• Red (R), Orange (O), Yellow 
(Y) 

• Label and colour 
(1,2)  red 
(2,3)  orange 
(4,5)  red 
(5,6)  orange 
(6,7)  red 
(7,4)  orange 
(1,4)  yellow 
(2,5)  yellow 
(3,6)  yellow 
• Number of visible vertices 

= 7 
• Number of visible edges = 

8 
• Number of colours needed 

k = 3 

 

L-block 
 

 

• Red (R), Orange (O), Yellow 
(Y) 

• Label and colour 
(1,2)  red 
(2,3)  orange 
(4,5)  red 
(5,6)  orange 
(6,7)  red 
(7,4)  orange 
(8,9)  red 
(9,10)  orange 
(10,11)  red 
(11,8)  orange 
(1,4)  yellow 
(2,5)  yellow 
(8,7)  yellow 
(9,6)  yellow 
(3,10)  yellow 
• Number of visible vertices 

= 11 
• Number of visible edges = 

15 
• Number of colours needed 

k = 3 

 

Stairs 
 

 

• Red (R), Orange (O), Yellow 
(Y) 

• Label and colour 
(1,2)  red 
(2,3)  orange 
(7,4)  red 
(6,5)  red  
(4,5)  orange 
(6,7)  orange 
(8,9)  red 
(9,10)  orange 
(10,11)  red 
(11,8)  orange 
(12,13)  red 
(13,14)  orange 
(14,15)  red 
(15,12)  orange 
(15,1)  yellow 
(11,22)  yellow 
(8,7)  yellow 
(10,13)  yellow 
(9,6)  yellow 
(2,4)  yellow 
(3,5)  yellow 
• Number of visible vertices 

= 15 
• Number of visible edges = 

21 
• Number of colours needed 

k = 3 
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pentahedral-prism 
 

 

• Red (R), Orange (O), Yellow 
(Y) 

• Label and colour 
(1,2)  red 
(2,3)  orange 
(3,4)  red 
(5,6)  red  
(6,7)  orange 
(7,8)  red 
(8,9)  orange 
(9,5)  yellow 
(6,2)  yellow 
(1,5)  orange 
(3,7)  yellow 
(4,8)  yellow 
• Number of visible vertices 

= 9 
• Number of visible edges = 

12 
• Number of colours needed 

k = 3 

 

hexahedral-prism 
 

 

• Red (R), Orange (O), Yellow 
(Y) 

• Label and colour 
(1,2)  red 
(2,3)  orange 
(3,4)  red 
(4,5)  orange  
(11,6)  red 
(7,8)  red 
(6,7)  orange 
(9,8)  orange 
(9,10)  red 
(10,11)  orange 
(1,6)  yellow 
(3,8)  yellow 
(4,9)  yellow 
(5,10)  yellow 
(2,7)  yellow 
• Number of visible vertices 

= 11 
• Number of visible edges = 

15 
• Numbers of colour needed 

k = 3 

 

trihedral-pyramid 
 

 

• Red (R), Orange (O), Yellow 
(Y) 

• Label and colour 
(4,1)  red 
(4,2)  orange 
(4,3)  yellow 
(1,2)  yellow  
(2,3)  red 
(3,1)  orange 
• Number of visible vertices 

= 4 
• Number of visible edges = 

5 
• Number of colours needed 

k = 3 

 

kwartahedral-pyramid 
 

 

• Red (R), Orange (O), Yellow 
(Y) Green (G) 

• Label and colour 
(5,1)  red 
(5,2)  orange 
(5,3)  yellow 
(5,4)  green  
(2,3)  red 
(3,4)  orange 
(4,1)  yellow 
(1,2)  green 
• Number of visible vertices 

= 5 
• Number of visible edges = 

7 
• Number of colours needed 

k = 4 
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pentahedral-pyramid 
 

 

• Red (R), Orange (O), Yellow 
(Y) Green (G), Blue (B) 

• Label and colour 
(6,1)  red 
(6,2)  orange 
(6,3)  yellow 
(6,4)  green  
(6,5)  blue 
(2,3)  red 
(3,4)  orange 
(4,5)  red 
(5,1)  orange 
(1,2)  yellow 
• Number of visible vertices 

= 6 
• Number of visible edges = 

9 
• Number of colours needed 

k = 5 

 

hexahedral-pyramid 
 

 

• Red (R), Orange (O), Yellow 
(Y) Green (G), Blue (B), 
Violet (V) 

• Label and colour 
(7,2)  red 
(7,3)  orange 
(7,4)  yellow 
(7,1)  green 
(7,5)  blue 
(7,6)  violet 
(1,2)  orange 
(2,3)  yellow 
(3,4)  red 
(4,5)  orange 
(5,6)  red 
(6,1)  yellow 
• Number of visible vertices 

= 7 
• Number of visible edges = 

11 
• Number of colours needed 

k = 6 

 
Based on the results shown in Table 2 and the 
assumptions that we made for implementing the 
proposed algorithm, we found the number of 
colours needed for a 2D line drawing’s 
classification as a prism or a pyramid. For the 
prism class with n vertices (junctions), there are n – 
3 vertices with deg = 3 and 3 vertices with deg = 2. 
The number of colours needed to colour the prism 
is equal to the maximum number of the degree 
*deg and is valid only for prisms where the number 
of vertices is equal to 6n ≥ . 
For the pyramid class with n vertices (junctions), 
there are n – 1 vertices with deg = 3 and only one 

vertex with deg = 1n − . The number of colours 

needed to colour the pyramid is equal to 1n −  and 
is valid only for pyramids where the number of 
vertices is equal to 4n ≥ . 
 
5. Conclusions and Future Work 
Line labelling has been used to determine whether 
a two-dimensional (2D) line drawing represents a 
possible or an impossible three-dimensional (3D) 
solid object. However, prior work is not sufficiently 
robust because the line labelling method does not 
have any validation method for its own result. In 
this research paper, a graph colouring method is 
applied as the validation technique for a labelled 
2D line drawing object. As a result, the graph 
colouring algorithm for validating a labelled 2D 

line drawing objects is presented. A high-level 
programming language, MATLAB R2009a, and 
two primitive 2D line drawing classes, prism and 
pyramid, are used to show how the proposed 
algorithm is implemented. Based on the 
experimental results, it is shown that for the prism 
class with n vertices (junctions), there are n – 3 
vertices with deg = 3 and three vertices with deg = 
2. The number of colours needed to colour the 
prism is equal to the maximum number of deg and 
is valid only for prisms having 6n ≥  vertices. 
Meanwhile, for the pyramid class with n vertices 
(junctions), there are n – 1 vertices with deg = 3 

and one vertex with deg = 1n − . The number of 
colours needed to colour the pyramid is equal to 

1n −  and is valid only for pyramids for which the 

number of vertices is equal to 4n ≥ . 
A suggestion for future research is to attempt to 
extend the algorithm for a more complex and 
general 2D line drawing that is not limited to 
objects in the prism and pyramid classes. 
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Abstract 
This paper proposes a novel face recognition algorithm inspired 
by Human Visual System (HVS). Firstly, we learn where people 
look by recording observers’ eye movements when they are 
viewing face images. We find that the observers are consistent in 
the regions fixated and such fixated regions are selected as the 
salient regions. Secondly, we represent the face images by four 
scales of Local Binary Gabor Patterns (LGBPs) for the salient 
regions whereas one scale LGBPs for the others, inspired by the 
fact that fovea of HVS has a higher spatial acuity than the 
periphery. Thirdly, we integrate the global information of face 
images in face recognition. The experimental results demonstrate 
that the proposed method learning from human beings is 
comparable with those learned with machine learning algorithms, 
which shows that the characteristics of the HVS provide valuable 
insights into face recognition. 
Keywords: Face Recognition, Selective Attention, Human 
Visual System. 

1. Introduction 

Face recognition has become a popular area of research in 
computer vision and one of the most successful 
applications of image analysis and understanding [1, 2] 
over the past several decades. Its’ wide range of potential 
uses include security applications, intelligence-computer 
interaction and so on. The nature and scientific challenges 
of face recognition decides that not only computer science 
researchers are interested in it, but also neuroscientists and 
psychologists. 

 

Fig. 1  Some examples of the recorded fixations, of which (b) and (e) are 
fixations of one observer, and (c) and (f) are fixations of another 
observer. The yellow circles represent the fixations. 

Much progress has been made in the past two decades and 
numerous face recognition algorithms [3] have been 
developed. The most popular ones are based on machine 
learning, such as Eigenfaces [4] and Fisherfaces [5], SVM 
[6] and AdaBoost [7]. However, most of the statistical 
methods suffer from the generalizations problem. 
It is the general opinion that advances in computer vision 
research will provide useful insights to neuroscientists and 
psychologists into how human brain works, and vice versa. 
Several algorithms [8, 9, 10] are based on Gabor filters, 
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which are known to model the responses of the simple cells 
in vision cortex. 
In this paper, we argue that we can take a further step 
following such direction as mimicking human vision 
systems. Though many face recognition systems sample 
the image in a grid-like fashion, human beings are able to 
select the most interesting regions to focus on (fixations) 
and jump (saccade) between them. some examples of the 
fixations when a observer is viewing a face image is shown 
in 1. This selection process is an important aspect of 
attention, and it has a profound impact on our perception 
[11]. Moreover, the spatial resolution of the human visual 
system decreases dramatically away from the point of 
fixation, which is attributed mainly to the fact that the 
ganglion cells are packed densely at the center of the retina 
(i.e. the foveola), and the sampling rate drops rapidly [12]. 
Therefore, the eye gathers most information during the 
fixations while little information is gathered during the 
saccades. 
Inspired by the fact that HVS has a much higher spatial 
acuity than the periphery, a face recognition representation 
based on spatial variant sampling is proposed to simulate 
such foveated imaging phenomenon. We sample the image 
in a retinal way. The fixated regions (fovea) are filled with 
data from more Gabor filters, while less Gabor filters are 
reserved for the outside of the fovea. The output of the 
Gabor filters is further encoded by the Local Gabor Binary 
Patterns (LGBPs) as in [10]. 
The visual psychophysicists’ research also has shown that 
human observers are able to obtain the layout of a scene 
within a short glance before any fixations [13]. Within 
such a glance, the grasped information provides useful 
information about spatial configuration and scene category. 
Therefore the global information of face images coded as 
the low frequency components gotten by Fourier transform 
is integrated into the face recognition system. 
The remaining parts of this paper are organized as follows. 
Section 2 learns the salient regions of face images from the 
eye movement data. In section 3, face representation based 
on attention modeling which integrated both the 
information of salient regions and glance is presented. 
Extensive experiments are conducted in Section 4, 
followed by conclusions and discussions in the last section. 

2. Selective Attention on Face Images 

Though many popular face representations are based on 
grid sampling, human visual system works in a different 
way. In order to build a detailed representation of a scene, 
the human visual system actively scans the visual 
environment using discrete fixations linked by ballistic 
saccadic eye movements [14]. The eye gathers most 
information during the fixations while little information is 

gathered during the saccade. Such eye movement has been 
thought as the explicit form of visual attention. 
 

 

Fig. 2  Consistency of different observers viewing the same face image, 
and same observers viewing different face images. The consistency is 
defined as inter-subject consistency. We use fixations of all-except-one 
observers to generate a “saliency map” to predict fixations of the 
excluded observer. Y axis is the correct predicting rate and X axis is the 
selected region proportion. The curve of the consistency is much higher 
than random. 

 

Fig. 3  (a) A cropped face image. (b) The statistical distribution of 
fixation positions. (c) The probability of each local region.  

We use EyeLink II system [20] to record the eye fixations 
when observers are viewing face images. In the 
experiments, four male college students who are naive to 
the purpose of the experiments are selected as subjects. We 
present each face image to the subjects at the center of a 19 
inch high refresh rate CRT monitor which has the 
resolution of 1600×1200. Each image is presented to the 
subjects for five seconds. Every subject views 100 frontal 
view face images from FRGC [2] dataset. 
Some examples of the recorded fixations are shown in Fig. 
1. It can be seen from Fig. 1 that, though the fixations vary 
among the observers and images, the regions which are 
most likely to be fixated are highly consistent. 
We examine the inter-observer consistency among 
subjects’ fixations, the operation is similar to “leave-one” 
method: for each stimulus, we use fixations of all-except-
one observers to generate a “saliency map” to predict 
fixations of the excluded observer. The results averaged 
over subjects and stimulus are shown in Fig. 2. Similarly, 
the consistency of one observer for different face images is 
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shown in Fig. 2. It can be seen from Fig. 2 that the curve of 
consistency is much higher than random. 
We get the distribution of the fixations from the samples of 
the fixations of the four observers on the 100 frontal view 
face images, as shown in Fig. 3(b). Because our face 
representation is based on regions and there are total 10×
11 regions, we add the probability in each region and get 
Fig. 3(c), where greater possibility being fixated is 
indicated by whiter value. Fig. 3 demonstrates that HVS 
puts more importance on regions like two eyes, nose and 
mouth, which is well consistent with our intuition. 

3. Face Recognition System Based on 
attention 

According to the researches of the psychophysicists [13], 
human understand a scene by firstly glancing the scene, 
followed by fixating some interesting regions in it. We 
develop a face recognition system based on such selective 
attention mechanism, which integrate both of the 
information gathered by fixations and glance. 

3.1 Face Recognition Based on Fixations 

Despite a large field of view, HVS processes only a tiny 
central region (the fovea) with very great detail while the 
resolution decreases rapidly with increasing eccentricity 
[12]. We employ the multi-scale and multi-orientation 
Gabor filters to simulate such foveated phenomenon. The 
fixated regions are convoluted with more scales’ Gabor 
filters to mimic the fovea. While in the non-fixated 
regions, less scales’ Gabor filters are used to imitate the 
periphery, which forces the periphery contains much less 
information than the fovea. 
We only list the parameters of the Gabor filters as follows: 

     
( )2 2 2

2, ,
2, 2

, 2

k z ik zk
e e eµ υ µ υ

σµ υ σ
µ υψ

σ
− − = −      (1) 

Where µ and υ define the orientation and scale of the 

Gabor filters, ( , )z x y= , ⋅ denotes the norm operator, 

and the wave vector ,
ik k e µφ

µ υ υ= ,where 

max
vk kυ λ= and 8uφ π µ= . λ  is the spacing factor 

between filters in the frequency domain. 
In order to further enhance the information in Gabor filters, 
the magnitude values of the Gabor filters are further 
encoded with Local Binary Pattern (LBP) operator [15], 
namely LGBP [10]. The details of LBP are omitted for the 
limited space. Please refer to [10] for more details. 
The input face images are normalized to 80×88 pixels and 
each image is divided into 10 × 11 non-overlapping 
regions. We choose 20 percent of the regions that have 

larger probability being fixated as the salient regions, as 
shown in Fig. 4(a), indicated by white value. All the others 
are non-salient regions. 

Table 1: The accuracies of different choices of scales on the FERET 
datasets 

Methods fb fc DupI DupII 

LGBP[10] 0.96 0.96 0.69 0.61 

WLGBP[10] 0.98 0.97 0.74 0.71 

ν1=0 0.88 0.87 0.39 0.21 

V1=1 0.94 0.96 0.56 0.41 

V1=2 0.95 0.96 0.66 0.56 

V1=3 0.96 0.96 0.70 0.64 

V1=4 0.94 0.94 0.67 0.61 

V1=3,V2=1,2,4 0.97 0.97 0.74 0.72 

 
In the original LGBP [10], five scales ν∈{0,1,…,4}and 
eight orientations µ∈{0,1,…,7}Gabor filters are used, 
which means 5×8×110 = 4，400 Gabor filters are used. 
In our experiment, in order to reserve more information in 
fovea and less information in periphery, four scales ν∈
{1,2,3,4}and eight orientations Gabor filters are 
employed for the 22 salient regions, while for non-salient 
regions, only one scale ν∈{3} Gabor filters are used. The 
reasons for choosing such scales can be found from Table 
1, which will be discussed in Section 4. Therefore there are 
totally 32×22+8×(110-22) = 1; 408 Gabor filters are 
used, only 32 percent of the original LGBP [10]. 
Histogram intersection as in [10] is used as similarity 
measure when we compare two face images. 

3.2 Face Recognition Based on Glance 

As discussed above, human are able to obtain the layout of 
a scene within a short glance before any fixations. The 
information gathered during glance are the global 
information of the scene. We represent such global 
information by the lower frequencies gotten by 2-D 
Discrete Fourier Transform (DFT), though some other 
global features such as GIST can also be used for this 
purpose. These features are further processed by Fisher’s 
Linear Discriminant Analysis (FLDA) [16] to reduce the 
dimension. 
Finally, the cosine of the angle between two feature vectors 
based on glance is computed as the similarity 
measurement. 
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3.3 Face Recognition by Integration 

The information gathered by fixations and glance, both of 
which are based on attention mechanism, are integrated 
into the final face recognition system. 
Similarity based on glance between two input face images 
can be represented as η(m1, m2), where m1 and m2 are 
feature vectors based on glance of two input face images 
respectively. And the similarity based on fixations between 
them can be represented as ψ(H1, H2), where H1 and H2 

are feature vectors based on fixations of two input face 
images respectively. Let ωG denotes the weight of the 
similarity based on glance, and then the combined 
similarity of the two face images can be represented as 
follows: 

( ) ( ) ( )1 2 1 2, 1 ,G GC m m H Hω η ω ψ= × + − ×    (2) 

4. Experimental Results 

Experiments are conducted on FERET database [17] to 
evaluate the proposed method. FERET database includes 
1; 196 objects, where the gallery set has 1; 196 face 
images, and the four probe sets are fb, fc, DupI and DupII, 
which has 1; 195, 194, 722 and 234 face images 
respectively. fb and fc were taken the same time as gallery 
with different expression and lighting respectively. The 
DupI were obtained anywhere between one minute and 1; 
031 days after their respective gallery matches. The DupII 
were those taken only at least 18 months after their gallery 
entries. 

4.1 Experimental Results of Fixations 

Several choices of the scales are used to represent the non- 
salient regions are tested. Table 1 shows that the 
experimental results on FERET database, where ν 1 

represents the scales used in all regions and ν 2 represents 
the scales used only in salient regions. It can be seen from 
Table 1 that, the 3rd scale has the best performance, and 
then followed by the 4th, 2nd and 1st scales, which is 
consisted with the studies that middle spatial frequencies 
provide information that is more useful for face 
recognition than are other frequency ranges [19]. 
Therefore we use the 3rd scale at all the regions of the face 
images and use the 4th, 2nd, and 1st scales in fixated 
regions additionally. The performance is better than 
original LGBP [10], which uses five scales in all the 
regions of the face images. The performance is also 
comparable with Weighted Local Gabor Binary Pattern 
(WLGBP) [10], which not only uses five scales in all the 
regions of the face images, but also different weights of 
different regions of each Gabor filter learned by Linear 
Discriminant Analysis. 

We perform another two sets of experiments to further 
illustrate that the salient regions selected by human vision 
systems are reasonable. One set includes two randomly 
selected salient regions (see in Fig. 4(b) (c)).The 
accuracies of the randomly selected regions on FERET 
database are shown in Table 2. The performance with the 
regions fixated by human beings is better than those with 
randomly selected regions, which is consistent with our  
 

 
Fig. 4  Different choices of salient regions. (a) Salient regions selected by 
human vision systems. (b) Randomly selected salient regions set 1. (c) 
Randomly selected salient regions set 2. (d) Salient regions selected by 
AdaBoost. 

Table 2: Different choices of salient regions random on the FERET 
datasets 

Methods fb fc DupI DupII 

Random Regions 1 0.95 0.96 0.68 0.61 

Random Regions 2 0.95 0.96 0.69 0.62 

AdaBoost 0.97 0.99 0.74 0.70 

Adaboost Selected 
Regions 0.98 0.99 0.74 0.70 

Fixations 0.97 0.97 0.74 0.72 

 

Table 3: The accuracies of integration on the FERET datasets 

Methods fb fc DupI DupII 

WLGBP[10] 0.98 0.97 0.74 0.71 

Integration 0.99 0.99 0.76 0.71 

 
 
intuition. The other set experiments are performed by 
AdaBoost[18]. The results of AdaBoost and those of the 
most largerest weights regions selected by AdaBoost (Fig. 
4(d)) are also shown in Table 2, both use the same LGBPs 
features. It can be seen that the performances of human 
selected regions are comparable to those of AdaBoost and 
AdaBoost selected salient regions. Please note that the face 
images used to collect eye fixations are not included in 
FERET datasets. Actually we hope that human beings are 
not so sensitive to datasets compared with machine  
learning algorithms (please note that AdaBoost are a little 
worse in the case of DupII, which maybe not been included 
in training set.) 

4.2 Experimental Results of Integration 

As mentioned in section 3, classifiers based on fixations 
and glance are combined to form the integrated classifier. 
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The weight of similarity based on glance ωG = 0.13. The 
choice of ωG is according to experience, and the 
experimental results are not sensitive to ωG range from 
0.10 to 0.15. The experimental results on FERET dataset 
are shown in Table 3. 
It can be seen from the results that, by combining the 
feature based on glance, the performance is better than 
WLGBP [10]. Experimental results demonstrate that the 
feature based on fixations and glance are indeed 
complementary for distinguishing faces, which is 
consistent with HVS. 

5. Conlusions 

This paper proposes a novel face recognition algorithm 
inspired by the selective attention of HVS. The regions are 
most likely to be fixated by human eyes are selected as 
salient regions. Motivated by the fact that fovea has a 
much higher spatial acuity than the periphery, a face 
representation based on spatial variant sampling is 
proposed to simulate such foveated imaging phenomenon 
of human eyes, where more information is reserved for the 
salient regions. Moreover, the information based on glance 
which adopts the low spatial frequency components of the 
image is integrated into the face recognition system to 
elicit a percept that occurs before any fixations. 
The experimental results on FERET database demonstrate 
that the proposed method achieves comparable 
performance with those of machine learning algorithm 
such as AdaBoost, which shows that the characteristics of 
the HVS provide valuable insights into face recognition. 
Though many valuable works have been done in selective 
attention and many computing models are proposed, there 
are few works that introduce such attention mechanism 
into face recognition and other object recognition. This 
paper is just an attempt to do such things. Please note that 
some components of the proposed framework can be 
modified. For example, LGBP [10] can be replaced with 
other alternative features to mimic fixations. 
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Abstract 
Recently, the shortcomings of current security solutions in 
protecting web servers and web applications against web-based 
attacks have encouraged many researchers to work on web 
intrusion detection systems (WIDSs). In this paper, a host-based 
web anomaly detection system is presented which analyzes the 
POST and GET requests processed and logged in web servers’ 
access log files. A special kind of web access log file is 
introduced which eliminates the shortcomings of common log 
files for defining legitimate users’ sessions boundaries. Different 
features are extracted from this access log file in order to model 
the operations of the system. For the detection task, we propose 
the use of a novel approach inspired by the natural immune 
system. The capability of the proposed mechanism is evaluated 
by comparing the results to some well-known neural networks. 
The results indicate high ability of the immune inspired system in 
detecting suspicious activities. 
Keywords: Host-based Web Anomaly IDS, Enhanced Custom 
Log File, Artificial Immune System, Negative Selection 
Algorithm, Neural Network. 

1. Introduction 

Nowadays, the World Wide Web (WWW) plays an 
important role in human life. Web applications are 
becoming increasingly popular in all aspects of human 
activities; ranging from science and business to 
entertainments. Consequently, web servers and web 
application are becoming the major targets of many attacks. 
Due to the growing number of computer crimes, needs for 
techniques that can secure and protect web servers and 
web applications against malicious attacks have been 
highlighted. Unfortunately, current security solutions, 
operating at network and transport layers, have insufficient 
capabilities in providing acceptable level of protection 
against web-based attacks. These issues have given rise to 
the ever evolving researches on web intrusion detection 
systems (WIDSs).  
 

A WIDS dynamically monitors the input requests to the 
web server in order to decide whether a given set of 
requests is indicative of an attack or represents a normal 
web surfing activity. As the web servers record all the 
requests processed by them in access log files, these files 
could be considered as a major source of information that 
can be analyzed by WIDS. In order to detect web-based 
attacks, intrusion detection systems (IDSs) can be prepared 
with number of patterns of well-known attacks. These 
systems are called signature detection systems. Signature 
based IDSs typically require a signature to be defined for 
every possible attacks that can be performed by an attacker. 
Moreover, the set of signatures should be updated 
periodically in order to keep the system reliable. Although 
these systems can effectively detect known intrusion 
attempts, they are unable to detect novel attacks. Hence, 
these systems are vulnerable to zero-days attacks. 
 
To overcome the shortcomings of signature based IDSs, 
anomaly detection systems are proposed for detecting 
unknown attacks. The anomaly based WIDSs try to build a 
profile of the normal states of the system and detect 
deviation from this normal profile that may indicate a 
suspicious activity. The main shortcoming of anomaly 
based WIDSs is that the false positive rate (proportion of 
events mistakenly detected as attacks) is usually higher 
compared to signature detection systems. Furthermore, it 
could be a difficult task to define what exactly a normal 
behavior is in complex environments.  
 
Generally, anomaly detection approaches consist of two 
phases: training phase and testing phase. In the training 
phase the profile of normal behaviors is built. Then, it is 
applied to new data in order to detect abnormal behaviors 
in the testing phase. Various techniques have been applied 
to solve the general problem of intrusion detection. These 
techniques include statistical based methods [1], data 
mining methods [2-4], Markov models [5], [6], grammar 
based methods [7], [8], Artificial Neural Networks (ANNs) 
[9], [10], and Artificial Immune Systems (AISs) [11], [12].    
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As mentioned earlier, access log files of web servers are an 
important source of information for WIDSs. There are 
some shortcomings to common access log files generated 
by common web servers such as Apache. The first problem 
arises when defining web sessions. As the boundaries of 
sessions are not clearly defined, extraction of web sessions 
from these log files is not a straightforward process. 
Although there are some heuristics, such as time out 
scheme [13] that can lead us to identify web sessions, these 
methods are not very accurate in practice. On the other 
hand, common log files do not contain the POST requests 
processed by the web server. Generally speaking, both 
GET and POST methods have a key point in interaction of 
users with web applications. In order to overcome these 
issues, a log file generator is introduced that eliminates the 
aforementioned drawbacks in order to generate a special 
log file called the Enhanced Custom Log file (ECL). The 
detailed information of ECL is discussed later. 
 
In this paper, an anomaly detection system for detecting 
web-based attacks is presented. In the training phase, the 
anomaly detection system takes the ECL as the input and 
builds a dataset to tries to learn how to distinguish normal 
behaviors from attack by considering three parameters. 
These parameters include: the number of values assigned 
to variables of each request within a session; the number of 
dual composition of characters, in windows of size two, 
from the values assigned to variables of each request 
within the session; and a window of size three from the 
users’ navigational path within the sessions. Finally, we 
apply an Artificial Immune System (AIS), introduced in 
our previous work [27], in order to equip the detection 
system to distinguish normal behaviors from the abnormal 
ones. In order to evaluate the capability of the system, the 
system is encountered with new patterns in the testing 
phase. Also, to prove the ability of the proposed AIS 
algorithm the results are compared to different well-know 
ANNs.  
 
The remainder of this paper is organized as follows. In 
Section 2, a review on some available IDSs is presented. 
Section 3 introduces the fundamental operations of the 
proposed anomaly based WIDS including data gathering, 
feature extraction and detection mechanism. In Section 4, 
the experimental evaluation of the proposed system is 
presented. Moreover, the detection ability of the system is 
compared to some common ANN. Finally in Section 5, we 
conclude our study. 

2. Related Work 

Generally speaking, an anomaly detector needs to have a 
proper definition of what normal behaviors are. To answer 
this question, there are two possible approaches. An 
anomaly detector can be provided by a set of rules or 
specifications of what is regarded as normal behavior 
based on the human expertise. This approach could be 
assumed as an extension of misuse detection systems. In 
the second approach, the anomaly detector automatically 
learns the behavior of the system under normal operations 
and then generates an alarm when a deviation is detected 
from the normal model [14]. 
 
Prior to introducing some related work, we should mention 
that the extendibility of a WIDS is proved when the 
training and test data are good samples of real world web 
attacks. Also, the attacks presented in these data need to be 
representative of variety of attacks that exist in current web. 
The most important datasets that has been used for 
evaluating IDSs are provided by DARPA/MIT Lincoln 
Laboratory in 1998 and 1999 [15]. These data are used by 
many researchers in intrusion detection researches because 
massive datasets are rare and also they provide an 
immediate comparison with the original Lincoln Lab’s test. 
As there are some inherent problems with this datasets [16], 
[17], some researchers improved their own attack database 
to supplement the attacks in the Lincoln Lab’s data [18]. 
 
Various features are proposed to be extracted from the 
audit data that is available in a particular system. Krugel et 
al. [19], proposed a service-specific IDS. In this system, 
the anomaly score of a request is calculated using three 
properties: type of the request, length of the request and 
payload distribution. In this approach, if the length of the 
request is longer than the average length, it is likely to be 
an attack. This approach is based on the observation that 
attack codes, which may cause buffer overflow, often 
contain a large number of NULL characters. In the case of 
a model for character distribution, the ASCII characters are 
grouped to 6 categories. Then a single uniform distribution 
model of these 6 groups for all requests of one service over 
all possible payloads’ length is computed. Finally, a chi-
square test is performed against this model to calculate the 
anomaly score of test requests. In a similar attempt, 
anomaly detection system proposed by Wang and Stolfo 
[14] models the normal payloads of the network traffic by 
profiling the byte frequency distribution of payloads of 
particular length, flowing a particular host and port. Then, 
the size of the model is reduced using a clustering method. 
In the detection phase, the Mahalanobis distance is used to 
calculate the similarity of new data to the normal profile.  
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The system proposed by Kruegel and Vigna [20], is an IDS 
that use similar features to our work. This system utilizes a 
number of anomaly detection techniques to detect attacks 
against web servers and web-based applications. The 
system analyzes the HTTP GET requests that use 
parameters to pass values to server-side programs. These 
requests are recorded in access log file of web servers. 
Multiple models are produced using a wide range of 
features of the mentioned requests. These features include 
the presence or absence of attributes (parameters), 
attributes length, attribute characters distribution, the order 
of attributes, access frequency, inter-request time delay, etc.  
 
Different algorithms are proposed to generate the normal 
model of the systems and distinguish the normal behaviors 
from the abnormal ones. As discussed earlier, some 
anomaly detection systems produce a statistical model for 
a system and detect large deviation from this profile [14], 
[19], [20]. The others use machine learning techniques or 
Markov chains in order to make a profile of normal 
operations of system [21]. The session anomaly detection 
(SAD) system [22] analyzes web access logs in order to 
detect anomalous web sessions. In this system, the 
Bayesian parameter estimation is adopted to build profiles 
of normal webpage request sequences. Then, the likelihood 
of each event is estimated based on previous probability 
distribution and an anomaly score is assigned to each event. 
The anomaly detection system presented in [23], have 
applied Markov chains in order to model the HTTP traffic. 
In the training stage, the packet payloads of the training 
data (normal data) are segmented into a number of 
continuous blocks. Then, a dictionary of these blocks is 
produced and a symbol is associated to each entry in the 
dictionary. Each segmented payload is represented as a 
sequence of corresponding symbols from the dictionary. 
The arrays of symbols are then used to train a Markov 
chain to capture the occurrence and the spatial appearance 
of each sequence within the data. In the testing stage, the 
obtained Markov model is used to evaluate the incoming 
HTTP traffic. In some researches, ANNs have been 
applied in anomaly detection, mainly due to their 
adaptability to changes in environments. Furthermore, 
ANN can model complex relationships between inputs and 
outputs and also find patterns in data by using non-linear 
statistical data modeling. Ingham et al. [18] also developed 
their framework for comparing different anomaly detection 
techniques based on their gathered data.  
 
In recent years, a growing number of computer scientists 
have applied immunological models to several domains of 
computer and network security [24], [25]. These systems 
are characterized by some interesting features such as 
adaptability, self-organizing and distribution. Among the 
AIS models, the Negative Selection (NS) algorithm has a 

high potential use in intrusion detection. The basic idea of 
this algorithm is to generate a set of detectors that are able 
to distinguish self (normal) from the non-self (abnormal) 
behaviors. Gonzales et al. [26], [25] proposed a real-
valued negative selection to generated non-self samples 
using the self data. A conventional classifier is then 
applied to detect abnormal patterns. 

3. Proposed Method 

In this section, different parts of the proposed Web Host-
based Intrusion Detection System (WHIDS) are described. 
The general view of the proposed system is depicted in Fig. 
1. As illustrated in this figure, the proposed WHIDS is 
composed of five major stages. In the first stage, with the 
assistance of the PHP log file generator, the HTTP streams 
recorded with their sessions in ECL format are fed to the 
system as input. In the second stage called the feature 
extraction stage, multiple features are extracted from the 
input data. In the training stage, a learning algorithm is 
employed in order to learn the states of the system 
regarding the features that are extracted in previous stage. 
The fourth stage involves analyzing the incoming sessions 
and comparing them to learned states models, built in 
training stage, in order to detect malicious activities. The 
last stage handles the output of the WHIDS. The output of 
the proposed system is an alarm signal for the system 
security officer when a suspicious activity is detected. The 
following sections describe the detailed information of 
each stage. 
 

 

Fig. 1  The general view of the propose WHIDS. 

3.1 Data Gathering 

Generally, in order to fully examine an IDS a suitable 
dataset is necessary. The key point is to accurately separate 
the normal data from the abnormal (attack) data. To 
achieve this goal, in the data gathering phase, the web 
applications and web server should be provided by a fully 
protected condition to ensure that we can gather the pure 
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normal user behaviors. On the other hand, in order to 
prove the capability of the system in detecting various 
attacks, the attack data should cover large range of today’s 
web attacks. 
 
As mentioned earlier, our anomaly detector analyzes a 
special kind of access log in order to build a normal profile 
of web sessions and also detect malicious activates. The 
reasons that the common log files (Apache log files) are 
not employed are as follows. First, the proposed WHIDS 
analyses both GET and POST HTTP requests received by 
the web server. Generally speaking, most PHP applications 
work with GET or POST methods and both methods are 
needed to be used alternatively for interacting with users. 
As the POST requests are not recorded in common log file 
of web servers, a new log generation mechanism is needed 
to record these requests in log files. It should be noted that 
there are other methods for interacting with web 
application such as HEAD and PUT, which are ignored 
because of their low importance. Second, the boundaries of 
sessions are not clearly defined in common log files. As a 
result, extracting web sessions from these log files is not a 
straightforward process. Although there are some 
heuristics, such as time out scheme that can lead us to 
identify web sessions, these methods are not very accurate 
in practice. 
 
Considering the aforementioned problems, we develop a 
module called PHP log generator, written in PHP language, 
in order to generate a log file that satisfies the needs of our 
anomaly detector. The output of the PHP log generator 
would be a special kind of log file called Enhanced 
Custom Log file (ECL). An ECL entry represents a request 
to the web server which belongs to a specific session. The 
fields of an ECL entry include: ID (sequence number), 
session identification (ID), client IP address, time of the 
request, date of the request, method of the request (POST 
or GET), host name, requested URL, query string (the list 
of variables and values which are passed to web 
application), network address translation (NAT) IP address, 
forward IP address, user agent, protocol, server port 
number, and client port number. 
 
     In order to clarify the functionality of the PHP log 
generator, consider the process of generating common log 
file in Apache web servers. This process consists of 5 steps 
(see Fig. 2). In the first step, a user writes his/her request in 
the URL and sends the request to the web server. In the 
second step, PHP interpreter receives the request and 
fetches the PHP file and interpret it to HTML. Then, it 
sends HTML file for the user. Prior to this step, the request 
is recorded in common log file in Apache web server. 
In the case of the method employed in this research, PHP 
log generator captures users’ requests before allowing the 

PHP interpreter to fetch the PHP file (see Fig. 3). 
Furthermore, a cookie is created which contains the session 
ID of the visitor. This cookie is stored in the user’s 
machine and helps the log file generator to recall the user 
in future connections; since each time the user sends a 
request, the session ID is enclosed in that request. It is 
worth bearing in mind that, expiration date of the cookies 
are settable by the log file generator when it aims to set 
session ID  of the cookie. 

 
In the method used in this research, the session is 
generated by PHP log generator and is then recorded in 
ECL. Since the session is a unique identity which is 
assigned to users, it allows us to track clients. Session 
generation has some difficulties when the client closes the 
browser and re-opens it again.  The process of restarting 
the session with closing and opening the browser can lead 
to mistake in tracking users. In other words, when users 
open and close the web browser in different times, more 
than one session are created and logged for them wrongly. 
To avoid this problem, the cookies have been used. By 
employing cookies, not only sessions are generated, but 
also they can be stored for a specific period of time.  

3.2 Feature Extraction 

In this section, the process of generating a dataset 
containing different features that are extracted from the 
ECL is explained. The dataset, which is generated by the 
system, can be used by other researchers as a benchmark. 
As mentioned earlier, three different features are extracted 
by the feature extraction module in proposed WHIDS. 
These features include: the number of values assigned to 
variables of each request within a session (Histogram); the 
number of dual composition of characters in windows of 
size two from the values assigned to variables of each 
request within the session (Double windows); and a 
window of size 3 from the users’ navigational path within 
the sessions (Markov windows). Consider that, in feature 
extraction process, input data are actually web sessions 
that can consist of multiple requests to the web server.  
 
Histogram:  Generally, a request to a web application may 
contain some variables and values. The length of a value 
assigned to a variable can be helpful in detecting 
anomalous requests. Generally, values can be either fixed-
size tokens (such as session identifiers that are entitled in 
the request to resume a session) or short strings 
representing human inputs (e.g. fields in an HTML form). 
As a result, the length of the values assigned to variables of 
a particular web application does not very much. The  
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Fig. 2  The processes of common log file generation in an Apache web server. 

 

 

Fig. 3  The process of ECL generation in Apache web server. 
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situation can be different when a malicious activity is 
occurred. As an example, in the buffer overflow attack, the 
length of the input value which is passed to the web 
application may vary from the normal range.  
 
Based on the above discussion, for the first feature that is 
proposed to be extracted from the ECL, called Histogram, 
we extract the variables’ values and count their character. 
These values are stored in a database whose columns are 
defined as particular intervals with the length of four. 
Intervals are assumed for the number of characters in each 
variable. For each variable in the requests of a session, we 
count the number of its characters. Then, the 
corresponding field’s value in the table of the database is 
incremented by one.  
 
As an example, imagine a login request in a session which 
contains a password variable assigned with the value of 
‘XXX’. As the length of the value for this example is 3, the 
value for the corresponding column, 1 ≤ x < 5, is increased 
by one in the row that is correspond to the session of the 
request. Consider that, after counting the length of each 
variable in a session, the vector that is corresponded to that 
session is normalized. That is why the range of output is 
between 0 and 1. The normalized value for each field in a 
vector of a session is calculated by dividing the value of 
that field by the sum of values over all the fields in that 
vector. 
 
Double Windows: Generally, the parameters that are 
passed to a web application have regular characteristic. As 
an example, they mostly contain printable characters. In 
the case of a malicious activity, the structure of the 
characters which are passed to the web application could 
be quite different. Moreover, many attacks would send a 
series of a single character. As a result, modeling how 
different characters can appear in a normal query can be 
useful in detecting abnormal occurrence of them.  
  
Based on the above discussion, the second feature that is 
extracted from the ECL is the number of dual composition 
of characters, in windows of size two, from the values 
assigned to variables of each request within the session. 
Generally, the characters that are allowed to be used as the 
value of a variable include ‘~’, ‘!’, ‘@’, ‘#’, ‘$’, ‘%’, ‘^’, 
‘&’, ‘*’, ‘(‘, ‘)’, ‘_’, ‘+’, ‘`’, ‘-‘, ‘=’, ‘[‘, ‘]’, ‘\’, ‘;’, ’'’, ‘,’, 
‘.’, ‘/’, ‘{‘, ‘}’, ‘|’, ‘:’, ‘<’, ‘>’, ‘?’, ‘"’, and the letters ‘a’ to 
‘z’. Here, we attempted to create all possible double 
composition of the aforementioned characters. In this case, 
3364 doubles can be created. As in the case of histogram, 
we have one column for each double and increment the 
counter of each column when the corresponding double is 
found in the value assigned to a variable of a request in a 
session. 

The high dimensionality of the produced table leads us to 
add columns to the table on demand. In other words, it is 
not necessary to add all possible doubles as a column to 
the table, but they are added only if they are seen at least in 
a window of values assigned to variables of a request. For 
example, if the word ‘admin’ is assigned to a value of a 
variable, the doubles that are added to the system will be 
‘ad’, ‘dm’,’mi’ and ‘in’. Fig. 4 (a) shows the table when all 
doubles are put into the table, whereas Fig. 4 (b) shows the 
table when doubles are added when they occur in the 
variables’ values. The advantage of the second approach is 
that many columns will be discarded and the produced 
table would be less sparse. Furthermore, this reduction 
decreases memory usage. 
 

 
Fig. 4  The schematic view of the doubles window table. (a) When all 

possible doubles are put into the table. (b) When doubles are added to the 
table on demand. 

Markov Windows:   Markov models are well-known as a 
method to capture the sequences of web navigation in 
anomaly detection systems. This model can detect 
unreasonable transition of user and mitigate authentication 
bypass attack. In addition to the sequence of web 
navigations, we consider the variables which are passed in 
the request by defining a new concept named treat.    
 
We consider various windows of the user’s navigational 
path within the sessions. Here, for the sake of efficiency 
the size of the windows are set to three. Assume that a 
website is included these pages: a, b, c, d, e, f, and g (the 
page a represent index.php or something similar). 
Accordingly, a user can have different navigational 
patterns for visiting pages (as an example a-b-c >> b-c-
d >> c-d-e >> d-e-f). As mentioned, we also consider the 
variables which are passed through the query in 
conjunction with the navigational path of the user and call 
these a treat. By introducing the treat concept in previous 
example, the page “index.php” will be changed to 
“index.php? variable1=”. Advantage of using treats instead 
of pages is that we can model the navigational path of a 
user in conjunction with the variables which are passing 
during this navigation. As an example, three queries: 
“index.php?var1=”, “index.php?var2=”, and 
“index.php?var1&var2=” are considered as different treat 
although the visited web page is identical in them (see Fig. 
5). In other words, it is possible to go from one page to 
another by passing different kind of variables without 
considering their values. 
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Fig. 5  The concept of treat against the movement. 

 
Fig. 6  The treat model. 

Eventually, we make a table of treats which are observed 
in sessions. Similar to previous features, all possible triples 
are not added as a column to the table, but they are just 
added when they have been seen in a users’ sessions. 
Hence, the table contains triples that have been generated 
at least one time by one user. It should be mentioned that, 
repeated triples will not be taken into account. Fig. 6 
represents two treats stored in the system. After specifying 
all triples in users’ sessions, we try to count the number of 
occurrence of each treats in each session. Hence, if we 
observe a particular treat in a session, the corresponding 
column, in the row related to that session, should be 
increased by one. Finally, the model is provided by 
normalizing these counts as explained previously. 

3.3 Analysis and Detection 

As it was mentioned before, the WHIDS system consists of 
an analysis and detection module. This module receives the 
dataset generated in previous stage as input and analyzes it 
to learn the normal behaviors and abnormal behaviors. In 
other word, we have divided the dataset to training and 
testing data. The training data is used to train the system to 
distinguish the normal behaviors from the abnormal ones. 
Finally, the test data is fed to the trained algorithm in order 
to evaluate the capability of the algorithm in detecting 
malicious activities. 
 
The analysis and detection module is completely 
independent from other parts, so it allows us to be able to 
alternate the learning algorithms. Previously, we proposed 
a real-valued negative selection (RNS) algorithm for 
binary classification [27]. We use this AIS algorithm as the 

analysis and detection module in the proposed system. 
Briefly, this algorithm tries to generate some real-valued 
detectors. We inspired by the universal gravitational law to 
spread the detectors in the problem space in order to cover 
the non-self space properly. The detailed information of 
this algorithm is presented in [27]. After generating the 
detectors from the training samples, the testing samples are 
presented to the detector set and are compared to them 
based on the Euclidean distance. The samples which are 
closed to detectors sufficiently are considered as a 
potential suspicious activity.  
 
In order to prove the capability of the immune inspired 
algorithm, this algorithm is replaced by some well-known 
ANNs. The results of the effectiveness of these algorithms 
in detecting suspicious activities are compared to each 
other in following sections. 

3. Experimental Evaluation 

In this section, we discuss our approach to evaluate the 
effectiveness of the negative selection algorithm in 
detecting malicious activities in web server log files. 
Moreover, we examine the capability of the features that 
are extracted from log files to capture the properties of 
attributes that have been collected in ECL files.  
 
Beside the proposed RNS algorithm, three different 
algorithms including Multilayer Perceptron (MLP), Radial 
Basis Function Network (RBFN), and Naïve Bayes (NB) 
algorithm are chosen to learn the dataset which is 
generated from the ECL log files. Both MLP and RBFN 
have been employed in network based IDSs. The reason 
that they are chosen is that, they proved to have high 
ability in detecting intrusion in the network based systems. 
Consider that, due to the independency of the detector 
system’s modules from the analysis and detection module, 
it is possible to change the algorithms employed in this 
part or use the combination of that algorithms as a new one.  
 
As described earlier, due to the special kind of the 
attributes that we defined to model the behavior of the 
system, we used ECL. Also, for producing ECL we 
designed a social website and collect access log files in 
ECL format. For evaluating the effectiveness of the 
detection system, we need both normal and attack data. 
Therefore in the first step, we provided the web server with 
a fully protected condition to ensure that we can gather the 
pure normal users’ behaviors. In the second step, we 
produced the variety of attack such as SQL injection, path 
traversal, command injection, XSS, etc. to a web server 
which in not under any external traffic for collecting attack 
data. After data gathering, we analyzed the log files to 
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extract features that are comprehensively described in 
previous sections. Finally, a dataset is generated which can 
be analyzed by different algorithms to learn and detect the 
system behavior. Table 1 provides details information of 
important properties of the generated dataset from the ECL 
files. The table shows the time interval during which the 
ECL files were recorded, the log file size and the total 
number of HTTP requests in the log file.  

Table 1:  The details information of the dataset used for evaluation. 

Dataset Time 
Interval Size (MB) HTTP 

Requests 

Normal Data 7 days 5 30,000 

Attack Data 7 days 21 156,700 

 
As it was mentioned earlier, three different categories of 
features are extracted from the ECL. The structure of the 
final dataset is as follows. There are 10 columns for the 
histogram. In addition, there are 1160 columns for doubles 
which 506 columns are share between attack, and normal 
and 654 columns are not share between attack, and normal. 
Finally, in the case of extracted treats, 30 fields or columns 
are shared as a normal and attack treat and 3474 fields are 
not shared. Among these non-shared fields 2486 columns 
are normal treat and 988 columns are attack. 

4.1 Detection Effectiveness 

An important key point in evaluating the system is 
choosing evaluation measures. Suitable measures can show 
real nature of the system and performance of algorithms. In 
this section, we compare the algorithms used in analysis 
and detection module from three different points of view 
including: the time they spend for learning the normal 
behaviors in training phase and detecting intrusions in 
testing data; the error of predicted value compared to the 
real value; and the measures revealing how much the 
system can detect anomalous behaviors.  
 
The testing technique, employed in all the tests performed 
in this section, is 10 times 10-folds cross validation, which 
can guarantee the generality of the results. In other words, 
we run each algorithm 10 times with 10-folds cross 
validation and the final values for evaluation measures is 
the average of these 10 runs. Also, in the case of the 
proposed RNS algorithm, the number of generated 
detectors in the evaluations presented in this section is set 
to 50. 
 
Execution Time:  One of the important factors in the field 
of WHIDS is time the system spends to model the 
monitored system. In WHIDS systems, the faster we are 
able to detect the intrusion, the sooner we can find the 

weakness points of the system and patch the holes. The 
time measure in WHIDS is the time that it takes for the 
algorithm to build a model for the training samples and 
predicting the status of the test samples. However, it is 
worth mentioning that, execution time alone, is not enough 
to evaluate an algorithm and the time should always be 
seen with the ability of the system in detecting intrusions. 
For example, if an algorithm is fast and needs a very short 
time to build a model but has a low ability in detecting 
anomalous behaviors, it cannot be a useful algorithm. On 
the other hand, an algorithm that takes an enormous 
amount of time to properly build the normal model and 
detect intrusions is unsuitable; since, by the time the 
intrusions are detected, the system may have been already 
damaged too much.  
 
Table 2 shows the execution time of each four algorithms, 
employed in analysis and detection module, over the 
dataset. As we can see in Table 2, among the four 
algorithms that were mentioned (proposed RNS, Naïve 
Bayes, RBFN and MLP), Naïve Bayes has the shortest 
execution time, followed by RBFN, NS, and finally MLP. 
In other words, MLP takes the longest time while the NB 
and RBFN spend a short time and proposed RNS is in the 
middle. It should be noted that, due to the very long time 
that MLP takes to respond, even if it performs very well on 
other measures, it cannot be an efficient algorithm for 
some environments.  

Table 2:  The detailed information of the dataset. 

4BAlgorithm 5BTime taken to build model (sec) 

Proposed RNS 297.95 

NB 0.20 

MLP 2973.40 

RBFN 9.30 

Error:  In this part different kind of error metrics are 
measured to evaluate the error in the prediction values 
compared to the real value of the test set. The results are 
compared for each algorithm in analysis and detection 
module. Consider that, in the case of the proposed RNS 
algorithm, the calculation of errors is not a common task. 
For this reason we ignore the calculation of error measures 
for proposed RNS algorithm. 

Therefore, three different error metrics are measured for 
each learning algorithm. The first metric is the Mean 
Absolute Error (MAE). As the name suggests, the mean 
absolute error is an average of the absolute errors and 
shows how the predicted values differs from the true 
values. The closer the prediction value to the true value, 
the smaller mean absolute error would be.  
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The second error metric employed in our evaluation is the 
Root Mean Squared Error (RMSE). RMSE is a measure of 
error that is used frequently for evaluating algorithms. It is 
similar to MAE since like MAE, it measures the average 
difference between prediction value and true value. 
However, there is one important difference between MAE 
and RMSE. RMSE is more sensitive to outliers than MAE. 
The RMSE is calculated such that the effect of the large 
differences between predicted value and true value are 
amplified. In other words, larger differences between 
predicted value and the true value have a greater power to 
affect the obtained value of error. On the other hand in 
MAE, errors of different sizes are all treated in the same 
way. Both RMSE and MAE are useful measures of error. 
However, in some situations using RMSE is more 
meaningful while in other situations using MAE is more 
appropriate.  
 
The last measure for reflecting the error corresponds to 
each algorithm in this evaluation is the Kappa Statistics. 
This metric is a statistical measure which shows the 
consistency between predicted and true value in a dataset. 
Also, it corrects the consistencies that occur by chance. 
High value of Kappa shows high consistency between 
predicted and measured values and indicates better 
performance of algorithm.  
 
Table 3 shows the results for the aforementioned error 
measures for each three learning algorithms. As suggested 
by this table, the predicted values by MLP algorithm have 
lower error in comparison with the other two algorithms. 
Moreover, the RBFN is more successful than Naïve Bayes. 
However, it should be mentioned again that the error 
measurements, like all other measures, cannot be used 
alone to evaluate an algorithm. As we discussed in 
previous section, the MLP spends an enormous amount of 
time to construct the normal model and gets the results. 

 Table 3:  The error measures for each three learning algorithms. 

Algorithm MAE RMSE Kappa 
Statistics 

NB 0.27502 0.52325 0.34114 

MLP 0.04959 0.18309 0.90605 

RBFN 0.05329 0.20916 0.89822 

Efficiency Measures:  In this section different kind of 
metrics are measured to evaluate the ability of the 
algorithms to learn the properties of the features of 
the data and also detecting the malicious activities. 
The results are presented for each algorithm in 
analysis and detection module.  

Generally, four situations can be assumed corresponding 
the relation between the result of an analysis for a sample 
event and its actual nature in an IDS. These situations 
include: false positive (FP), if the analyzed event is not an 
attack, but it is classified as a malicious activity; true 
positive (TP), if the analyzed event is correctly classified 
as intrusion; false negative (FN), if the analyzed event is 
malicious, but it is classified as a normal activity in the 
system; and true negative (TN), if the analyzed event is 
correctly classified as a normal activity.  
Considering these situations, two measures are defined that 
can represent the effectiveness of a detection tool. These 
two measures are the TP rate (recall) and FP rate (false 
alarm rate). The recall measure can be defined as the 
fraction of correctly classified instances to the total number 
of inputs that should have been classified as anomalous. In 
other words, recall is the fraction of true positive rates to 
the number of all cases that should have been classified as 
positive. On the other hand, the false alarm rate can be 
defined as the proportion of actually normal cases that 
were incorrectly classified as anomalous.    
There are some other measures that can reveal the 
effectiveness of the detection system. As instance, we can 
consider the Precision. The precision can be defined as the 
number of correct predictions divided by all the results that 
have been specified by the algorithm. A measure that can 
show the combination of the precision and recall is F-
measure, which is provided by taking the harmonic mean 
of these two values. 
 
 Table 4 represents the discussed measures for each of four 
algorithms when 10 times 10-fold cross validation test 
method was performed over the dataset. As suggested by 
this table, the MLP and RBFN are performing quite the 
same and they can excel the NB algorithm in detecting 
attacks correctly and not producing incorrect alarms. 
However, we can see that the false alarm rate generated by 
the MLP algorithm is slightly smaller compared to that of 
RFBN. Moreover, the recall and the precision, and hence 
the F-measure corresponding to MLP exceed that of RBFN. 
In additions, the proposed RNS algorithm has the highest 
values for recall and precision while producing the least 
false alarm. As a result, we can claim that the proposed 
RNS algorithm is performing more effectively in detecting 
malicious activities compared to other three algorithms.     
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Table 4:  The results of the efficiency measures for each four learning 
algorithms. 

Algorith
m Recall Precision F-

measure 

False 
Alarm 
Rate 

Proposed 
RNS 0.9679 0.9795 0.9834 0.0007 

NB 0.7449 0.7607 0.6862 0.4217 

MLP 0.9561 0.9571 0.9557 0.0610 

RBFN 0.9524 0.9533 0.9523 0.0656 

4.1 Discussion 

In this section we summarize the obtained results from the 
evaluation mechanism presented in previous sections. As 
discussed earlier, the execution time of the MLP is too 
higher than that of the NB algorithm and RBFN. 
Furthermore, we can see that the NB is the fastest 
algorithm in building the normal model and detecting 
anomalies. Also, the proposed RNS algorithm has a 
mediocre execution time. 
 
The errors of the predicted values for the NB algorithms 
are the highest among all three algorithms, indicating how 
NB is performing poorly in predicting the values for 
sample data. MLP is performing more accurately in 
predicting the values corresponding to data samples. 
Finally, the RBFN, with a slight difference from MLP, is 
performing quite powerfully in predicting the values for 
data samples. As discussed, the error measures are not 
calculated for the proposed RNS algorithm. 
 
On the other hand, from the efficiency point of view, the 
proposed RNS algorithm is performing more powerfully in 
detecting anomalous behaviors with generating fewer 
mistaken alarms compared to other three learning 
algorithms. As the results of Table 4 suggest, the ability of 
the MLP and RBFN are quite the same. Furthermore, we 
can conclude that the NB algorithm is performing poorly in 
detecting attacks, although it is the fastest algorithm.   
 
To sum up, we can claim that, from both the cost 
(execution time) and the efficiency points of view, the 
proposed RNS algorithm can be selected as the best choice 
for the analysis and detection module of the proposed 
WHID among the other three algorithms discussed in this 
paper. 

4. Conclusions and Future Work 

The main goal of this research was designing a host-based 
WIDS. We proposed to employ the enhanced custom log 
file in order to eliminate the inherent problems of common 
log files in defining web sessions boundaries. Moreover, 
ECL provides us with the POST requests along with the 
GET requests from the HTTP protocol. Different features 
were extracted from the ECL file which can represent the 
operations of the monitored web server. In this research, a 
dataset of normal and attack data were produced which can 
be used by other researchers in the field of WIDSs. Finally, 
we proposed the use of a novel RNS algorithm, inspired by 
the natural immune system, in order to produce a set of 
detectors that can cover the space of non-self (attack) 
properly and match to the non-self data and detect them. 
The results presented in this paper, proved the high ability 
of the proposed algorithm in detecting abnormal activities 
compared to some well-know and classical learning 
algorithms.   
 
The most significant improvement that can lead to fruitful 
this research in future is to prepare the system to perform 
in an online state. As discussed earlier, the AISs have some 
interesting characteristics, such as adaptability and self-
organizing, that make them attractive for working on data 
streams, such as HTTP streams, instead of stored data in 
an offline manner. This can also be a beginning for 
designing host-based web intrusion prevention systems. 
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Abstract 
In the new age one of the most challenging aspects of the 

information age is discovering the desired services with most 
accuracy and speed. In this paper a new semantic model is 
presented for the service discovering process in network centric 
warfare (NCW). The model is based on predefined ontology 
which is determined for the most important aspects of NCW in 
the application level. Services is based on a service oriented 
infrastructure and implemented as a grid which is developed as 
independent services. In the model, service discovery mechanism 
allows each of service agents to interact with its agent neighbors 
semantically and form a service chain for a specific task 
dynamically. The introduced model considered the semantic SOA 
which can overcome the undesirable time-delays and overhead 
corresponding to complexity of service discovery at 
heterogeneous environment such as NCW. 
Keywords: network centric warfare, brokering, service agent, 
ontology, semantic similarity function. 

1. Introduction 

       If we analyze the recent worlds, we come to this 
understanding that traditional war approaches cannot help 
us achieve the goals of the information era. The 
consequences of information era and the change of the 
notion of the power from technology toward informational 
concepts as well as transmission of power toward the edges 
of the system have caused profound changes in the 
management of organizations(specially in military fields). 
In the information era, the process of power establishment 
consist of getting row data, combining and processing 
those data for the purpose of  producing information and 
extracting knowledge from them, and making appropriate 
decisions and finally reconsidering the results for 
correcting the future decisions[1]. Considering the 
nonlinear and undetermined nature of the war environment, 
it should be noted that absence of sufficient accuracy and 
speed in each of the processes can reduce the efficiency 
and authenticity of the final decisions to a considerable 

degree. Network centric war (NCW) attempts to inject the 
concepts of information era into the war environment. It 
must be regarded that the purpose of NCW is not to exploit 
computer networks or to utilize automatic weapons; it is 
intended to exploit the smallest available weapons capitals 
and gaining benefits from such instruments by synergetic 
processes to reach the possible usage in other to satisfy the 
organization purposes. NCW consider the war 
environment a distributed, heterogeneous, and interactive 
environment that consist of cognitive and responsive 
agents in which using a common understanding and a 
situational understanding move toward the determined 
purposes. This society interacts in an environment based 
on reliance for an acceptable level of sensation and finally 
convergence toward the intention of commanding[2]. 
According to the great importance of providing 
information in NCW, it should be noted that providing and 
distributing incorrect information could be destructive to 
the same extent.  
One of the most important assumptions of modern war is 
sharing and sending information to existences of the 
system, without considering geographical and logical 
intervals. So, every legal existence should be able to access 
necessary information in everywhere in the network in any 
given time. As transparency, agility, weak connections, 
high accessibility and conformity are of the features of 
environments related to the modern wars, it is visible that 
architectures and common ancient approaches are not to 
satisfy such needs[3]. 

For increasing the capacity of flexibility and defining 
pre-conventions before hand service description and their 
relationship will be expressed by added semantic to the 
under analysis environment. The emphasis of semantic 
service on ‘meaning and content’ for adding semantic to 
the service is for creating understandable machines. 
Deducing semantic cause concurring on unsuitable time 
delays lead from environmental complexities like NCW. 

   In this paper at first we propose a semantic service 
brokering model for NCW,  then for service discovery in 
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the service layer of the model we will introduce the 
semantic similarity of domain ontology and use a heuristic 
algorithm for finding  neighboring  service agents in a 
decentralization manner for the discovery of services, 
without the overhead of negotiation, a service agent only 
needs to know neighbor  nodes he is connecting with and 
what the semantic descriptions of  neighboring  service 
agents are. The method of using semantic similarity 
provides a flexibility to allow individual service agents to 
perform flexible semantic matches. 

Because the algorithm allows individual service 
agents to only query neighbor nodes without the need of 
global knowledge, the strategy of the algorithm can let 
individual service agents have a self-adapting capability to 
different network structures. With low diameter and low 
average degree, small world networks have been found 
important in many fields such as road maps, electric power 
grids, metabolite processing networks, neural networks, 
and social influence networks etc. In this study, the 
description of the proposed algorithm in finding neighbors 
is within a small world network structure. The algorithm 
can adapt its connectivity within the small world network 
structure. Similarly, the algorithm can also be applied to 
other network structures by the self adapting policy.  

2. Related works 

   various works have been done in the realm of 
service brokering and recourse discovery in the service-
oriented systems that some of them will be discussed here. 

         In the presented architecture in [4] a method 
suggested whose quality service   parameters are analyzed 
by a function for discovering service suitability rate and 
the broking operation will be performed by this function. 
In suggested architecture of this article service requests 
will be presented to the broker and according to the 
suitability functions decide a service that maximize the 
amount of this function. 

    Article [5] devoted to the suggestion of a system 
whose broker according to the quality of service 
insurability dynamically monitor the network services and 
determine the best services for presenting to the those who 
request. suggested broker in this article is able to replace 
users connections with services when access is not 
achievable and provide an environment highly fault 
tolerance. In this article a light software broker for 
benefiting in the distributed environments is presented. In 
the presented strategy service quality of software (Qos) is 
centric that set on distributed service suppliers. 

    Authors of article[6] by classifying system services 
have considered a dynamic method based on service 
quality parameters that considered variant features of Qos 
in the system .on the other hand various works have been 

done in the realm of working with service-oriented 
environments considering mental models that are. two 
software broker of reliability and performance. reliability 
software broker can discover a software service 
dynamically that can provide the best efficacy according 
the effective and operational needs of clients of services. 
Software performance broker can supply service error 
tolerance for clients of the services by migration of service 
supplies of clients of the cervices between multiple 
software services. 

In article [7] a service-oriented environment for 
distributed multimedia operations is presented those 
cervices composition in this environment will be 
performed considering predetermined anthology according 
to the current system capabilities.  

In the presented methods meaning features for 
discovering services are considered .also service brokers 
from centralized methods to discover the service are used. 
we  propose a flexible approach  to discover services 
semantically by using a decentralized fashion. We employ 
ontology driven semantic description to describe services. 
The algorithm defines service agents as service carriers ,
allows individual agents to manage their connectivity 
based on local  knowledge by using semantic similarity 
(e.g., who is connecting  with him and what service the 
neighbor  is carrying, conveyed by  the semantic 
description?), and dynamically forms service chains  to 
complete tasks or jobs. 

3. The proposed Service Brokering Model for 
NCW 

Our proposed service brokering model is an ontology-
based five layered model as shown in Fig.3.1. As shown in 
the figure, system ontology has a pivot role from bottom to 
the top. From the NCW point of view, the application layer 
will be the NCW platform through which NCW is 
presented to the user. This layer is based on the NCW 
ontology to understand the conceptual structure on how to 
generate a common operational picture. User requirements 
and requests are injected into the other layers through the 
application layer. 

    Goal based layer is responsible for translating the 
received requests into goals[8]. This process is done using 
the  corresponding ontology from the ontology pyramid. In 
this process each goal may also be broken down into 
smaller goals  for further distributions through the 
brokering layer. 

    The brokering layer receives the generated goals 
from the upper layer and distributes the goals (some or all 
of them) among the brokering services. The brokering 
layer may be implemented as a brokering grid involving 
different services each one for a particular attribute. Our 
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proposed brokering grid takes advantage of five 
independent services according to five important attributes 
of availability, maintainability, performance, policy, and 
reliability[3].  

    The service layer contains the floating services on 
the overall system infrastructure. Web service is an 
appropriate technology for exploiting the SOA tenets, so 
this layer may also be called as web service layer. This 
layer includes all the web service containers and the web 
service cores, negotiating according to web service 
standards as WSDL, and SOAP protocols. Brokering 
services in the brokering grid conceptually can also be 
considered as a part of the service layer.  

    Communication layer refers to the underlying 
communication network. It is implemented as an IP 
network with varieties of protocols. The ontology pyramid 
also interferes the function of this layer to adjust 
communication protocols, routing strategies, etc. 

    Although the paper focuses on service discovery, 
the proposed model shown in Fig.3.1 can be applied for 
other NCW aspects as well. 

Fig.3.1 The proposed service brokering model for NCW. 

4. Ontology and semantic similarity 

Ontology is a formal structure that contains 
information about semantic description data. This structure 
contains a set of concepts and their connections. It can be 
used in the recovery of information that deals with users 
inquiries [9, 10]. Ontology O is defined as 

O ={C, , R, , A}, 
 Where C is a set of concepts, R is a set of 

relationships,  is a partial order on C and  is a 
partial order on R. Also, A is defined as a set of axioms 
[11, 12]. 

    Semantic similarity function is used for computing 
similarity between two concepts. Similarity between 
concepts shows degree of their common. Similarity 

function is defined as sim(x, y): C*C → [0, 1]. The output 
of this function is a real number in interval [0, 1] that 
shows the degree of similarity between two concepts x and 
y. The zero output means lack of sharing and output one 
shows complete similarity between two concepts [13-17]. 
The semantic similarity as follows: 

 
(4.1) 
 

In this function  p Є  [0,1]   determines the degree of 
influence of generalizations. α(x) is the set of nodes 
upwards reachable from x, and α(x) ∩ α(y) as the 
reachable nodes shared by x and y.   For more information 
refer to [18,19]. 

   For example, an ontology with hierarchical structure 
graph, as shown in Fig. 4.1, has 5 concepts and has ‘is a’ 
relationships. we define Weapon as a root node, and which 
has sub nodes including Air_weapon, Sea-weapon and 
Ground-weapon. Air_weapon also includes sub-nodes 
Bomber_weapon, Helicopter_weapon and Missile_weapon. 

  

 

Fig.4.1 An ontology example graph of weapon 

In terms of Eq. (4.1), the concepts Bomber_weapon, 
Helicopter_weapon have 3 reachable nodes from 
themselves, namely, 

α(Bomber_weapon) = 3,   α(Missile _weapon) = 3,  
α(Air_weapon) = 2,  α(Helicopter_weapon)  =3, 
α(sea_weapon) = 2, α(Bomber_weapon) ∩ α(Air_weapon)  
= 2,  α(Bomber_weapon) ∩ α(Helicopter_weapon) =2                 
α(Ground-weapon) ∩ α(Sea-weapon)  = 1. 

5. Description model for service discovery in 
service layer 

In this present article, NCW is modeled as a graph 
each of the nodes of which defines a service agent and 
each of the agents carries a specific service type. We 
assume k different service types existing in the system, 
which are displayed as {SR1R,…,SRKR}. It is noteworthy that 
service agents have the capability to find their neighboring 
nodes to form service chains needed for tasks. Tasks are 
distributed with a certain rate µ in the network and each of 
them needs m different types of services ( m ≤ k). 
Supposing that p tasks are distributed in the network, the 
tasks can be displayed as a p×m matrix, in which every 
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row represents a task and every column the type of the 
required service. As stated in [20], each node (service 
agent) may be in one of the three states “inactive”, 
“committed” and “active”, which can represented as STk = 
0, 1 or 2.  Inactive state means the node is a free node and 
not working on any task. Committed state indicates that the 
node is working on a task but the  service chain has not 
been completed. Active state means that the node is 
working on a task and the service chain has been 
completed. Here, we can define semantic similarity matrix 
as a n×n matrix whose elements represent the degree of 
similarity between service type needed for the task and 
service type of the service agent. Regarding the assumption 
that semantic similarity threshold is 1, the elements of 
semantic similarity matrix are 0 and 1, in which 1 
represents total similarity of service types and 0 indicates 
dissimilarity of the service type required from that of the 
service agent. The above model corresponds to the model 
presented in [20]. 

 

6. Proposed algorithm 

In this method at first a node will be chosen randomly. 
If this node be free and has one of the different types of 
services and also have a free neighbor capable providing 
another type of service in the task ,then this node will be 
set in the state of committed (ST=1) therefore this node 
send a “ready” massage to its free neighbor. until fully 
satisfaction services required for the task, every neighbor 
with receiving the message of “ready” from its neighbor 
make itself in the state of committed, and if having another 
free neighbor that can provide other types of services 
required for the task, it  will send the “ready” message to 
that neighbor .in the follow, the pseudo code related to the 
algorithm is represented. 

   In this part we give an example for better 
understanding of the algorithm. suppose that we have a 
network with 8 nodes that are numbered from 1 to 8. also 4 
types of services by numbers from 1 to 4 are distributed in 
this network. Now we suppose that a task that require four 
type of services {1,2,3,4}is distributed in this network. as 
the fig.5.2(a) shows  at first the node number 5 that has the 
service type 2 has chosen randomly ,because in the 
neighbor of this node (3,7)at least there is one node that 
can supply another type of task, therefore this node will be 
set in the state of committed (nodes that are set in the state 
of committed are shown by red color )then the node 5 send 
ready message to one of its neighbors (node7) and node 7 
after receiving this message set itself in the state of 
committed (fig.5.2(b)). regarding the services required for 
remained task {1,4}node number 5 to its neighbor (3) that 
has the service type 4 , send the ready message to this node 

and node number 3 will be set in the state of committed 
with receiving the message (fig.5.2(c)). node number 7 
based on the reminded service of task {1} analyze its 
neighbor and because the node 2 is free and has the service 
type 1, thus node 7 send the node 2 the ready message. 
This node also with receiving this message set in the state 
of committed and a chain with nodes of 2, 3,7,and 5 will 
be formed for the task(fig.5.2(d)). 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.5.1 The pseudo code of algorithm for service discovery 

INPUT task  
OUTPUT services chain for task requires 
ASSUME NK  is a node that selected at first randomly 
ASSUME STi  is state of node ith and STi  can be 0, 1 or 2 
ASSUME Si  is the service type of node ith 
ASSUME L is size of task requires( length of task) 
ASSUME A is a threshold for similarity function 
ASSUME TRm  is a service type in task requires 
Begin  Algorithm 
 Select randomly a free node (NK ) 
 If sim(Sk , TRK)> A Then 
  If NK  has a free neighbor (Nj) and sim (Sj , TRj) > A Then 
      STk = 1 
       NK  send message “ready” to Nj 
    End If 
 End If 
 While L > 1 
  If Nj receive the message “ready” from it,s neighbor Then 
    STj = 1 
    L = L -1 
  End If 
  If Nj has free neighbor (Ni) and sim(Si , TRi )> A Then 
    Nj send message “ready” to Ni 

  End If 
 End While 
End Algorithm 
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Fig.5.2 The scheme of the algorithm for forming a service chain 

6. The Results of Simulation 

In this section we will show the simulation results of 
represented model. In this simulation, first we consider a 
network with 64 nodes and 16 various service types that 
are uniformly distributed over the network. Also we 
assumed that each of the tasks needs 16 service types, the 
represented algorithm is applicable on every network 
structure and here we used small world network for 
applying our algorithm we create small world network 
graph with 64 nodes based on available methods in 
[21,22].in every experiment 10 different rate of task 
creation that is between intervals of [0.05,1] and load in 
every rate, 1000 tasks in the time step that is two times of 
required services(32). 

We analyze the relation of  task success probability 
under different task loading rate along with network scale 
with consideration of semantic similarity threshold one. 

We define task success probability as the ratio of 
number of  tasks completion and total tasks published. 

We consider the task complexity as the ratio of 
required services for the task and the variety of  services 
are in the network. Here we assume that task complexity is 
0.5. 

6.1 The relationship between task success probability 
and task load rates 

Here we analyze the task in different lengths of 4, 8, 
12, 16 and evaluate the success probability in similarity 
threshold of one. The results of these experiments are 
shown in the fig 6.1. 

    As you see X-axis is task loading rate and Y-axis 
show the success probability. From the figures we 
conclude that with increasing task load rate, success 
probability will decrease. 

6.2 the relationship between success probability and 
increasing the number of nodes 

Here we model nodes with the number of 64,128 and 
256 that contains 16 various service types that are 
uniformly distributed  and in every time step we send 1000 
tasks to them. 

    We considered success probability of task with 
regard to three different network scales and suppose task 
complexity has the fixed amount of  0.5 .the experiment 
results in the figure 6.1 show that X-axis is task loading 
rate and Y-axis show task success probability. As observed, 
when network scale increase, success probability will 
increase. 

 

Fig.6.1 The relationship between success probability and different 
network scale 
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7. Conclusions and future work 

service discovery is one of the challenges in service 
oriented environments. We obviated this challenge with 
using a perfect semantic model and a heuristic service 
discovery algorithm for forming a service chain for a 
specific task. The simulation results shown that with 
increasing the nodes number or decreasing task loading 
rates, the success probability of task completing is 
increasing. 

    The future work will focus on how to increase the 
security aspects in the proposed model and how to increase 
fault tolerance when a service in the service chain 
confronted with failure. 
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Abstract 

The projected paper considers a range-free localization protocols 
for the wireless sensor networks that highlights the localization 
irrationality problem in presence of obstruction. Here in our 
proposed research work the mobile anchor node is assumed to 
have the evidence of their position where an interaction protocol 
is considered. The proposed enables the presence of relay nodes 
with the beacon signals for the better optimization techniques 
by using the coordination ordinary sensor nodes and mobile 
anchor nodes simultaneously. The impediment consequence in 
the form of obstacle were studied with the transmission 
irregularities with the radical change algorithm for 
computation the localization errors in the range free localization. 
The significance of the current work considers the 
diversification of Sensor network topology. The performance 
analysis executed in various scenarios and our model was 
compared with DV-Hop, APIT, ROCRSSI, and Amorphous 
techniques. A simulation result in comparison with the existing 
system projected outperforms for minimizing localization error 
even in presence of obstacle. 
Keywords: Distance Vector-Hop, Localization, Mobile Anchor 
Node, Optimization, Range-based, Range-Free based, Wireless 
Sensor Networks.  

1. Introduction 

Estimating the node localization is an extremely 
significant task in this field. Node localization consider as 
one of the complicated issues in wireless sensor network. 
Localization is consider as  the fundamental services that 
is analogous to various operations such as cluster 
creation, routing, communication, coverage of network 
etc. With the aid of Cooperation [1], localization can be 
achieved with the help of sensor nodes itself without any 
involvement of humans. The critical issues in WSN 
operation is to determine the substantial locus of the 
sensor nodes as the position information will be deployed 
to find the locus at which the sensor reading originates as 
well as in any energy aware geographic routing. Various 

researches [2] towards application of sensor network also 
found that position estimation is information of interest.  

There were many algorithms on localization which has 
been discussed in past to provide localization information 
for every node. The protocols used in localization is 
classified into two categories e.g. range-based and range-
free method, in relation to the methodology deployed for 
estimation of the sensor nodes position information. The 
range based method is defined by protocols that deploy 
the absolute point-to-point range estimates or estimation 
for position. The range-free based method constructs no 
assumption about the availability or validity of such 
information. The range-free localization is being 
considered as a cost-effective alternative to range-based 
methods because of hardware limitation of deployment of 
WSN devices. Irregularity in transmission propagation as 
well as stringent restriction on cost of hardware has 
rendered localization a very challenging.  The range free 
localization is more capable and promising to achieve 
higher localization accuracy without introducing any extra 
hardware in comparison to range-based technique of 
localization which depends on received signal strength to 
calculate absolute point-to-point distance.  

Range free localization technique deploys information 
related to network topology as well as connectivity status 
for evaluating location. Low cost, no extra hardware, little 
communication traffic as well as flexible precision in 
position estimation is some of the advantageous features 
of range-free methods. Therefore range-free technique is 
considered to be most effective solution for the 
localization issues in wireless sensor network.  

In comparison to range-based approach, the range-free 
techniques facilitates sensor nodes to evaluate their 
position without depending on parameters like distance or 
angles [19] [3]. Such methodology normally requires 
various anchor nodes, that enable position unknown 
sensor nodes to estimate their position by using the radio 
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connectivity data among the nodes, or by comparing their 
RSS feeds with those supplied by neighbour nodes.  

Various research techniques related to arrival time 
difference, received signal strength, arrival time etc, has 
been already proposed [4] which also discussed about 
trilateration, maximum likelihood measurements methods. 
DV-Hop localization, APIT, Centroid localization, 
amorphous positioning etc is some typical algorithms. 
Based on the algorithm of DV-HOP, sensor nodes 
estimate their position based on the anchor positions, 
number of hops from anchor, and also the average 
distance per hop [4].  Amorphous positioning algorithm 
uses offline hop-distance estimations, improving location 
through a neighbor-information exchange [5]. 

Many localization schemes have proposed solutions 
which are based on assumptions may not valid in certain 
scenarios. Some of such assumptions observed as 
symmetric radio connectivity, circular radio range, 
absence of any obstacle, no line-of-sight, poor multipath 
and flat terrain [6]. Another research loophole in this area 
is lack of consideration of important parameters like 
deployment method of WSN, presence of reference points 
or anchor nodes, cost of localization, energy 
consumptions etc. As the sensor network is normally of 
static nature, so obtaining location information by each 
sensor node is often a challenging task.  

The problem of localization in wireless sensor networks 
has been studied and evaluated predominantly in 
simulators. Due to the severe hardware constraints 
imposed on wireless sensor nodes, real system 
implementations of the proposed simulated solutions have 
not produced encouraging results. Solutions that use the 
most tempting means of evaluating relative distances 
between sensor nodes - RF signal strength, have largely 
failed in practice, due to the unreliable nature and 
irregular pattern of the radio communication. Localization 
schemes that are based on the receive signal strength 
indicator (RSSI) have been, however, intensively studied 
in simulators [7]. Analysing from the above stated points 
about previous research results, therefore in this research 
journal, a framework for analyzing the mobility of mobile 
anchor assisted range-free algorithm for WSNs is 
proposed in presence of obstacles. Hence with deploying 
relay node, our proposed model can efficiently reduce the 
effects of obstacles on estimation of node localization.  

Furthermore, our proposed model can compute the 
positions of infeasible points caused by a complex radio 
transmission environment that is accepted as a problem 
when the localization inequalities are empty for the 
feasible set. The rest of this paper is prepared as follows. 
Section 2 presents related work followed by proposed 
model description in Section 3. The method is discussed 
in Section 4. In the Section 5 highlight the algorithms 
deployed in this research work followed by Simulation 

results in Section 6 and finally Section 7 will conclude the 
research proposal. 

2. Related Work 

Tian He [8] present APIT, a novel localization algorithm 
that is range-free and revealed that proposed APIT 
scheme of ours performs excellent under an irregular 
radio pattern and random node placement, and this result 
in low communication overhead. The work is compared 
using the state of the art via extensive simulation; range-
free localization schemes recognize the most suitable 
system configurations of each. In addition, the effect in 
the case location error of routing and tracking 
performance is also studied.  

Huang [9] presented a complete description of standard 
DV-Hop and clarified some gaps in previous papers. The 
major source of errors in standard DV-Hop is identified 
and two enhancements are proposed: the anchor 
placement strategy and Weighted DV-Hop. With the 
anchor placement strategy, the research work had 
achieved an optimum result with less number of anchors. 
This will result in a cost-effective implementation. 
Chong Liu [10] propose a ring-overlapping, range-free 
approach using based on relationship of Received Signal 
Strength Indicator (ROCRSSI) which achieves more 
accurate location estimation than existing high 
performance Approximate Point in Triangle (APIT) 
method. Chong Liu [10] has performed thorough 
performance evaluation on two novel range-free 
localization methods, APIT and Ring Overlapping based 
on comparison of ROCRSSI. Evaluation results show 
that ROCRSSI outperforms APIT in terms of estimation 
accuracy and communication overhead under the same 
configuration, and it also greatly alleviates the inherent 
.uncertain node problem of APIT.  

Chia [11] demonstrated that the range-free localization 
mechanism without using distance or angle information 
was also able to achieve fine-grained accuracy. The 
average location error (less than 1 meter) was also 
competitive to other range based approaches that 
typically require extra hardware for the deployed sensor 
node. Gideon Stupp [12] propose an estimate for the 
protocol based on arrangement which does not require 
any preliminary steps and prove that its expected 
accuracy converges protocol improves as the number of 
anchors increases. Keshtgary et. al. [13] review range-
free localization methods to assess the performance of 
two important methods: “amorphous” and “DV-hop”.  

In the proposed method we reflect some parameters like 
energy consumption, localization accuracy, and network 
overhead. In the recent papers localization methods is 
mostly concerted on localization accuracy where a 
consideration of a group of evaluation parameters, 
energy consuming, and network overhead in addition to 
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the location accuracy is considered. Andrija e.t. al. [14] 
tackle the problem of RSS uncertainty, proposed a 
localization method based on fuzzy set with an 
improvement of the ring overlapping scheme. The 
deployed fuzzy set theory is to model relationship 
between localization regions and the RSS information 
available to the sensor node. The research paper has 
described a novel fuzzy set-based range-free localization 
scheme, which is termed as Fuzzy-Ring. Fuzzy-Ring 
requires a heterogeneous wireless sensor network 
composed of two sets of distributed static nodes across a 
planar sensing field: the position of anchors, i.e. the 
nodes whose locations are known, and the set of sensor 
nodes, whose locations are to be determined. The results 
obtained from simulations demonstrate that our solution 

improve localization accuracy in the presence of radio 
irregularity, but even for the case without radio 
irregularity. Wen-Yuan Liu [15] proposes an enhanced 
DV-Hop algorithm based on the selection of beacon 
nodes.  

In this paper the proposed range-free and convex 
optimization approach ensures the minimum localization 
error. The result of simulation shows that this method 
can choose a better combination of beacon nodes to 
locate unknown nodes in the network, and can greatly 
improve the localization accuracy of the unknown nodes. 
The Table 1 highlights the comparative analysis of 
previous research work in localization areas carried out 
the wireless sensor networks. 

TABLE 1: COMPARATIVE ANALYSIS OF PREVIOUS WORK 
Authors Considerations Target of Research Results Obtained 

Tian He [8]-2003 RF Localization, Irregular radio 
patterns, random node placement 

Effect of localization on 
routing & tracking  

[Simulation] 

Good Accuracy but slight 
performance degradation 
observed 

Huang [9]-2008 RB localization, Probabilistic 
Technique 

Security issues in 
localization process 
[Simulation] 

Location of node is 
estimated on Beacon instead 
of sensor, obtain less than 
50% localization error, 80% 
coverage on very sparse 
network of density 4 

Chong Liu [10]-
2007 

RF localization, RSSI, overlapping 
rings and their intersection, irregular 
radio patterns 

Real time implementation 
using Mote Sensor 

[Real-Time] 

Enhance performance than 
Tien He [5] work. 

Chia [11]-2008 RF localization, anchor broadcasting 
its location information in its 
movement, Mobile sensor network  

Localization for mobile 
sensor network  

[Simulation] 

No dependency from 
Hardware, interaction 
between nodes, and network 
densities. 

Gideon Stupp 
[12]-2005 

RF-localization, random sensor 
distribution, Anchor broadcasting 
position info, positioning uncertainty 

Localization improvement 
of basic intersection protocol 
[Simulation] 

Less Network overhead in 
localization process 

Keshtgary [13]-
2011 

Hop based RF-localization, 
localization accuracy, energy 
consumption, N/W overhead 

Comparative analysis of 
localization w.r.t Amorphous 
and DV-Hop 

[Simulation] 

Amorphous is more 
accurate than DV-Hop in 
non-uniform and high 
diffusion network, 
Amorphous consumes less 
energy; DV-hop has better 
accuracy than amorphous if 
Anchor nodes are increased. 

Andrija [14]-2010 RSS-based RF localization, fuzzy set 
theory 

Enhancement of Chong Liu 
[8] 

[Simulation] 

Fuzzy rings perform better 
than ROCRSSI, no 
consideration of level of 
fuzzification. 

Wen-Yuan Liu 
[15]-2010 

Physical location relationship 
between beacon nodes, relative 
position relationship between unknown 
nodes and beacon triangle 

Improved DV hop 
Algorithm 

[Simulation] 

Improved localization 
accuracy of unknown nodes. 

Lutful Karim e.t. 
al [18]-2010 

RF energy efficient localization 
technique 

Implement Range-free 
Energy efficient, Localization 
technique using Mobile 
Anchor Comparative analysis 
with Neighbour-info-based 
Localization System 
[Simulation] 

RELMA is more energy 
aware and accurate than that 
of NBLS - an existing 
Neighbouring information 
based localization approach. 
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3. Proposed Model 

The proposed model presents a unique localization 
framework considering the presence of obstruction in 
environment of wireless sensor network with random 
node placement and irregular radio patterns for 
minimizing estimates of range free localization errors.  
The mobile anchor nodes [19] are those nodes which are 
in frequent movement in the wireless network and 
periodically broadcast beacon message, including their 
current location approach.   

The sensor node of different anchors, which may show 
various patterns [20], is considered to be disturbed by 
various anisotropic factors. The framework will include 
mobile anchor evaluation, distance evaluation as well as 
location estimation. One of the significance of the current 
work may be formulated considering diversification of 
Sensor network topology which was not considered in the 
previous research work (See Table 1). The network 
topology might be isotropic where the properties of the 
proximity measurements are identical in all direction 
where as Anisotropic network condition is just opposite of 
isotropic network. When the mobile anchor node is in 
listening mode from the normal sensor node based on this 
scenario of classification of sensor, the framework will 
estimate the distance of mobile anchor for each types of 
classification.  

Assumptions made for this proposed networks is: 

i. Anchor nodes are mobile in the network over 
complete runtime. 

ii. The nodes are having omnidirectional 
communication range. 

iii. Obstruction can be deployed in any position in 
the networks 

iv. All sensors are deployed randomly. 
 

3.1 Aim of the Proposed Work 

To design a new approach towards localization scheme 
that localizes the randomly deployed sensor nodes and 
evaluates the performance for minimizing the localization 
error. Ultimately, the proposed model will analyse the 
location of sensors by estimating the position of a target 
object by evaluating the temporal difference of advent of 
a signal released from that target object to multiple 
receivers. The proposed framework consists of two 
different types of input. The first input will be estimation 
of location or hop counts resulting from mobile anchor 
initiating flooding and the second input will be 
broadcasting of first input to its entire respective 
neighbourhood giving the final output which is estimation 
of location. Nodes are evaluated with respect to the 
location of boundary nodes for the estimation of location 

error. The proposed localization scheme can also be 
mapped as distributed elucidation as both flooding and 
local broadcast is exceptional cases of restricted flooding.  

4. Methodology 

The proposed approach discusses about issues in 
localization which is based on mobile anchor nodes with 
diversified transmission energy in presence of any 
obstructions. Therefore this issue can be effectively 
altered to problem of solving a set of quadratic 
inequalities. In such previous research work [16] [17], 
majority of the methodology considers that set of 
quadratic inequalities must have solutions, which is not 
always feasible while majority of the consideration are in 
range-based localization. Another significance of the 
current research work is that the previous researches have 
not considered the analysis with existence of obstruction 
in wireless sensor network.  

Let us assume that the network of n non-anchors and m 
anchors nodes are present, where for every pair of dual 
nodes, the framework has introduced (based on 

measurements) the upper bound kjdmax and lower bound 
kjdmin  to the Euclidean distance between ak and xj, and 

upper bound ijdmax and lower bound ijdmin  to the 

Euclidean distance between xi and xj. Then, the model 
of the localization problem can be defined as per equation 
no. 1, 2 & 3. 

}{min
1 1
∑∑ ∑ ∑
= ∈ = ∈

+=
m

k Nj

n

i Nj
ijkjx

k g

eeJ   

       (1) 

With a condition that  

^

2max2
^

2min ,)(||||)( ijijjiijij edxxed +≤−≤−    (2) 

iNjji ∈≠∀ ,  

,
2max2

^
2min )(||||)( kjkjjkkjkj edxaed +≤−≤−  (3) 

kNjjj ∈∀ ,,  

Where ekj ≥ 0 and eij ≥ 0 represents localization errors 

in sensor position estimations, ˆxi and ˆxj are estimated 

positions of nodes i and j, respectively, and Ni, Nk are 
groups of neighboring nodes. Let X = [x1, x2 . . . xn] be 
the 2 × n matrix that needs to be evaluated where the issue 
of localization may be transformed and formulated in 
matrix form.  
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5. Algorithm Description 

The proposed framework assumes that the sensor node 
can identify the boundary node as only such nodes can 
relay beacons from mobile anchor nodes based on 
boundary location algorithm [18]. Using distributed 
contention process, the boundary node will tend to 
retrieve the coordinates of the position of the node. Node 
density as well as transmission energy will play a vital 
role in localization.  

Node density as well as transmission energy will play a 
vital role in localization. Boundary node sets a stay timer 
after receiving a beacon from mobile anchor node, which 
defines the temporal factor where the node must stay 
before retransmitting the current position co-ordinates. 
The stay timer Ts will be estimated by following equation 
no 4: 

      (4) 

C1 and C2 are coefficients which provide diverse cost for 
different parameters. The specific values of C1 and C2 
can be configured based on which characteristics are more 
significant for users: power equilibrium or coverage 
effectiveness. In total, C1+ C2 = 1 which shows that 
greater remaining transmission energy and a neighbor 
node density will result in a shorter stay time. The 
candidate boundary node will broadcast beacon signals in 
case they don’t receive any beacon signals from the other 
sensor nodes during its stay timer. Not only this, the 
contention will be terminated by the other boundary nodes 
in case they hear retransmitted of the beacon. Therefore, 
node with highest priority will retransmit first and serve 
as a relay for mobile anchor node’s beacon signal. This 
technique ensures that guaranteed delivery of mobile 
anchor node’s location co-ordinates to certain areas that 
cannot directly receive mobile anchor communication. So, 
the unidentified-location sensor node in these specific 
areas can obtain a set of inequality constraints on x:  

,|||| relayiii RRaxr +≤−< i=1, 2, 3. . . n (5) 

Where, R-relay is the current transmission radius for the 
relay node as per equation no 5. Depending upon this 
methodology, the application can efficiently decrease the 
impact of the obstruction on node localization and thereby 
enhance the location accuracy and minimize errors in its 
estimation. The algorithm can be given as: 

5.1   Pseudo code for finding intersection points 
 

for (every node) 
 initialize creation of Sensor Network topology 

(ST); 
  declare total nodes, length, width; 
 simulation area (SA) = length x width; 
for (every ST) 
 initialize Transmission radii (RT) and 
Transmission Area (AT);     
 if (RT<SA) 
  RT = 2 x AT; 
  while (inside AT) 
 plot Sensor Node; 
Declare obstacle size; 
 initialize obstruction position coordinates [Obx 
and Oby]; 
  plot network topology (ST`); 
for (every ST`) 
  estimate Mobile anchor path; 

for (every mobile anchor path)  
   compute one-by-one mobile anchor 
position; 
 while (inside AT) 
  plot dynamic readings for positions 
captured by interface 
  plot network trajectory set of each node which 
receives beacon from mobile anchor node. 
  dx,y=cal_dist[X, Y] for both anchor and 
normal node. 
 if (dx,y<AT && d>RT)  
  plot intersection point 

 

5.2   Pseudo code for Estimating Localization Error 

 
if (dx,y<AT && d>RT)   
dx,y= sqrt {(x-aix(i))2+(y-aiy(i))2} 
  sum= (dx,y- r) 2+(dx-R) 2 
  sum= sqrt {sum} 
for (every ST) 
 for (every ST`) 
  while (inside AT)   
   x1= newBoundaryNode.x; 
   y1=newBoundaryNode.y; 
  plot nodes which receive beacon from anchor 
nodes; 
   relay the co-ordinates from the neighbor 
nodes;  
  identify obstacle and estimate location error 
LE=1/N {Actual Position-estimated position} x 1/RT; 
 compute Error for localization; 
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6. Performance Evaluation 

In this section, we evaluate the proposed model in terms 
of localization accuracy and the error estimate in the 
presence of obstacle and without obstacle considering 
neighborhood size and compared with the DV-Hop [9], 
APIT [8], ROCRSSI [10], and Amorphous techniques 
[13]. We first present the simulation model along with the 
performance result as follow. 

6.1  Simulation Model and Performance 
Measures 

In this section the proposed framework simulation has 
been carried on Intel Pentium Dual Core E2160 CPU with 
1.8 GHz and 2 GB RAM. The architecture is designed in 
Matlab 7.2 considering, where 100 sensor nodes will be 
distributed randomly in a two dimensional simulation area 
of size 100 m x 100 m with specific transmission radii (R) 
and transmission area (r) deployed for mobile anchor 
nodes. We evaluated the performance of the proposed 
framework with many empirical tests in various scenarios 
by changing the sensing transmission range radius and 
obstacle orientation.  The simulation is considered both 
with obstacle as well as without obstacle.  

• Network initialization size:- 

• Node dimension size 100 X 100 m 

• Node size: 100 X 100; 

• Obstacle size: 20 to 90; 

• R= 2 X r; where r is the maximum transmission 
radius 

    (6) 

Figure (1) and Figure (2) shows the simulation results in 
both scenarios of without and with obstacle respectively.  

 

Fig 1.Simulation Results considering without Obstruction 

The actual node is shown by circle and the estimated node 
is shown by asterisk. The line joining the actual and the 
real node position represent the estimation error as per 
equation no 6. 

 

Fig 2. Simulation Results considering in presence of Obstruction 

6.2  Simulation Results 

In this section simulation results are presented and 
analyzed. The simulation was then analyzed for both 
mobile anchor nodes as well as normal nodes. The motive 
behind this is to evaluate the correctness of our approach 
of deployment of nodes in wireless sensor network where 
localization accuracy strongly depends on location of the 
node in the network. The error percentage indicates the 
percentage of maximum transmission radius. 

TABLE 2: COMPUTING TIME AND LOCALIZATION ERROR—VARIOUS 

DEPLOYMENT OF ANCHOR NODES 

Mode Average 
Localization Error 

[%] 

Average 
Computation Time 

[s] 
Even 

distribution 
2.76 3.04 

Random 
distribution 

14.996 5.26 

The above Table (2) represents average localization error 
estimation (%) along with reading of Average 
Computation time (s) for various passes of simulations. It 
can be easily observed that the results are quite varying 
for which it will not be recommended to deploy distance 
based localization methods to networks with randomly 
distributed mode of deployment of mobile anchor and 
normal nodes. Estimating along with computation time 
will be required as in case of very large scale of sensor 
network area, computation time can restrict the 
application for centralized localization techniques.  
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The performance of the designed application is evaluated 
using different numbers of mobile anchor nodes which 
gives various result sets for location error.  

 

Fig. 3. Impact of the network size on localization accuracy 

This evaluation as shown in Figure (3) shows that the 
when the quantity of mobile anchor nodes are increased, 
the feasibility of location errors decreases. This represents 
that increase in mobile anchor node-density will make the 
localization more accurate. 

The localization accuracy is analyzed with varying the 
values of transmission range to evaluate impact of 
transmission value on estimating localization errors on 
range free based techniques.  

The variation of the estimated localization error is shown 
in Figure (4) when the transmission range increases with 
various obstacles or noises. 

 

Fig. 4. Impact of the radio range on localization accuracy 

The higher transmission level benefits will reduce 
beyond a specific point. The graphs explain that 
localization error estimation is minimized or to some 
extent render it uniform with the increase of transmission 
range. 

The next phase of evaluation is done by considering 
magnitude of nodes in presence of obstructions which 
affects the accuracy of localization techniques as shown 
in Figure (5).  

 

Fig. 5 Impact of Obstacles on localization accuracy 

The next performance analysis is done by comparing the 
proposed technique with previous DV-Hop [9], APIT [8], 
ROCRSSI [10], and Amorphous techniques [13].  

The Figure (6) represents the performance of the proposed 
technique with the previous research technique of 
localization. For this evaluation, the APIT scheme is 
modified for which each mobile anchor and node requires 
broadcasting once to see that APIT performance shows 
higher peak. 

 

Fig 6. Average Localization Error Vs Obstacle 

When the same evaluation is repeated with DV-Hop, 
ROCRSSI, and Amorphous, it can be observed that 
performance of Amorphous is comparatively better for 
estimating localization in presence of obstruction. In order 
to convert hop counts to Euclidean’s distance; the 
program will compute average distance per hop 
considering range free techniques. Mobile anchor conduct 
the location and hop count information inside the network 
topology. So it can easily seen that performance for 
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reducing localization errors is relatively reduced in our 
proposed system in comparison to tradition range free 
localization techniques. 

 

Fig 7. Average Estimated Error Vs Anchor Head 

The final performance analysis we shown in the Figure 
(7) an idea about the consequence of neighbor nodes in 
estimating localization under various mobile anchor head. 
In this operation, once the mobile anchors quantity is 
computed, the hop displacement will be estimated using 
local averaging.  

 

Fig 8. 3D Plot of Average Estimated Error Vs Anchor Head 

From the 3D plot of the Figure (8) represents the 3D plot 
of average estimation for error is increased when the 
numbers of neighborhood increases. But it can be stated 
that mobile anchor nodes should not be incremented 
exponentially or else it will increase the network 
overheads much for seeking much better localization 
estimates result. Our result is better than the average 
localization error computation method. 

The idea behind this localization performance evaluation 
is to find the best possibilities range free localization 
technique. The existing range free schemer fails in 

anisotropic wireless sensor networks. By consideration of 
geometrical feature of the network with the neighboring 
nodes hop the estimated position could able to compute 
which can minimize the localization error. The aim of this 
localization methodology is to create novel energy 
efficient architecture for the future wireless sensor 
network that can include the optimum performance factor 
with respect to proposed localization method and the 
other research characteristics that is about to propose. 

7. Conclusion and Future Works 

In this paper, the proposed model analyzed localization 
errors for wireless sensor nodes in the presence as well as 
absence of obstacles in anisotropic networks.  The model 
was initially simulated in sensor network environment in 
absence of any obstacle, where records show that 
estimation of exact position is very satisfactory. The 
efficiency of the proposed system is experimented in 
various scenarios of previous range free localization 
techniques. In this paper we compare the result with the 
APIT, DV-Hop, ROCRSSI, and Amorphous methods. 
The performance analysis shows that our proposed 
technique has better results for localization estimation 
even in less node density which is a contrast version of 
amorphous techniques.  The interesting part of the 
simulation is that when the test is conducted in various 
pattern of obstacle orientation within the network, the 
proposed approach shown minimum localization error.  
We believe that our design will make the range free 
scheme more practical for large-scale WSNs. The future 
work will consist of modeling the same with multiple 
obstructions under the same simulation. 
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Abstract 

Knowledge of the foetal heart signal prevents Foetal problems 
in the earlier stage.  Recently, there has been a growing interest 
study on extraction of FECG using noninvasive method rather 
than the old invasive method which was more risky for the 
mother’s health. The problems of extraction of the Foetal signals 
are the problems that plagued researchers in the field of signal 
processing. The Objective of this paper is to develop a technique 
for auto extracting FECG signals based on adaptive filter and 
simple Genetic algorithm. Practical method for extraction using 
computer simulations is proposed. A program for carrying out 
the calculations was developed in MATLAB. The testing of the 
algorithms was done by using real data from SISTA/DAISY and 
Physionet. The proposed technique for extraction of FECG was 
useful and the results appear to agree with the mean values of 
FECG. 
Keywords: FECG, AECG), TECG, surface potentials, Genetic 
Algorithm (GA), processing communities, and cutoff frequency. 

1. Introduction 

Foetal Electrocardiogram (FECG) [4] extraction is an 
interesting but a difficult problem in the field of 
biomedical signal processing. It’s a technique for obtaining 
important information about the condition of the foetal 
during pregnancy by measuring the electrical signals 
generated by the foetal heart as measured from multi-
channel electrodes placed on the mother’s body surface.  
Perhaps the question that comes to mind is, “what is the 
importance of studying the FECG?”. This is because the 
heart is the most important organ in an animal’s the body 
and if it stops for a few minutes, it may lose its life. Thus it 
is imperative to detect the importance of heart problems 
before it’s too late. Heart disease is classified as the most 
dangerous to human life, of all diseases in the world [2]. 
The importance of understanding cardiac 
electrophysiology is basic to all clinicians whether in 

postnatal (pediatric or adult) or prenatal (foetal) medicine. 
The development one in the latter in terms of screening 
and monitoring purposes is not only an act of preventive 
medicine, but also to allow further progress in 
understanding the foetus as a patient [5]. 
The problem is how to diagnoses the foetal life in the 
mother’s abdomen The most common symptom of foetal 
death in most of the cases is the decrease in foetal 
movement which is only diagnosed by examining the 
absence of cardiac activity in foetal’s heart. 
In clinics today, two techniques are generally being used to 
detect the foetal heart beat; these include Ultrasound and 
Foetal Electrocardiography (FECG). Ultrasound provides 
only the images but does not confirm whether the foetus is 
alive or dead, especially if the foetus falls asleep for long 
periods [3]. Furthermore, ultrasound techniques require a 
trained technician/physician that can frequently reposition 
the transducer. Therefore, it cannot be done in a home 
environment which could be beneficial for problematic 
pregnancies. Foetal Electrocardiography (FECG) can be an 
attractive candidate to measure heart conduction signals by 
means of ordinary electrodes placed on the mother’s 
abdomen.  

2. Recording of the foetal ECG 

There are two methods used to of record Foetal ECG 
(FECG). The first one relies on placing an electrode in 
direct contact with the scalp of the foetal. This is named an 
invasive technique that can only be used during labor. The 
second one is non-invasive which involves attaching 
electrodes on the maternal abdomen. The signals recorded 
by invasive methods have better quality as compared with 
noninvasive methods; but the procedure is rather 
inconvenient and it’s limited to recordings during labor 
[18]. For this reasons the procedure for obtaining the 
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FECG should be non-invasive. The foetal heart is small so 
the electrical current it generates is very low. In order to 
record the FECG, electrodes are placed on the maternal 
abdomen as close as possible to the foetal heart. The 
FECG may be acquired by placing a number of electrodes 
around the general area of the foetal and hoping that at 
least one of the electrodes will have the FECG with high 
enough SNR. Beside the problem of electrode placement, 
noise from electromyography activity affects the signal due 
to the foetal low voltage signal. Another interfering signal 
is the maternal ECG (MECG) which can be 5-1000 times 
higher in its intensity and ability to induce surface 
potentials [1]. The MECG affects all the electrodes placed 
on the chest (thoracic electrodes) and also affects the 
abdominal electrodes, while FECG affects only the 
abdominal electrodes. 

2.1. Foetal signals 

The Foetal Electrocardiogram (FECG) is a time-varying 
signal reflecting the ionic current flow which causes the 
cardiac fibers to contract and subsequently relax [14]. The 
surface FECG is obtained by recording the potential 
difference between two electrodes placed on the surface of 
the skin [12]. The standard FECG signal consists of six 
peak signals each defined with a different letter, the P, Q, 
R, S, T and U peaks. Where the P peak results from the 
depolarization of the atrial, the P-R interval is the time 
between the depolarization of the atria and the 
depolarization of the ventricles. The QRS-complex results 
from the depolarization of the ventricles, The T wave 
displays the depolarization of the ventricles and the U 
wave is usually not present or not important resulting from 
a rest potential. The origin of the U wave is not clear but it 
probably represents “after depolarization’s” in the 
ventricles [11]. The FECG may be divided into the 
following sections. 
P-wave: A small low-voltage deflection away from the 
Baseline caused by the depolarization of the atria prior to 
atrial contraction as the activation (depolarization) wave 
front propagates from the SA node through the atria. 
PQ-interval: The time between the beginning of atria 
depolarization and the beginning of ventricular 
depolarization. 
QRS-complex: The largest-amplitude portion of the 
FECG caused by currents generated when the ventricles 
depolarize prior to their contraction. Although atrial 
repolarization occurs before ventricular depolarization, the 
latter waveform (i.e., the QRS-complex) is of much greater 
amplitude and atrial repolarization is therefore not seen on 
the FECG. 
QT-interval: The time between the onset of ventricular 
depolarization and the end of ventricular repolarization. 
Clinical studies have demonstrated that the QT-interval 

increases linearly as the RR-interval increases [14]. 
Prolonged QT-interval may be associated with delayed 
ventricular repolarization which may cause ventricular 
tachyarrhythmia’s leading to sudden cardiac death. 
ST-interval: The time between the end of S-wave and the 
beginning of T-wave. Significantly elevated or depressed 
amplitudes away from the baseline are often associated 
with cardiac illness. 
T-wave: Ventricular repolarization, whereby the cardiac 
muscle is prepared for the next cycle of the ECG. 
The signals shape in FECG are the same as at maternal ECG 
(MECG), but completely different in values. Table 1 shows the 
variation of the ECG signals value between the maternal and 
foetal. Figure (1) shows the standard P, Q, R, S, T and U 
complex signals, the entire non-invasive FECG signal should be 
processed to be like this shape and around the values shown in 
Table 1. 
Also can compare the maternal normal heart beat rate, 
during pregnancy the heart rate goes around 80-90 beats 
per min when was the normal adult heart beat bout 72 
rate and the mean foetal heart beat rate along gestational 
period varying from 120 to 160 beats per min. There is a 
variation in heart beat rate because more QRS signal in 
FECG than QRS signal in MECG. As mentioned above a 
human heart can be described as an electrical dipole, 
unfortunately till now no finding information on the exact 
voltage  value coming from the heart and, may any human 
body has a unique voltage value. 
 
Table 1: Amplitude-time relations in maternal and foetal 

electrocardiography signal calculated as mean values from 20 
traces recorded between week 36 and 41 of gestation (620 
averaged QRS complexes from maternal and 760 from foetal 
electrocardiogram were analyzed)[16]. 

 
QRS 

amplitude 
(µv) 

QRS Width (ms) 

Mother 150 100 
Foetal  30 50 
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Fig. 1: Standard P, Q, R, S, T and U wave form of human heart; adopted 
from [1]. 

3. MATERIALS AND METHOD 

3.1. Model Extraction 

In this study the signal picked up by the Thoracic 
Electrodes (TECG) is represented by )(tX T

 and the one 

taken by Abdominal Electrodes (AECG) is represented 

by )(tX A . These two signal models can be written as: 

A a a a ax (t) M (t) F (t) N (t) (t)= + + + η                (1) 

T b b bx (t) M (t) N (t) (t)= + + η                                   (2)  

Where: 
Ma(t) and Mb(t) are Pure maternal ECG, 
Fa (t) is the pure foetal ECG 
ηa (t) =ηb are the low-rank or structured noise 

representing other biological sources that contaminate the 
ECG, 
Na (t) and Nb (t) are the full-rank observation noise that 
always exists in physiological measurements. 
The foetal ECG is very weak compared to the maternal 
ECG signal and noise level, so it is shownonly in Eq.(1) 
and neglected in Eq.( 2).  
In these equations ηa (t) and ηb can be eliminated by a high 
pass filter with a cutoff frequency of 2Hz. Therefore Eq. 
(1) and Eq. (2)  can be simplified to: 

A a a ax (t) M (t) F (t) N (t)= + +                               (3) 

T b bx (t) M (t) N (t)= +                                     (4)  

To extract a pure Fa (t), Eq. (4) and Eq (3) can be used as 
follows: 
Since Ma (t) ≠Mb(t) and Na(t) ≠Nb(t), use a factor K to 
equalize (4) to have 

T b bKx (t) KM (t) KN (t)= +                                (5)  

Then subtract Eq. (5) from Eq. (3) to get 

A T a b a

a b

[x (t) Kx (t)] [M (t) KM (t)] F (t)

[N (t) KN (t)]

− = − +
+ −

 (6) 

Thus, the pure FECG can be obtained from the following 
equation: 

a A T a b

a b

F (t) [x (t) Kx (t)] [M (t) KM (t)]

[N (t) KN (t)]

= − − −
− −

 (7) 

After cancelling the maternal signal and noise we get: 

a A TF (t) [x (t) Kx (t)]= −                                  (8) 

 
The output of this equation is used as input to simple 
Genetic Algorithms (GA) to remove any undesired 
signals. 

3.2. Genetic Algorithm and Adaptive Filtering Model 

Fig.2 shows the form of the technique used to extract the 
desired FECG signal. The figure contains the steps of 
simple Genetic Algorithms (GAs); The GA used here is 
adaptive heuristic search algorithm premised on the 
evolutionary ideas of natural selection and genetic. 

 

 
Fig 1: model for auto extraction FECG 

3.3. Analysis of Maternal Abdominal Signals: 

It is believed that the signals acquired from the wall of 
abdomen motherland (Non-invasive record) is in fact 
FECG signal and MECG signal with several overlapping 
noises .The analysis of these signals is shown in Fig.3 
where the amplitude and frequency range of foetal ECG 
have been compared with other noises. The labels in this 
figure is as follows: (mECG) stand for the maternal 
electrocardiogram, (mEEG) for electroencephalogram, 
(mEHG) for electrohystrogram, (mEOG) for 
electrooculogram, (mEMG) for electromyogram, (mEHG) 
for electrohystrogram, and (fECG) stand for the foetal 
ECG  

 
Fig.3: The amplitude and frequency range of biosignals that can interfere 
with foetal cardiac signals [19]. 
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3.4. Adaptive filtering 

 An adaptive filter is a self-adjusting filter [8]. Its transfer 
function according to an optimization algorithm is driven 
by an error signal. The purpose of the adaptive filter in 
noise cancellation is to remove the noise from a signal 
adaptively to improve the signal to noise ratio. The usage 
of adaptive filters is one of the most popular proposed 
solutions to reduce the signal corruption caused by 
predictable and unpredictable noise[17]. Adaptive filters 
are required for some applications because some 
parameters of the desired processing operation are not 
known in advance. Adaptive filters have been successfully 
applied in diverse fields such as communications, radar, 
seismology, and biomedical engineering. Figure. (4) shows 
the diagram of a typical Adaptive Noise Cancellation 
(ANC) System used for removing noise from human ECG. 
This paper uses the same idea to extract the signal of foetal 
heart in a better modified way as contained in Figure.(2). 

 
Fig .4: Adaptive Noise Cancellation (ANC)[21]. 

3.5. Genetic algorithm(GA) 

GA is a powerful & broadly applicable stochastic 
research techniques that is practically being used to solve 
optimization problems on the basis of natural genetics. 
Genetic algorithms, are the most widely known type of 
evolutionary computation method today [7]. It is also 
applicable in problems where traditional estimation and 
optimization methods are not appropriate [13]. Genetic 
algorithms generally start with a population of randomly 
generated design vectors, test the fitness of those vectors, 
select the best ones, and recombine the parameter values 
(i.e., exchange some elements) of the best designs. Recently, 
the genetic algorithms technique was applied to biomedical 
engineering especially in foetal electrocardiogram signal 
[9]. The architecture Figer.(2) used for this paper is a 
combination of an adaptive filter and genetic algorithm 
(GA), where the GA is recruited whenever the first step 
adaptive filter is suspected of reaching local minima. The 
second step is an independent GA search without the 
adaptive filter. The process of exchanging elements among 
successful designs of GA also has a biological analog, which 
is referred to as “crossover and mutation.” In this paper the 
case is Scheduling problem, so the method used here is 
string crossover. During crossover step of the algorithm, 

segments are cut and spliced between strings. The general 
framework and basic step of GA can be viewed as the 
flowchart at the right side of Figer.(2). 

3.6. Frequency Response &Cutoff Frequency 

It is essential that the ambient noise should be kept as low 
as possible and this is carried out with the help of an active 
low pass filter having a cutoff frequency of 70 Hz, due to 
the fact that the foetal heart beats lies in the frequency 
range of 20 to 70 Hz [20]. 
The filter used to compute the frequency response is using 
discrete Fourier transforms (DFT) with transfer function. 
This can be written as: 

 

)()1(

)()1(

)1()2()1(
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            (9) 
Where  
B; is coefficient vector of numerator polynomial  
a; is coefficient vector of denominator polynomial 
After optimizing the foetus signal, a high pass filter 

with normalized digital cutoff frequency, Ωc=ωc T/π equal 
to 0.1 H(z) and number of poles equal 3is designed,  

3.7. FECG DATABASE 

To test the algorithm, public databases widely used by the 
signal processing community known as SISTA/DAISY 
dataset [10] is used. It consists of a single dataset of 
cutaneous potential recording of a pregnant woman. A total 
of 8 channels (4 abdominal and 3 thoracic) are available, 
sampled at 500 Hz , lasting 10 seconds and The lengths of 
the data were 2500 point. The heart rate of the mother’s 
signal is approximately 84 beats per minute and the Foetus 
corresponding to a heart rate of 132 beats per minute. 
The locations of leads on maternal body for an 8-channel 
maternal ECG acquisition system are shown in Figure.(5). 
Maternal thorax ECG (TECG) signals are sampled from 
thorax leads while maternal abdominal ECG (AECG) signals 
are obtained from abdominal leads.  

 
Fig.5: Positions electrodes lead on the body of mother.These methods 
can be practically applied from the 11th week of gestation, but the signal 
quality depends on recording period between 26 and 41st week of 
gestation. 
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3.8. Original signal distortion 

 Figer.( 6) shows in section (a) real thoracic signal (TECG) 
of maternal which contain MECG + noise and shows in 
section (b) real sample of abdominal signal (AECG) which 
contains MECG + FECG + noise. Where M denotes 
maternal QRS amplitude region and F denotes foetal QRS 
amplitude region. These graphs show direct plot using 
SISTA/DAISY data without any filter effects.  
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(b) 

Fig. 6 original graph for (a) TECG, (b) AECG  

 

RESULTS AND DISCUSSION 
 

The proposed scheme shown in Fig.2 is modeled under 
MATLAB domain, thereafter, the proposed model is 
trained with the SISTA/DAISY dataset. A combined signal 
shown in the upper part of Figer.(9) is then applied to the 
model and successively being extracted as shown in the 
lower part of Figer.(9). Thus the maternal ECG signal 
interference was canceled from the foetal heart ECG 
signal. Figer.(7) and Fig.8 represent noise that was already 
contaminating with signal taken from thoracic and 
abdomen of the mother. Also the noise figures show the 
evidence of an effective noise removal tool system. 
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Fig. 7: Noise in abdominal signal   
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0.2

0
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Fig .8: Noise in thoracic signal  

 
Fig. 9:A graph for MECG and FECG recombined after extracted, B 
graph for FECG 

 
The results shown in Figer.(9) contain two graphs .the upper 
graph shows AECG and FECG. The amplitude of QRS of 
FECG is about 30 microvolt while that of MECG is about 
150 microvolt. These values are almost in agreement to the 
values of QRS amplitude appeared in Table.1. The 
obtained results show the effectiveness of the proposed 
algorithm. 
 

CONCLUSION 
 In this study we presented Hybrid adaptive filtering with 
simple genetic algorithm for removing undesired signals 
which are difficult to be removed by normal filters. The 
performance and validity of the proposed algorithm have 
been confirmed by computer simulations and experiments in 
real-world ECG data. The results obtained almost agree with 
the standard Foetal ECG signals. 
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Abstract 

To develop a well designed practical spring-roll dielectric elastomer 
actuator system, we have to optimize its design parameters. In our 
pervious work, we have achieved the design parameters without taking 
the applied voltage required to activate the actuator into consideration 
because the applied voltage might change the optimal design 
parameters. In the paper, optimal design parameters have been 
achieved and decreased the applied voltage and the problems of high 
voltage are avoided. Furthermore, a voltage supply that is able to 
pump enough controlled charges to the actuator system is developed. 
A switched based multistage charge pump driven by a controlled low 
voltage switching power supply and a voltage driver is also proposed. 
The recently developed voltage supply is characterized by a wide 
range of controlled voltages. The achieved results based on the 
proposed approaches show that the design of the actuator is getting 
simpler and outperforms compared with the other related approaches. 
Keywords: Spring roll dielectric elastomer actuator, modes of 
failure, optimal design parameters, switching power supply, charge 
pump. 
 
1. Introduction 
 
Dielectric elastomer actuators have been intensely studied in 
the recent decade. To explore some of the basic issues in the 
design, one particular type of actuators is studied, the spring-
roll actuators [1-3]. The construction of a spring-roll actuator is 
sketched in Fig. 1. Two membranes of a dielectric elastomer 
are alternated with two electrodes. The laminate is prestretched 
in two directions in the plane, and then rolled around a spring 
[4, 5]. 
 
Two membranes of a dielectric elastomer are alternated with 
two electrodes. The laminate is first prestretched and then 
rolled around a relaxed spring. When the spring roll is subject 
to a voltage and an axial force, the length of the spring couples 
the electrical and mechanical actions. 
 
 
 
 
 
 
 

 
Fig. 1 The construction of a spring-roll dielectric elastomer actuator 

When the actuator is subjected to an applied voltage and an 
applied axial force, the axial elongation couples the electrical 
and mechanical actions. The parameters of design include 
prestretches of the elastomer and the stiffness of the spring.  
 
The continuation of the paper is as follows: Equations of state 
are derived in section 2. Modes of failure are illustrated in 
section 3. A new concept of actuation range is introduced in 
section 4. Optimal design parameters, design approaches and 
samples of actuator design are presented in section 5. Actuator 
system voltage supply is proposed in section 6. Section 7 gives 
the conclusion and future work 
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2. Equations of State 
 

As shown in Fig. 1, the electrodes are compliant and bear no 
mechanical load. The elastomer has thickness 3L  and sides 1L  

and 2L . The relaxed spring has a length 11 Lpλ . The elastomer is 

prestretched to 22 Lpλ and 11 Lpλ , and then the elastomer is rolled 

around the relaxed spring. When the actuator is subjected to an 
applied voltage Φ and an axial force P, the thickness of the 
laminate changes to 33Lλ , and the length of the spring changes 

to 11Lλ .  However side 2 of the laminate, 22 Lpλ , is constrained by 

the diameter of the spring and remains unchanged. The 
elastomer is taken to be incompressible, so that 1321 =λλλ p . 

 
During the operation, the actuator varies its state in two ways, as 

specified by two generalized coordinates: the stretch 1λ in the 

axial direction, and the charge Q on one of the electrodes. 
Helmholtz free energy A of the actuator is prescribed as a 
function of the two generalized coordinates: 
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The free energy of the elastomer is the sum of the elastic 
energy, with μ being the shear modulus of the elastomer and the 
dielectric energy, with ε being the permittivity of the elastomer 
[6, 7]. The spring is taken to obey Hooke’s law, with k being 
the stiffness of the spring.  
 
When the actuator is in a state ( )Q,1λ , in equilibrium with the 

applied axial force P and the applied voltage Φ, for any small 
change in the stretch and charge, 1λd and dQ , the change in the 

Helmholtz free energy equals the work done by the applied 
force and the voltage, namely [8]. 

dQPLdA Φ+= 1                           (2) 

Consequently, the force and the voltage are the partial 
differential coefficients of the free-energy function ( )QA ,1λ . 

The axial force is work-conjugate to the elongation: 
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The voltage is work-conjugate to the charge:    
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Inserting (1) into (3), we can get:  
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where 
32

1

LL
KL
µ

α = is a dimensionless ratio between the stiffness of 

the spring and that of the elastomer. Equation (5) shows that the 
axial force is balanced by contributions of three origins: the 

elasticity of the elastomer, the permittivity of the elastomer, and 
the elasticity of the spring. Equation (5) can also be obtained by 
invoking the Maxwell stress [9, 10].  
Inserting (1) into (4), we obtain that 
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The actuator has three dimensionless parameters: the 
prestretches in the two directions in the plane of the elastomer, 

p
1λ and p

2λ , as well as the normalized stiffness of the spring α. 
These parameters of design are prescribed once the actuator is 
constructed. 
 
Equations (5) and (6) are the equations of state, relating the 

dimensionless loading parameters,  ( )32LLP µ  and ( )εµ3LΦ , 

to the dimensionless generalized coordinates, 1λ and 

( )εµ21LLQ . 

 
These nonlinear equations of state can be displayed graphically 
on a plane spanned by the two dimensionless generalized 
coordinates as shown in Fig. 2. Plotted on this plane are the 
lines of constant force and the lines of constant voltage. Fig. 2 
can be used to locate the state of the actuator under prescribed 
axial forces ( 032 =LLP µ , 232 −=LLP µ , and 432 −=LLP µ ) 

and voltages ( 07.03 =Φ εµL , 1.03 =Φ εµL , and 

2.03 =Φ εµL ). Plotting the equations of state in Fig. 2, we 

have set the parameters of design to a particular set of values. 
 

 
Fig. 2 A graphical representation of the equations of state 

 

When the design variables ( )αλλ andpp ,, 21  are prescribed, the 

state of the actuator is characterized by two generalized 
coordinates: the stretch 1λ in the axial direction, and the charge 

Q on one of the electrode.  
 
3. Modes of Failure  
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The range of operation of an actuator is limited by various 
modes of failure. Each mode of failure restricts the state of the 
actuator to a region on the plane of the generalized coordinates. 
The common region that averts all modes of failure constitutes 
the set of allowable states. To illustrate the procedure to 
construct the region of allowable states, several representative 
modes of failure are considered [11, 12].  
 
First electromechanical instability (EMI) of the elastomer is 
considered. When the applied voltage is increased, the 
elastomer reduces its thickness, so that the voltage induces a 
high electric field. The positive feedback between a thinner 
elastomer and a higher electric field may cause the elastomer to 
be reduced drastically, resulting in an electrical breakdown. 
This electromechanical instability can be analyzed by using a 
standard method in thermodynamics. [13].  
 
Consider a three-dimensional space, with the generalized 
coordinates λ1 and Q being the horizontal axes, and the 
Helmholtz free energy A being the vertical axis. In this case, the 
free-energy function ( )QA ,1λ is a surface. A point on the 

surface represents a state of the actuator, and a curve on the 
surface represents a path of actuation. Imagining a plane 
tangent to the surface at a state ( )Q,1λ . The slopes of this 

tangent plane are PL1 and Φ, according to (3) and (4).  
 
For a state ( )Q,1λ  to be stable against arbitrary small 

perturbations in the generalized coordinates, the 
surface ( )QA ,1λ must be convex at the point ( )Q,1λ .  This 

condition of stability is equivalent to the following set of 
inequalities: 
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Based on the three inequalities, (7a) ensures mechanical 
stability, (7b) electrical stability, and (7c) electromechanical 
stability. Using (1), it is noticeable that (7a) and (7b) are 
satisfied for all values of ( )Q,1λ , but (7c) is violated for some 

values of ( )Q,1λ . A combination of (1) and (7c) shows that the 

electromechanical instability sets when:  

( ) ( ) 31
2

2
4
1

21

++= p

LL
Q λλα

µε
      (8) 

This equation corresponds to the curve marked by EMI in Fig. 
3. The curve divides the ( )Q,1λ plane into two regions. Above 

the curve, the actuator is stable against small perturbation of the 
generalized coordinates. Below the curve, the actuator 
undergoes electromechanical instability.  
 

The second mode of failure is the electrical breakdown (EB) of 
the elastomer. Even before the electromechanical instability 
sets, the electric field in the elastomer may become too high, 
leading to localized conduction path through the thickness of 
the elastomer. For the complexity of the microscopic process of 
electrical breakdown, it will not be addressed in this paper. To 
illustrate the procedure of design, we assume that electrical 
breakdown occurs when the true electric field exceeds a critical 
value Ec. For the ideal dielectric elastomer, D = εE, where the 
true electric displacement is 2121 LLQD pλλ= , the condition for 

electric breakdown is  

µ
ελλ

µε
C

pE
LL

Q
21

21

=                        (9) 

Equation (9) corresponds to the straight line marked by EB on 
the ( )Q,1λ plane as shown in Fig. 3. The actuator in a state in 

the region above this straight line will not suffer from the 
electrical breakdown.  
 
Loss of tension of the elastomer when large voltage Φ is 
considered, or axial force P is compressive and of a large 
magnitude, the stress in the plane of the elastomer may cease to 
be tensile. This loss of tension will cause the elastomer to 
buckle out of the plane, so that elastomer will no longer 
generate force of actuation. To avert this mode of failure, the 
stress is required to be tensile in every direction in the plane of 
the elastomer. That is, both the stress along the axial direction 
and the stress in the circumferential direction are required to be 
tensile, 01 >S and 02 >S . Following [14], the nominal stress in 

the axial direction is obtained in terms of the two generalized 
coordinates: 
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Setting the critical condition in (10), we obtain that 
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Similarly, nominal stress s2 in terms of the two generalized 
coordinates can be obtained: 
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Setting the critical condition s2=0 in (11), the following 
equation can be obtained: 

( ) 1
4

2
2
1

21

−= p

LL
Q λλ

µε
                      (11a) 

The critical conditions for loss of tension, s1=0 and s2=0, are 
plotted in Fig. 3. A comparison of (8) and (10a) shows that, for 
spring-roll actuators, loss of tension in the axial direction will 
always precede electromechanical instability. In contrary, other 
types of dielectric elastomer actuators may fail by 
electromechanical instability [15, 16]. 
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Fig. 3 A graphical representation of modes of failure 

 
Next tensile rupture of the elastomer is considered. When an 
elastomer is stretched too severely, the elastomer may rupture. 
The critical condition for tensile rupture is not well quantified. 
Here the simple criterion that the elastomer will rupture when 
either stretch, λ1 or λ2 exceeds a critical value λc is used. A 
representative value λc = 5 is included in Fig.3.  
 
The compressive limit of the spring is finally considered. The 
spring in the spring-roll actuator is designed to be under 
compression. When the spring is compressed excessively, 
however, it may deform plastically. The length of the spring at 
its relaxed state is 11 Lpλ  , and the length of the actuated spring 

is 11Lλ . We assume that the spring deforms plastically when 

11 λλp exceeds a critical value c, which we set to be c = 4. In the 

(λ1, Q) plane, Fig. 3, the region above the line cp
11 λλ = will 

guarantee that the spring remains elastic.  
 
The modes of failure discussed in this section are all averted in 
the shaded region in Fig. 3. As evident from the above 
discussion, this region of allowable states will depend on the 
critical conditions for various modes of failure. 
 

4. Actuation Range 
 
The actuation range is an important issue because the applied 
voltage may take different values within the actuation range. 
In this paper the concept of actuation range depends upon 
whether the actuator has a fixed load actuator or variable multi-
load actuator. The fixed load actuator is the actuator subject to a 
fixed axial force (i.e., a dead weight). In this case the actuation 
range is very small value starting at the state of zero charge, and 
ending at the state where the line of a failure mode intersects the 
axial force line. Fig. 4 shows the actuation range for a fixed load 
actuator. The actuation range extends from 4.41 =λ  to 

515.41 =λ (the two highlighted black points) when ,51 =pλ  

,1,10,5 322 −=== LLPp µαλ  and mvEC /108= . 

 

 
Fig. 4 The actuation range for a fixed load actuator when 

,1,10,5,5 3221 −==== LLPpp µαλλ  and mvEC /108= . 

  
The load of the exchangeable multi-load actuator can be 
replaced by another unequal load and this load in turn can be 
replaced by another unequal one and so on. The actuation range 
of the exchangeable multi-load actuator starts at the state of zero 
charge of heaviest load and ends at the state where the line of a 
failure mode intersects the line of the lightest load. Fig. 5 shows 
the actuation range of the exchangeable multi-load actuator. The 
actuator given in fig. 5 subjects to one of the following 
dimensionless loads ; 132 −=LLP µ , 0132 −=LLP µ , 

2032 −=LLP µ , or 3032 −=LLP µ . The actuation range in this 

case starts at 95.11 =λ  and ends at 52.41 =λ  (the two highlighted 

black points).    

 
Fig. 5 The actuation range of the exchangeable multi-load 

actuator  

 
5. Spring-Roll Dielectric Elastomer Actuator 
Design 
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Parameters of design are prescribed once the actuator is 
constructed therefore they must well studied and selected to be 
optimal.  
 
5.1 Spring-Roll Dielectric Elastomer Actuator Optimal 
Design Parameter 
 

To optimize an actuator, the actuator should have certain 
features such as higher actuation and the ability to burden 
heavier loads. To address this issue, we have to figure out the 
space of design parameters values that confirm these features.  
  
Spring-roll dielectric elastomer optimal design parameters 
according to [17] are 10,2,5 21 === αλλ pp . These parameters of 

design are prescribed once the actuator is constructed. 
  
In this paper we will address the effect of p

2λ  on actuation 1λ , 

axial force 32LLP µ , and ( )εµ3LΦ  to prove that the 

value 22 =pλ  that was considered as an optimal value should be 

changed to 52 =pλ .  

 

The actuation 1λ  as a function of p
2λ  

 
The obtained results in simulation show that when p

2λ  increases, 

the actuation 1λ  slightly decreases. There is no big difference 

between actuation at 12 =pλ  and actuation at 52 =pλ  even at 

higher values of the dimensionless charge. From fig. 6, it is clear 
that p

2λ  slightly affects 1λ . 

 
Fig. 6 The effect of p

2λ on the actuation 1λ  at 

1,10,5 321 −=== LLPandp µαλ  

 
The dimensionless force (load) 32LLP µ as a function of p

2λ  
 
The dimensionless axial force 32LLP µ is a nonlinear function 

of p
2λ . p

2λ  slightly affects the value (modulus) of the axial 

force.  Fig. 7 shows the effect of p
2λ on the axial force. 

Fig. 7 The effect of 
p
2λ on the axial force 32LLP µ at ,31 =λ  ,51 =pλ  

,10=α  ,10 3
3

−=L  and v3000=Φ  

 

The effect of p
2λ on the applied voltage Φ   

 
p
2λ  Slightly affects both actuation 1λ  and dimensionless axial 

load 32LLp µ but it has a great effect on the applied voltage Φ . 

When the applied voltage decreases, p
2λ  will increase. Let us 

take the applied voltage at a critical state CΦ where one failure 

mode sets in as an example for the relation between the applied 

voltage and p
2λ . When ,10,1,5 21 === αλλ pp  

mmLandLLp 1,0 332 ==µ , the critical dimensionless 

applied voltage is 0.215 and the critical applied voltage is 
v12756 , as shown in fig. 8.  

 

 
Fig. 8 Critical applied voltage at ,10,1,5 21 === αλλ pp  

mmLandLLp 1,0 332 ==µ  

 
When mmLandLLppp 1,0,10,2,5 33221 ===== µαλλ , the 

critical dimensionless applied voltage is 0.182 and the critical 
applied voltage is v10798 , look at fig. 9. 
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Fig. 9 Critical applied voltage at ,10,2,5 21 === αλλ pp  

mmLandLLp 1,0 332 ==µ  

 
When mmLandLLppp 1,0,10,3,5 33221 ===== µαλλ , the 

critical dimensionless applied voltage is 0.122 and the critical 
applied voltage is v7238 , as shown in fig. 10. 

 
Fig. 10 Critical applied voltage at ,10,3,5 21 === αλλ pp  

mmLandLLp 1,0 332 ==µ  

 
When mmLandLLppp 1,0,10,4,5 33221 ===== µαλλ , the 

critical dimensionless applied voltage is 0.092 and the critical 
applied voltage is v5458 , look at fig. 11. 

 

 
Fig. 11 Critical applied voltage at ,10,4,5 21 === αλλ pp  

mmLandLLp 1,0 332 ==µ  

 
When mmLandLLppp 1,0,10,5,5 33221 ===== µαλλ , the 

critical dimensionless applied voltage is 0.073 and the critical 
applied voltage is v4331 , look at fig. 12. 

 
Fig. 12 Critical applied voltage at ,10,5,5 21 === αλλ pp  

mmLandLLp 1,0 332 ==µ  

 
The voltage at a critical state CΦ decreases from 12756v at 

12 =pλ  to 4331v at 52 =pλ . In general, the applied voltage 

decreases as p
2λ increases and high voltage problems can be 

avoided therefore the optimal design parameters should be 
changed from; 

  
 
 
to: 
 
  
 
 

10,2,5 21 === αλλ pp  

10,5,5 21 === αλλ pp  
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5.2 Spring-Roll Dielectric Elastomer Actuator Optimal 
Design Parameters 

 
Spring-roll dielectric elastomer actuator is designed according 
to equations of state (eq. 5, and eq. 6). The first step of 
designing the elastomer actuator is to be aware of the constant 
values of equations of state; 

:µ  The shear modulus of the dielectric elastomer (VHB 4910 

material) equals Pascal510 [18]. 

:rε  The relative dielectric constant equals 3.21 for VHB 4910 

material, at a frequency of 1 KHz.  

oε : The permittivity equals 121085.8 −× Farad/meter. 

:CE  The electric breakdown of VHB 4910 material equals 

mv /108 . 

αλλ ,, 21
pp : The design parameters are dealt as constant values; 

10,5,5 21 === αλλ pp . 

:3L  The thickness of the dielectric elastomer (VHB 4910 

material), 3M company produces it in a thickness of 1 mm 
therefore it is dealt as a constant value.   
 
Spring-roll dielectric elastomer specifications prescribed by 
the customer 
 
The customer has to specify three specifications before the 
actuator is constructed; axial force/forces in Newtons, length of 
the actuator at relax relaxL1 in meters, and actuator maximum 

required length max1L  in meters. Dimensionless axial 

force/forces should not be positive (tensile force/forces) and 
should not situate in the region of modes of failure. If this 
happens, the customer is reviewed to modify his request.   
 
Determining the maximum actuation (stretch) max1λ  

 

111 LL p
relax λ=  

relaxLL 1max1max1 λ=  

relaxLL 1max1max1 =λ  

 
Determining the range of the applied voltage 
 
The applied voltage may take infinite different values along the 
actuation range starting at 0=Φ  and ending at CΦ=Φ . 

33LE λΦ=  where E  is the electric field across the elastomer 

membrane. When CΦ=Φ , CEE = , where CE is the electric 

breakdown field. Then 33 LE CC λΦ= . Since the dielectric 

elastomer is incompressible material, )(1 123 λλλ p= .  

12

3
810

λλpC
L

=Φ                                   (12) 

where; 
 mvEC /108=  for VHB 4910 dielectric elastomer material. 

p
2λ  according to new derived optimal design parameters equals 

“5”. 
3 M company produces VHB 4910 membrane in a thickness of  
1 mm. CΦ  can be determined.  

 
Determining 2L , the width of the elastomer membrane 

 
Substituting Cand Φmax1λ  in eq. 6, dimensionless charge 

)( 21LLQ µε can be determined. Substituting the determined 

)( 21LLQ µε and max1λ  in eq. 5, 2L  can be determined.   

 
Determining K, the stiffness of the spring 
 

p
relaxLL 111 λ= , 2L  has been determined in section 6.4.  

Substituting 21 LandL  in the following eq; 321 LLKL µα = , K 

can be determined. 
 
 
 
 
Determining n, number of turns of actuator membrane 
around the spring 
 

Approximately the number of turns of the actuator membrane 
can be determined by dividing the width of the actuator 2L  by 

the circumference of the spring. 

r
Ln

p

π
λ
2

22=                                     (13) 

where; r is radius of the used spring.    
 
 

5.3 Samples of Spring-Roll Dielectric Elastomer Design       
       Results 
 

In appendix A we develop equations of state based on Mat-Lab 
program help design spring-roll dielectric elastomer actuators. 
The customer has to specify the relaxed length of the actuator 

relaxL1 , the maximum required length the actuator has to achieve 

max1L , and axial load the actuator will treat with.  

 
Table 1: Samples of spring-roll dielectric elastomer design specifications 

p  relaxL1  max1L  r  1L  2L  3L  cΦ  max1λ  k  n  

-4 0.01 0.02 0.001 0.02 0.0014 0.001 10000 2 679.7 1.08 

-8 0.02 0.05 0.001 0.004 0.0034 0.001 8000 2.5 846 2.7 
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-12 0.03 0.09 0.001 0.006 0.0067 0.001 6667 3 1114 5.3 

-16 0.04 0.14 0.0025 0.008 0.013 0.001 5714 3.5 1624 4.14 

-20 0.05 0.05 0.0025 The actuator is overloaded 

-24 0.06 0.07 0.0025 The actuator is overloaded 

+28 0.07 0.14 0.0025 The load is a tensile forces 

+32 0.08 0.184 0.0025 The load is a tensile force 

-36 0.09 0.225 0.005 0.0180 0.0152 0.001 8000 2.5 846 2.4 

-40 0.1 0.29 0.005 0.02 0.021 0.001 6897 2.9 1048 3.3 

-44 0.11 0.352 0.005 0.022 0.028 0.001 6250 3.2 1274 4.5 

-48 0.12 0.42 0.005 0.024 0.039 0.001 5714 3.5 1624 6.2 

-52 0.13 0.234 0.005 0.026 0.0164 0.001 11111 1.8 629 2.6 

-56 0.14 0.294 0.005 0.028 0.0198 0.001 9524 2.1 708 3.2 

-60 0.15 0.345 0.005 0.03 0.231 0.001 8696 2.3 771 3.7 

-64 0.16 0.432 0.005 0.032 0.03 0.001 7407 2.7 937 4.8 

-68 0.17 0.527 0.005 0.034 0.0404 0.001 6452 3.1 1189 6.4 

-72 0.18 0.702 0.005 0.036 0.092 0.001 5128 3.9 2555 14.6 

-76 0.19 0.76 0.01 0.038 0.1132 0.001 5000 4 2980 9 

-80 0.2 0.82 0.01 0.04 0.143 0.001 4878 4.1 3576 11.4 

-84 0.21 0.399 0.01 0.042 0.0275 0.001 10526 1.9 654 2.2 

-88 0.22 0.484 0.01 0.044 0.0325 0.001 9090 2.2 738 2.6 

-92 0.23 0.598 0.01 0.046 0.0409 0.001 7692 2.6 889 3.3 

-96 0.24 0.576 0.01 0.048 0.0387 0.001 8333 2.4 807 3.1 

+100 0.25 0.975 0.01 The load is a tensile force 

 
 
 
 
 
 
Using the above mentioned software, we can design actuator 
specifications; the dimensions of the actuator membrane, the 
stiffness of the used spring, the maximum applied voltage, and 
maximum achieved actuation. Table 1 includes samples of 
design specifications where the dimensions 

randLLLLL relax ,,,,, 1max1321 are measured in meters , 

criticalor ΦΦmax  is measured in volts, stiffness of the spring k  

is measured in meterpernewtons ,  and the axial load p  is 

measured in newtons . 

 
6. Spring-Roll Dielectric Elastomer Actuator    
     Voltage Supply 
 
In spring-roll dielectric elastomer actuator system to achieve a 
specific actuation 1λ , a specific voltage should be applied to 

the electrodes of the actuator and specific charges should flow 
to them, therefore a voltage supply whose output ranges from 
several volts up to v15000  is required. This voltage supply 

should be adjusted automatically to any voltage between 0 
and 15000v whatever the value of the required voltage is.  

 
A charge pump driven by a low voltage switching power 
supply and a voltage drive is presented in this paper [19]. 
 
6.1 Charge Pump 
 
Increased voltage levels are obtained in a charge pump as a 
result of transferring charges to a capacitive load and do not 
involve amplifiers or transformers. The charge pump is 
constructed by n cascaded voltage doublers. Charge pump 
operates by switching on and off a large number of switches 
which charge and discharge a large number of capacitances, 
transferring energy to the output load. Switched-capacitor 
charge pumps have exponentially growing voltage gain as a 
function of the number of stages (voltage doublers) up to 

n2 [20]. 
 
A switched-capacitor organization of a two phase DC-DC 
voltage doubler is shown in Fig. 13. It contains 2 clock 
controlled switches and 2 capacitors.  
 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 53



 

 

 
Fig. 13 The DC-DC TPVD voltage doubler 

For a simple explanation of the voltage doubler operation, let 
us assume that the switches and capacitors are all ideal. That 
is, we assume that there is no leakage current in capacitors, 
switches dissipate no energy and the electric charge 
transferring is instantaneous. Fig. 14.a shows the equivalent 
circuit of the voltage doubler when the circuit is in the Kth  
iteration cycle and the clock is in phase 1. At this time 
instance, the load capacitor LC  holds the previous voltage 

value. 
]1[][ −= K

out
K

out VV           (14) 

 

 
Fig. 14 The equivalent circuits in two clock phases. 

 

 
The voltage across the capacitor SC  changes from 

)( ]1[ −−− K
outin VV  to inV . The charge ][KQ∆  transferred from the 

voltage source inV  to SC  is obtained from 

( )( )( ) ( )K
outinS

K
outininS

K VVCVVVCQ −=−−−=∆ − 2]1[][       (15) 

Equation (15) implies that the voltage source Vin would stop 
transferring charge to SC  if  in

K
out VV 2][ = . 

Fig. 14.b shows the equivalent circuit of the voltage doubler 
when the circuit is in the ( )thk 1+  iteration cycle and the clock 

is in phase 2. According to the charge conservation law at the 
node connecting SC  and SC , and evaluating charges stored in 

capacitors as Q = C V, the relationship between voltages at 
thk and ( )thk 1+  iteration can be expressed by 

( ) L
K

outSin
K

outL
K

outSin CVCVVCVCV ×+×−=×+× ++ ]1[]1[][   (16) 

If we set 
SL

S

CC
Cr
+

=  , to represent the capacitor ratio, then 

( ) in
K

out
K

out rVVrV 21]1[ +−=+        (17) 

where 0 < r < 1. Thus, outV  can be represented as a sequence 

of the iteration index k.  
Fig. 15 shows the voltage gains Av as a function of the 
iteration index k, with different r. The smaller the r, the larger 
the ratio of the grounded capacitor LC  to the switched 

capacitor Cs. It is clear that the final (steady state) value of 
the voltage gain Av is 2 independently of the capacitor ratio r. 
That is, the circuit in Fig. 14 works as a voltage doubler 
provided that the voltage source inV  supplies enough charge 

to the charge pump. The larger LC  (smaller r) requires more 

clock cycles (bigger k) to reach the desired output voltage. 
The value of r does not influence the final voltage gain. 

 
Fig. 15 The voltage gain as a function of the clock index k 

 
6.2 Proposed Actuator Voltage Supply 
 
A new organization of spring-roll dielectric elastomer 
actuator voltage supply is presented in this paper. Switched 
multistage charge pump driven by a controlled low voltage 
switching power supply and a voltage driver is used as a 
variable output high voltage supply. Coarse adjustment of the 
output voltage is automatically accomplished by connecting a 
specific number of the stages of the charge pump to the 
actuator. Fine adjustment of the output voltage is 
automatically accomplished by controlling the width of the 
pulse of the low voltage switching power supply. Fig. 16 
shows the block diagram of the proposed voltage supply.  

 
Fig. 16 Block diagram of the proposed voltage supply 

 

The voltage driver is designed to supply 120 volt at a 50% 
duty cycle in the low voltage switching power supply. The 
input and output voltages of each stage of the charge pump 
are indicated in table 2. 
 
Table 2: The input and output and output of each stage of the charge pump 

Charge pump 
stage number Input voltage Output voltage 

1 120 240 
2 240 480 
3 480 960 
4 960 1920 
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5 1920 3840 
6 3840 7680 
7 7680 15360 

 
At reset state all switches are switched off, duty cycle of low 
voltage switching power supply is 50% and the output of the 
voltage driver is 120 volt. Suppose that the actuator needs 
instantaneous 4000 volt to achieve a specific actuation, the 
control circuit connects stages umber 1, 2, 3, 4, and 5 in series 
and the output is taken from the fifth stage (the automatic 
coarse adjustment), then the control circuit increases the duty 
cycle (pulse width) of the voltage switching power supply 
until the output of the fifth stage reaches 4000 volt (the 
automatic fine adjustment).   
  
7. Conclusion  
 
In this paper we search two problems, the first is to develop 
an optimal design parameters based spring-roll dielectric 
elastomer actuator, and the second is to develop a controlled 
wide range output high voltage supply. As for the first 
problem, we prove that p

2λ  has slight effect on both actuation 

1λ  and axial load, but has a high effect on the applied high 

voltage, it reduces the required applied high voltage down to 
35% when raised to 5. Therefore the optimal design 
parameters are changed to; 10,5,5 21 === αλλ pp .  

 
In this paper we develop procedures of designing a spring-roll 
dielectric elastomer actuator, involve a software help 
designing the actuator [appendix 1], and mention samples of 
the results of designed spring-roll dielectric elastomer 
actuators. 
 
In this paper the concept of actuation range depends upon 
whether the actuator is a fixed load actuator or an 
exchangeable multi-load actuator.  
 
As for the second problem a switched multistage charge pump 
driven by a controlled low voltage switching power supply 
and a voltage driver is proposed as a wide range output high 
voltage supply. 
 
Solving the two problems a complete spring-roll dielectric 
elastomer actuator system is developed.  
 
For future work, the instantaneous change of actuation of the 
spring-roll dielectric elastomer actuator is required. This 
actuation can be controlled by controlling both charges 
pumped to the electrodes of the actuator and the voltage 
applied to them. In a next paper we shall develop a sub 
control system to control charges pumped to electrodes of the 
actuator and another sub control system to control the applied 
voltage. Modes of failure of the actuator will be avoided using 
the proposed control system. Sensors of charges and sensors 
of high voltage will be used. Intelligent system will be 
proposed.  
 

 
 
Appendix A 
 
function [l1, l2, d1max, phic, k, n]=actdesign (p, l1relax, 
l1max, r) 
% We develop this equations of state based Mat-Lab program 
to design spring-roll 
% dielectric elastomer actuators. 
% l1max is the maximum required actuator length. 
% l1relax is the spring-roll dielectric elastomer actuator at 
relax.  
% p (lowr case letter)is the compressive load in Newtons. 
% P (upper case letter) is the dimensionless axial force.  
% phic is the applied voltage at a critical state. 
% d1max is maximum actuation. 
% r is the radius of spring. 
% n number of turns of the actuator membrane around the 
spring. 
% k is the stiffness of the spring. 
% l1, l2 and l3 are the length, width and thickness of the 
actuator membrane.  
% mu is the shear modulus of the actuator material (dielectric 
elastomer).  
% epsilon is the dielctric of the actuator material. 
% d1p & d2p are the prestretches in in the length and width of 
the 
% membrane. 
% Q (upper letter) is the dimensionless charge. 
% Given (l1max, l1relax, and p), [l1, l2, d1max, phic, k]can 
be determined.   
mu=10.^5; 
epsilon=3.21*8.85*10.^-12; 
d1p=5; 
d2p=5; 
a=10; 
l3=10.^-3; 
if p<0 
    l1=l1relax/d1p; 
    d1max=l1max/l1relax; 
    phic=(10.^8*l3)/(d2p*d1max); 
    Q=(d1max.^2)*(d2p.^2)*(phic/l3)*(sqrt(epsilon/mu)); 
    P=d1max - ((d1max.^-3)*(d2p.^-2)) - ((Q.^2)*(d1max.^-
3)*(d2p.^-2)) + a*(d1max-d1p);  
    if P>-35; 
        l2=p/(P*mu*l3); 
        k=(a*mu*l2*l3)/l1; 
        n=(d2p*l2)/(2*pi*r); 
    else 
        disp ('The actuator is overloaded'); 
% The word "overloaded" means that the actuator may 
subjects to a failure mode. 
        l1=[]; 
        l2=[]; 
        d1max=[]; 
        phic=[]; 
        k=[]; 
        n=[]; 
    end 
else 
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    disp ('The Load is a tensile force'); 
   % The load should be a compressive load (-ve)and should 
not be tensile (+ve). 
   l1=[]; 
   l2=[]; 
   d1max=[]; 
   phic=[]; 
   k=[]; 
   n=[]; 
end 

 
References  

[1] Rui Zhang, Patrick Lochmatter, Andreas Kun and Gabor Kovacs, 
“Spring Roll Dielectric Elastomer Actuators for a Portable Force 
Feedback Glove,” Proceedings of SPIE Vol. 6168, 61681T, 
(2006). 

[2] Q. Pei, R. Pelrine, S. Stanford, R. Kornbluh, M. Rosenthal, 
Synthetic Metals, 135-136, 129-131(2003). 

[3] Q. Pei, R. Pelrine, S. Stanford, R. Kornbluh, M. Rosenthal, K. 
Meijer, R. “Full, Smart Structures and Materials,” Proc. of SPIE 
Vol. 4698, 246 (2002). 

[4] Guggi Kofod, “The static actuation of dielectric elastomer 
actuators: how does pre-stretch improve actuation?,” J. Physics. 
D: Appled Physics. 41 215405 (11pp) (2008) 

[5] Woosang JUNG, Yutaka TOI, “Computational Modeling of 
Electromechanical Behaviors of Dielectric Elastomer Actuators,” 
Proceedings of the International MultiConference of Engineers 
and Computer Scientists 2010 Vol III, IMECS 2010,  March 17-
19,  2010,  Hong Kong.   

[6] X. Zhao, W. Hong, Z. Suo, Physical review B 76 (2007). 
[7] G. Kofod, M. Paajanen, S. Bauer, Applied Physics” a-Materials 

Science & Processing 85, 141(2006). 
[8] Z. G. Suo, X. H. Zhao, and W. H. Greene, Journal of the 

Mechanics and Physics of Solids 56, 467-486 (2008). 
[9] R. Zhang, P. Lochmatter, A. Kunz, G. Kovacs, Smart Structures 

and Materials, Proc. of SPIE Vol. 6168 (2006). 
[10] G. Kovacs, P. Lochmatter, M. Wissler, Smart Materials and 

Structures, Vol. 16, S306-S317 (2007). 
[11] R. E. Pelrine, R. D. Kornbluh, J. P. Joseph, Sensors and 

Actuators A 64, 77 (1998). 
[12] J. S. Plante, S. Dubowsky, International Journal of Solids and 

Structures 43, 7727 (2006). 
[13] A. N. Norris, Applied Physics Letters 92, 026101 (2008). 
[14] X. Zhao, Z. Suo, Applied Physics Letters 91 (2007). 
[15] Tianhu He, Xuanhe Zhao and Zhigang Suo, “Equilibrium and 

stability of dielectric elastomer membranes undergoing 
inhomogeneous deformation,” School of Engineering and         
Applied Sciences, Harvard University, (2-10-2008). 

[16] Christoph Keplinger, Martin Kaltenbrunner, Nikita Arnold, and 
Siegfried Bauer, Röntgen’s electrode-free elastomer actuators 
without electromechanical pull-in instability,Applied physical 
science, (December 15, 2009).  

[17] Medhat H. Ahmed and Besada A. Anees, “Parameter 
Optimization in Spring-Roll Dielectric Elastomer Actuator 
Design“,The Journal of Engineering Sciences, Faculty of 
Engineering , University of Assiut,  Assiut, Egypt, 2011. 

[18] Mickael Moscardo, Xuanhe Zhao, Zhigang Suo,_ and Yuri 
Lapusta, “On designing dielectric elastomer actuators,” Journal of 
Applied Physics 104, 093503, (2008). 

[19] Sandeep Pemmaraju, “High voltage charge pump circuit for an 
ion mobility spectrometer”,  submitted for the degree of Master of 
science in Engineering, Electrical Engineering, Boise State 
University, 2004. 

[20] Janusz A. Starzyk, Ying-Wei Jan, and Fengjing Qiu, “A DC-DC 
charge pump design based on voltage doublers” IEEE 
transactions on circuits and systems – I: fundamental theory and 
applications, vol. 48, no. 3, March 2001.  

 
 

Medhat H A Awadalla obtained his B.Sc. degree 
from Helwan University in 1991 in the Electronics 
and Communications Department and his M.Sc in 
the field of reconfigurable computer architecture in 
1996 from Helwan University.  He received his PhD 
from Cardiff University, UK in the field of mobile 
robots in 2005.  He was a postdoctoral fellow at 
Cardiff University in 2006 and currently he is 
working as an Assistant Professor in Helwan 

University.  His research interests include real time systems, parallel and 
distributed systems, grid computing, sensor networks, and robotics. 
 

 
Besada Adeeb Anees obtained his B.Sc. degree from 
Menoufia University in 1977 in the Electronics 
Department and his M.Sc in the field of control in 
2006 from Helwan University.  He is currently 
working in his PhD scheme in the field of Artificial 
Muscles.  His research interests include control 
systems, Fuzzy logic, neural networks, swarm based 
control. 

 
 

 

 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 56



 

 

Performance Modeling and Analysis of Distributed-Based 
Polling Networks  

Salman Ali AlQahtani 
Computer Science Department, King Fahad Security College,  

Riyadh, Saudi Arabia 
 
 

 
Abstract 

In this paper, the performance evaluation of distributed polling 
networks using the analytical equations and a developed 
simulation model is considered. The exhaustive service versus K-
limited service are also investigated and compared. Other main 
measurements such as average cycle time, walking time are also 
compared and calculated. In general, the result of both our 
designed simulation and analytical equations are almost in total 
agreements. Our simulation model and performance evaluations 
can be used as a basis to investigated or develop many polling- 
based wireless protocols. The differences between the analytical 
and simulation values came from the approximation done on the 
analytical equations.  
Keywords: Distribution polling, performance analysis, 
queuing system, system modulation. 

1. Introduction 

Polling is a general way of multiplexing service requests 
for a single server from multiple stations. The basic 
concept of polling network system is to have multiple 
queues accessed by a single server in cyclic order [1-5]. 
polling systems whose study dates from the late 1950’s 
found wide applications, for example in 
telecommunications, transportation, healthcare, etc., and 
have been the subject of numerous studies [6-14]. This is 
because it provides general performance analysis criteria 
for a large number of demand-based and multiple access 
schemes in computer and communication schemes. 
Nowadays, polling has been included as a resource sharing 
mechanism in the Medium Access Control (MAC) 
protocol for several wireless networks, such as wireless 
networks [6,7], IEEE 802.16 broadband wireless networks 
[8], IEEE 802.11 wireless LANs [9-11], and broadband 
wireless networks [12]. In addition, it have been used in 
network such as Ethernet passive optical network [13].The 
concept behind this is because, polling-based one performs 
better in heavy loads, Compared with another contention-
based MAC protocol [14]. 
 
In this paper, we develop a simulation model in order to 
investigate the performance of distributed poling networks 
with exhaustive and K-limited services at certain 

conditions and compared that with the derived analytical 
equations. We aimed from this to make a basis for 
extending this protocol in more MAC wireless protocols. 
Their simulation results are simulated and compared with 
its analytical equations. 
The rest of this paper is organized as follows. In section 2, 
the distributed poling network model is presented. In 
section 3, the simulation model is explained. In Section 4, 
the comparisons between the simulation and analytical 
results are compared. Finally, conclusions are provided in 
sections 5. 

2. Polling Network Modeling  

A polling network is a computer communications network 
that uses polling to control access to the network. Each 
node or station on the network is given exclusive access to 
the network in a predetermined order. Permission to 
transmit on the network is passed from station to station 
using a special message called a poll. Polling may be 
centralized (often called hub polling) or decentralized 
(distributed). In hub polling, the polling order is 
maintained by a single central station or hub. When a 
station finishes its turn transmitting, it sends a message to 
the hub, which then forwards the poll to the next station in 
the polling sequence. In a decentralized polling scheme, 
each station knows its successor in the polling sequence 
and sends the poll directly to that station. To simplify 
matters, we will assume a distributed polling scheme.  
We divide time into alternating types of intervals: polling 
intervals, during which the poll is transferred between 
stations, and transmission intervals, during which the 
station with the poll transmits packets [1-5].  
Polling networks come in three flavors: gated, exhaustive, 
and partially gated as follows [3]: 
• Exhaustive Policy: If an exhaustive policy is in use, 

the server serves all packets at a queue that it finds 
upon arrival there, and the new packets that arrive 
after the server (while serving). 

• Gated Policy: If a gated policy is in use, the server 
serves all packets at a queue that it finds upon arrival 
there, but no new packets that arrive after the server 
will be served.  
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• Limited Policy: If a limited policy is in use, the server 
serves a limited number of packets. 

The polling network model for this simulation uses 
distributed polling. There are N queues indexed by i, 0 <= 
i <= N - 1. There is a single server that moves successively 
from queue i to queue (i + 1) mod N as shown in Fig. 1. 
The rate at witch packets arrive at a station for 
transmission on the network is the same for all stations. To 
simplify the model, we assume all packets except the poll 
are of the same length (constant packet lengths). A station 
that has permission to transmit (received the poll) transmits 
exhaustively, that is, until all massages in its input queue 
have been transmitted. This includes any packets that 
might arrive while the station has the poll and is 
transmitting other packets on the network. Packets arrive at 
each station according to a Poisson or Bernoulli process, 
independent of all other arrivals. The arrival rates at the 
station are identical. 

Central 
Computer

Station i

Station 2

Station 1

Station N
-1

Station N

Poll 
direction

w

λ
i

λ 2

λ1

λ 1−N

λN

 

Fig. 1 Polling Network Model 

The server has a switchover time to go from queue i to 
queue (i + 1) mod N with fixed delay. This is called walk 
time (w) and it is required to transfer the poll from one 
station to another and synchronize the station for 
transmission to the central computer. We assume that the 
distance between stations are equals, so that the walks time 
are equals. The total time required to poll each station and 
return to the starting station in the polling sequence is 
called cycle time and the average cycle time is Tc   as 
shown in Fig. 2.  
 

WService
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Service
Station

i+1
WService

Station M
Service

Station 1
Service
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Fig. 2 Cycle Time of one Poll (M<=N) 

 
The server model for polling system with exhaustive 
service is shown in Fig. 3.  

Station 1

Station M

QM: Exhaustive Service

Q1: Exhaustive Service
w: Waking Time

ServerStation 2

T: Cycle Time

 

Fig. 3 Server Model for Polling Network  

Each packet at queue i requires a service time that is 
related to the packet length, but since the packets size are 
equally likely then the service time is assumed to be 
constant time. The packets service times, walk time (w) 
and packets arrival processes are all mutually independent.  
 

3. Simulation Process Model 

As mentioned in section 2, the polling scheme with 
exhaustive service may be described with the following 
rules.  

• The server polls the stations by sending a POLL 
packet.  

• If the buffer queue of the polled station is not 
empty, then the station responds to each POLL 
packet by sending the data packets from its buffer 
queue exhaustively, that is, until all massages in 
its input queue have been transmitted. This 
includes any packets that might arrive while the 
station has the POLL and is transmitting other 
packets on the network 

• If the buffer queue of the polled station is empty, 
then the station responds to each POLL packet by 
sending an empty (NULL) packet.  

• The exchange ends after the queue buffer is 
empty. 

• After the end of exchange, the server moves on to 
Poll next station.  

• When all the stations have been visited, the 
sequence is cyclically repeated. 

 
In case of K-limited service, the server will serve K 
packets at maximum at each visit. In this case the above 
rules will have the following modification:  
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• The exchange ends after K packets services finish 
or the queue buffer is empty whichever comes 
first. 

• After exactly K packets services finish, the 
exchange ends regardless of the state of station’s 
queue even there are new arrival packets during 
the period of the  this services. 

 
In this research we use C++ platform to simulate the 
studied system. As shown in Fig. 4 , we have three main 
types of events:  

• Packet Arrival event: Packets arrive at queue i 
according to a Poisson process with the rate iλ . 

where the inter-arrival time is exponentially 
distributed, and the Next Arrival Time (Packets) 

= Clock Time + ( - 1/ iλ ln(u)) Where 0 <= u <=1 

• Poll Arrival Event: Next Arrival Time (Poll) = 
Clock Time + WalkTime(w) where w is small 
constant value of time. The sequence of Next 
station= (current station sequence +1) mod N 

• Completion Event: Time of service Completion= 
Clock Time + Service Time (s) where s is 
constant value of time. 

 

Procedure initialize:
Initialize The Model
   1. Set CLOCK=0.
   2. Set Cumulative statistics to 0
   3. Generate Initial events .
   4. Define Initial System State.
Obtain Input Parameters:
  1. Chose Arrival Distribution (Bernoulli or Poisson).
  2. Read Service time , Poll Delay .
  3. Service policy (E,G or L)

Advance Time Procedure:
1. Find Imminent Event e.
2. Advance CLOCK to its Time
3. delete this event from event list.

Join the Queue
Q[k]=Q[k]+1

Collect Statistics

Simulation Over

Check The Type of event e
e=1

NO

e=3 

e=2

Packet ARRIVAL

POLL 
Arrival

COMPLETE

Notations:
Event Type e:
 e=1 : ARRIVAL
 e=2   POLL arrival  .
 e=3 : COMPLETE

Q[k]: Terminals’ Queue
 k= 1…..N
N:  Number of terminals
PS: Polled Station
Queuing Policy:
     FIFO : first-in-first-out.
 Service Policy:
      E: Exhaustive
      G: Gated
       L: Limited

END

Step 1

Step 2

Step 3

Queue Empty?
NO

YES

1-Schedule Next Service Completion
2-Hold the poll

Schedule Next Arrival

Depart From Queue
Q[k]=Q[k] -1

ServicePolicyVoilated ?

Queue Empty ?

Pass POLL to the Next 
Station PS=(PS+1) mod N

NO

YES

YES

Schedule New Service

NO
Schedule Its Next poll

 
Fig. 4 : Simulation Model Flowchart  

4. Performance Analysis 

In this section, we present our performance study for the 
distributed exhaustive and K-limited poling network. The 
delay, throughput and performance of the K-limited 
services polling networks are compared with that of 
analytical equations under different network conditions. 

4.1 Performance measurements and assumptions 

In determining the performance, the following assumptions 
are made: 
• Each station has the same Poisson arrival statistics 

with average arrival rate iλ  packets/second. 

• The walk time (w) between stations is constant and the 
same for every consecutive station. 

• The channel propagation times between stations are 
equal and are included in the walk time (w). 

• Packet length distributions are the same for packets 
arriving at each station. 

The analytical performance measures are derived in details 
in [2-5]. In this paper, the following selected parameters 
will be used to measure the performance: 
• Throughput (S):  the ratio of the total average arrival 

rate to the network to the total capacity of the network 
(both in packets/second). 

R
XMS
__

λ
=     (1) 

Where X is the first moment of packet length and R is the 
channel capacity 

• Average cycle time (Tc): the total time required to poll 
each station and return to the starting station in the 
polling sequence 

S
MwT c −

=
1

    (2) 

• Average waiting delay (W):  it is divided into to 
components  

 the waiting delay in the station buffer while 
other station are being served. 

 the waiting delay in the station buffer while 
the particular station is being served.  

                 
)1(2)1(2

)/1(
__

SR
XS

S
MSMwW

−
+

−
−

=       (3) 

Assuming constant packet lengths  
• Average number of packets stored in a station buffer 

(N) : it is  divided into two parts 
 Those packets that arrive while a station 

inactive 
 Those packets that arrive while the station 

is being served. 
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• Average transfer delay (T): the total average time 

between packet arrival at station and its delivery to the 
central computer. 

W
R
XT ++= τ
__

    (5) 

   
               where τ is the end-to-end prorogation 
delay for the bus. 

 
In the simulation, we assume that: (1) one server and M 
stations; (2) the length of time slot is 10 ms; (3) the 
Switchover time when the server poll the stations from the 
(i)th to the (i+1)th is one slot; (4) the arriving process of 
the packets is according to Poisson arrival process. 
(Arrival rate =0.4 packets/sec , Tc=0.2 sec, w=0.05 msec) 
 

4.2 Comparing analytical and simulation results 

In this section we compare the results of our simulation 
model with the analytical equations described in section 
4.1. The comparison of simulation results and numerical 
results obtained from solution of the analytical model in 
terms of average delay and average number of stored in 
station buffer are depicted in Fig. 5 and Fig. 6. From these 
figures, the two results are almost in total agreements. The 
differences between the analytical and simulation values 
came from the approximation done on the analytical 
equations.  
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Fig. 5 Mean total delay versus Throughput 
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Fig. 6 Average number stored in station buffer versus Throughput 

4.3 System performance at different conditions  

Effects of increasing the total number of stations: the 
effect of increasing the number of stations on the 
performance of polling networks is shown in Fig. 7 and Fig. 
8. As we expected, increasing the number of stations will 
increase the cycle time, and thereby increasing the waiting 
time of a packet. Consequently, increasing the waiting time 
will increase the average number of stored packets at 
station.  
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Fig. 7 Mean delay versus throughput at different number of stations 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 60



 

 

0

5

10

15

20

25

30

35

0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9

Throughput_S

N

N_M=5 N_M=50 N_M=100

 

Fig. 8 average number of packets stored at a station versus throughput at 
different number of stations 

Effects of increasing the walking time: the effect of 
increasing the walking time on the performance of polling 
networks is shown in Fig. 9 and Fig. 10. As we expected, 
increasing the walking time will increase the cycle time, 
and thereby increasing the waiting time of a packet. 
Consequently, increasing the waiting time will increase the 
average number of stored packets at station.  
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Fig. 9 Mean total delay versus throughput at different values of walking 
time 
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Fig. 10 average number of packets stored at a station versus throughput 
at different values of walking time 

Average Transfer delay and average cycle time: The 
total time required to poll each station and return to the 
starting station in the polling sequence is called cycle time. 
Fig. 11 shows T and Tc/2 versus S with different walking 
times. This figure verifies that Tc/2 is an excellent 
approximation for T if Mw is sufficiently large. 
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Fig. 11 average transfer delay and Tc/2 versus throughput at different 
values of walking time 

4.4 Exhaustive service versus K-limited service 

It is well-known that in a polling system, exhaustive 
service has the highest efficiency, 1-limited service has the 
lowest efficiency. But this issue is correct in certain 
conditions. In this section the performance of polling 
networks using exhaustive service policy versus K-limited 
service policy in terms of average transfer delay are 
compared. Using the parameters: Arrival rate=0.4, 
M=5,w=0.1 ms, we show how the mean transfer delay vary 
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with parameter K . As shown in Fig. 12, the performances 
of two service policies are the same for the case of low and 
medium traffic load. For high traffic load, the transfer 
delay of K-limited service policy is less than exhaustive. 
However, when the parameter K is large enough, it 
functions nearly like the exhaustive service.  
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Fig. 12 Transfer delay versus throughputs for Exhaustive and K-limited 

 

5. Conclusions 

In this paper we have modeled the performance of 
distributed poling networks under exhaustive and K-
limited services at certain conditions. From examination of 
the equations and plots given in previous sections, we can 
make some comments on the design of polling networks. 
In fact, it is important to keep average of transfer delay and 
average of stored packets per station as small as possible. 
So, to do that, the number of stations should be restricted 
when the walking time is large and, correspondingly, if 
large number of stations is required, we should try our best 
to keep the walking time as small as possible. 
 Also, both average of transfer delay and average of stored 
packets per station increase with throughput. Thus, as 
throughput increases, the performance in terms of delay 
will decrease, and more storage is required at the network 
stations. 
In case of low and medium traffic load environments, the 
exhaustive and k-limited service disciplines are almost the 
same. However as throughput increases, k-limited service 
disciplines will provide more fairness than exhaustive. But 
as K becomes large enough, the performance K-limited 
discipline approaches the exhaustive. 
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Abstract 
In this paper, we present the mechanical models that are devoted 
to the elastic properties of one-dimensional composite. We have 
compared the equivalent coefficients of one-dimensional 
composite, resulting from different models. The validation of the 
results was made through effective experiments on a one-
dimensional composite consisting of fibers of alumina and a 
matrix of aluminum. This study allows us to better assess the 
rigidity of composite structures, and the results of calculation of 
the mechanical behavior, resulting from each model. It appears 
that the finite element model is the best suited to the approach of 
a refined conception.  For more insurance, we have chosen to 
make our calculations by finite element in the three-dimensional 
case, using the technique of homogenization by asymptotic 
development.  
Keywords: homogenization method, finite elements method, 
material composites 

1. Introduction 

The composite materials are used in the majority of the 
high mechanical performances structures. Nowadays their 
presence in all the technical fields, justifies this 
importance. In this work we present the mechanical models 
are devoted to the elastic properties of composites. There 
is a basic and practical reason, for that to most of the 
applications structural of composite materials, 
instantaneous resistance of these materials is not the 
decisive criterion for the dimensioning, which must face- 
as well as behavior with the impact, of deterioration or 
ageing under static load. The other reason is that, while the 
elastic properties can be the subject of rather correct 
forecasts, the characteristics of the instantaneous ruptures 
and a fortiori the characteristics of the differed ruptures, 
behavior to the shock, deterioration or all characteristics 
strongly dependent on qualitative aspects, like the  
 

 
 
conditions of manufacture and environment, cannot be the  
subject of sufficiently general quantitative precise details. 
The objective of this work is initially to locate the state of 
progress the work of the mechanical modeling of the 
composite structures and to determine the models available 
with their possibilities, their limitations [4, 11, 18 ]. It 
provides a catalogue of concrete results, either resulting 
from the bibliography or calculated by our method starting 
from the theoretical concepts which make it possible to 
define models of increasing complexity which will be 
useful, bases for the modeling of other types of 
composites. 

2. Principle of the equivalent medium 

It is completely unimaginable to consider a direct 
calculation which requires a discretization of the whole 
composite structure. Generally, the shape of the composite, 
the geometric complexity of its basic constituents and the 
tedious nature of the mesh by finite element do not allow 
taking consideration of the composite geometry.  To 
circumvent these difficulties, many researchers have 
proposed models that appeal to rational micromechanical 
notions. Thus, we can predict the mechanical performance 
of composites and their ultimate resistance. This is done 
through the nature and the provision of basic components.  
In this case, the composite area is considered as 
homogeneous but anisotropic: this is the principle of 
equivalent homogeneous area. This principle is based on 
replacing a real, highly heterogeneous composite material 
by equivalent homogeneous material. The approach is 
based on the notion of the details macroscopic behavior, 
neglecting the influence of the microscopic or those 
inherent in the composition of the composite. To conduct 
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this analysis of behavior, it is necessary to define an 
elementary sample, represent a volume of the structure and 
its heterogeneity, on a microscopic scale. This 
representative volume plays the classic role of continuous 
mechanics of volume element. This idea involves a 
concept of statistics average, in which the actual 
constitution of the material is idealized in considering a 
continuous medium. Once the model of continuity is 
admitted, the concept of homogeneity is deducted.  
However, as close as the disparity between the different 
components is too large or that geometric continuity of 
heterogeneity is not acquired, it will be required have 
homogenization models of percolation or the methods of 
self consistent [ 4, 8, 16 ]. The mechanical characteristics 
of the material and analysis properties are defined from a 
basic of elementary volume and representative, small 
enough to account for microscopic composite to study, but 
large enough as to the fiber diameters and their separating 
distances. This representative volume sets the state of local 
stress, induced by external displacement of loads and 
boundary conditions [19]. This state represents requires of 
the volume, placed inside the real composite. The solution 
of the problem is made through the analysis of the stresses 
and deformations in the elementary volume, to establish 
relations of elastic behavior. Generally, an exact solution 
requires a complex procedure which is not always 
applicable without introducing simplifying assumptions. 
This is what limits the scope of this type of analysis 
prediction.  

3. Empirical methods 

We observe, in the literature, two types of models 
interested in the prediction of the composite materials 
elastic behavior. The first models are global and allow 
estimating the mechanical performance on a global scale. 
These models are limited to the determination of 
equivalent elasticity coefficients. In contrast, the second 
family of models is local and allows, not only, to determine 
the equivalent elasticity coefficients, but it also allows to 
go back on a microscopic scale to locate the possible 
interactions that can exist between the fibers and the matrix 
and identify zone of damage. We take into account the 
work of Hashin-Shtrikman [9,10], [13, 14] Hill, Hashin-
Rosen [11], Christensen [5] and Hashin [12] who have 
token an approach to the fibrous composite case, in which 
fibers can have sections of circular, elliptical or square 
shapes and can be distributed randomly or following a 
hexagonal and identical diameters. The developed models 
are based on a variational method using the elastic strain 
energy theorems, in a representative elementary volume of 
the composite. Through other works in this framework, 
there are many semi-empirical methods in which weights 

coefficients, are introduced to adapt to a restricted 
application environment. In this context, it was noted the 
models developed by Tsai [21] [17, 18] which are related 
to the composite Puck reinforced one-directional fiber of 
square or circular and distributed sections following 
repetitive rectangular or hexagonal shapes. To account for 
potential irregularities distribution or alignment of the 
fibers, Tsai introduced a factor of contiguity of the fibers. 
However the empirical determination of these factors 
limits the scope of certain models in calculation of 
forecast. The distinction between the models is located in 
the strict framework of their assumptions or on their 
adjustment more and less empirical by correcting 
coefficients, so that results are consistent with the 
experience. 

4. Homogenization of periodic structures 
composites. 

The 1970s knew a new orientation of the homogenization 
technique of composite materials. The first work generated 
mathematical progress on the side. In particular, the use of 
functional analysis for the formulation of the mechanics 
heterogeneous environments problems. The work of 
Sanchez - Palencia [20], Duvaut [6], chaffoui [7] showed 
that the theory of homogenization can provide an excellent 
mathematical response for the determination of the 
mechanical properties of composites with periodic 
structure [1, 2, 3].  By supposing that the period is small 
compared of dimensions studied area, going to the 
extremities allows to calculate macroscopic and 
microscopic sizes exactly which are often inaccessible to 
the experiment. We noted that this technique is well 
adapted to calculations by finite elements. 

5. Applications 

It is about comparing the equivalent coefficients of a one-
dimensional composite, resulting from the various models. 
The validation of the results was made through 
experimental tests carried out on a one-dimensional 
constituted an aluminum of fibers alumina of matrix. The 
rate of impregnation out of matrix is 50 %. The fibers are 
parallel to the longitudinal direction of the E3 module and 
their sections are circular of ray R = 5,75 µm. Mechanical 
characteristics of the components are: 
- For the matrix: Em = 70 Gap,   vm =  0,33  
- For the fibre: Ef  = 380 GPa,   vf= 0,25. 
For more insurance, we have chosen to make our 
calculations of finite elements in the three-dimensional 
case, by using the technique of homogenization by 
asymptotic development, where the basic period form 
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parallelepiped (Fig. 5. c), and the two-dimensional case 
which form the base period a square (Fig. 5. b). However 
geometrical symmetries compared to y1 and y2, lead to 
orthotropic isotropic and make it possible to reduce the 
field of the useful mesh for calculation, with the quarter of 
the period.(Fig. 6, a. 2D problem) et (Fig. 6. b. 3D 
problem). 
Table 1 presents a comparison of the elastic modules 
resulting from the tests by ultrasonic evaluation non 
destructive (test 1) and from the mechanical tests (test 2), 
with the results, resulting from the empirical formulations, 
on the other hand, and with calculations of homogenization 
by finite elements We constant in the analysis of these 
results that the model calculations of homogenization by 
finite elements is the best performing, with compared the 
empirical methods. 

6. Influence basic materials. 

To determine the influence of the mechanical 
characteristics of the materials that constitute the 
composite, we varied the module of elasticity of fiber 
(fig.1-2) and of the matrix (fig.3-4). The variations of the 
elastic modules show the same observations mentioned 
above with knowing, the influence of coefficient of 
adjacency in the formulated of (Tsai) and the behavior of 
the results of the calculations by finite elements compared 
to the empirical formulae. Nevertheless, we note that the 
slopes of the curves are significantly different and depend 
on the module of the component that has been varied (Ef 
for fiber or Em for the matrix).  
 

Table 1: Comparison of the elastic coefficients. 
 E

3
(GPa) E

1
 = 

E
2
(GPa) 

G
12

(GPa) G
13

 = G
23

(GPa) v
12

 v
13

 = v
23

 

Test 1 233,3 141,9 51,8 54,6 0,368 0,291 

Test 2 223,0 138,0 - - - - - - - 52,0 - - - - - - - 0,310 

Puck 225,0 181,8 - - - - - 73,9 - - - - - 0,290 

Hashin 225,0 125,4 - - - - - - - 54,9 - - - - - - - 0,290 

Tsai 213,8 154,2 - - - - - - - 72,9 - - - - - - - O,278 

Withney 225,1 154,2 - - - - - - - 54,9 - - - - - - - 0,291 

F. E. M. 223,5 140,5 50,1 55,1 0,371 0,286 
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Fig. 1  Variation of the module EL in function Ef 
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Fig. 2  Variation of the module GLT in function Ef 
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Fig. 3. Variation of the module ET in function Em 
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Fig. 4.  Variation of the module GLT in function Em 

 

 

 
Fig.5 Geometry composite of one-dimensional and definition of the 
period 
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Fig. 6. a  Mesh quarter of the period (2D problem) 
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Fig. 6. b  Mesh quarter of the period (3D problem) 

7. Conclusions 

This study allows to better assessing the composite rigidity 
of the structures, and the results calculation of the 
mechanical behavior of each model forecasting. It appears 
that the finite element model the best adapted to the 
approach of a refined conception. We constant in the 
analysis of these results that the model of calculations of 
homogenization by finite elements is the best, compared 
with the empirical methods.  
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Abstract 
In this paper, we propose an idea to use subword synthesis units 
to generate novel word sound of Malay language. The subword 
synthesis units were carefully created based on Malay phoneme 
adjacency analysis. The phoneme adjacency analysis was used to 
find out which adjacent phonemes that would not introduce 
audible distortion if the phonemes were concatenated. Besides 
phoneme adjacency factor, we also include prosodic features in 
selecting the subword synthesis unit. Thus, by considering both 
phoneme adjacency and prosodic feature in selecting the 
subword units, a smooth sound of novel word can be obtained.  
 
Keywords: Subword Concatenation, Phoneme Adjacency 
Analysis, Concatenative synthesis, Speech Synthesis, Malay 
language. 

1. Introduction 

The work presented in this paper is part of work done for 
Malay speech synthesizer pilot system called UTMK-MSS 
system.  UTMK-MSS system was developed based on the 
approach that prioritizes naturalness before flexibility 
aspect. The reason why naturalness prioritized before 
flexibility is because most Malay Speech synthesizer 
systems are flexible but their naturalness quality needs to 
be improved. 
 
Naturalness quality can be achieved in speech synthesizer 
system if both segmental quality and prosodic quality of 
the voice systems are high.  Synthesis voice with high 
prosodic quality is when there are no mismatched of 
duration, pitch and intensity between the joined speech 
units. In the other hand, high segmental quality is when the 
joined units do not have audible discontinuity that is 
caused by spectral mismatched [1]. 

 

Thus, in order for the UTMK-MSS system to speak 
naturally, the system need to choose speech units that once 
concatenated will introduce less or none audible distortion 
caused by the prosodic and segmental mismatched. In 
UTMK-MSS system, prosodic mismatches are avoided by 
selecting the most appropriate speech units using NLP 
approach (see Fig.1). Whereas to avoid segmental 
mismatched, only larger chunks are considered: Word and 
subword.  
 
Subword unit is the synthesis unit that will be used to 
generate novel word unit.  However, the concatenation of 
this unit potentially can degrade the naturalness of 
generated speech that caused by the segmental (spectral) 
mismatched. Thus, we avoid the possible of subword 
segmental mismatched by only synthesizing novel word 
from the list of subword unit that do not cause audible 
distortion.  
 
These subword units were created based on the result of 
phonemes adjacency analysis. It was an analysis that listed 
out which Malay phonemes can be adjacent with other 
Malay phonemes without audible discontinuities. We 
gathered the findings of other researchers about non-
audible phonemes concatenation and used it as a guide for 
non-audible Malay phonemes adjacency, which then used 
to build the subword unit lookup as in Fig. 1. 
 
The phoneme adjacency analysis procedure and result, and 
also how we build the subword lookup are being described 
in section 2. In section 3, we explain how novel word 
sounds are created using subword concatenation.  
Afterwards, the evaluation on the subword concatenation 
will be in section 4 and 5. Finally in section 6, we end our 
paper with conclusion and discussion. 
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Fig. 1: The overall of UTMK-MSS process.  

 

2. Malay Phoneme Adjacency Analysis 

The subword lookup (see Fig. 1) is built based on the 
result of phonemes adjacency analysis.  Building the 
subword unit lookup required two steps; (1) to find out 
what phonemes adjacent to other phonemes that will not 
introduce audible distortion, and (2) to build a list of 
subwords from the existing word synthesis units based on 
the list of phonemes in step (1).  
 
2.1 Phoneme Adjacency Analysis 
 

Table 1:  Malay consonants and vowels. 
 
Consonants 

 
Stops (7): /g/, /d/, /b/, /p/, /t/, /k/, /ʔ/ 
Affricates (2) : /ʤ/,  /ʧ/ 
Fricatives (9): /s/,/f/,/v/,/z/,/ʃ/,/θ/, /ð/, /x/, 
/ɣ/, /h/ 
 
Liquid (2): /r/, /l/ 
Nasal (4): /m/, /n/, /ɲ/,/ɳ/ 
Semi-vowel/glides (3): /w/,/j/ 
 
 

 
Vowels 
 
 

 
/a/, /e/, /i/, /o/, /u/, /ǝ/ 
 

  
Dipthongs /ai/, /ao/, /au/ 

 
 
The phonemes in Malay consists of 27 consonants, 6 
vowels and 3 dipthongs [2][3] (see Table 1). 
 
In [4]’s  study,  the  stop, fricatives  and  affricates  would  
not introduce discontinuities if spliced is happened 
between these consonants. Therefore, we perceptually 

tested the joined of the inter-categories and intra-categories 
of those consonants for Malay. Two samples of phonemes 
were took out from each category and tested for their 
combination (see Table 2 and Table 3).  The perceptual 
test was done by concatenating subwords from bisyllabic 
or polysyllabic word and had been recorded in isolated 
manners. 
 
In perceptual test 1 (Table 2), we purposely chose /h/ to 
represent fricatives consonant. This is because /h/ is 
identified as glide in [3], but [5] and [2] stated that /h/ 
belongs to fricative consonants. Since we are interested in 
fricative consonants, therefore /h/ has to be considered in 
the test. 

Table 2: Perceptual test I. 

 Stop Fricative     Affricate 
 

Stop 
 
 

/p/ and k/  /k/ and /z/   
 
/k/ and /ʧ / 
 
 
 

 

 
Fricative 

/ɣ/ and /t/ 
 

/f/ and /z/ 
/ɣ/ and /s/ 
/h/ and /z/ 

/h/ and /ʧ/ 
/f/ and /ʧ/ 

 
Affricate /ʤ/ and /t/ /ʤ/ and /s/ 

/ ʤ / and /h/ 
/ʧ/ and /ʧ/ 
/ʤ/ and /ʧ/ 

 

Table 3: Perceptual test II. 

 Alveolar Dental    Palatal 
 

Alveolar  /n/ and /z/ 
/s/ and /z/ 
/t/ and /z/ 
/l/ and /z/ 

 /k/ and / ð /   /z/ and /j / 

 
Dental /ð/ and /t/ 

 
/ð / and /s/ 

 
/ð / and /j/ 

 
Palatal /j/ and /z/ / ð/ and /j/ /ɲ/ and /j/ 

 
 
Based on the perceptual test 1, the joint of phonemes either 
within the inner or between the outer categories did not 
produce audible discontinuities. As for affricate /ʧ/, the 
result obtained was similar to [4]’s finding, and therefore, 
the suggestion made by [5] was disregarded. In the other 
hand, perceptual test on /h/ turned out to be as smooth as 
the other tested fricatives. 
 
Tests were also carried out to find whether it is also true 
for consonants from alveolar, dental and palatal, if were 
replaced with each other, will not produce audible 
distortion. This information is useful if one wants to obtain 
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subword ended with vowel, but, unable to find the matched 
adjacent consonant of the next subword. 
 
For an example, if the word to be synthesised is diazan 
(‘uttering the moslem call prayer’), but, the speech corpus 
only contains the words azan (‘the moslem call for  
prayer’) and dialas (‘putting a cover’). The subword unit 
/dia/ can be extracted from the word dialas (‘putting a 
cover’) and concatenates it with the subword unit /zan/ 
from the word ‘azan’ (‘the moslem call for  prayer’). 
 
In Malay, the consonants under these three categories are: 
(1) alveolar - /t/,/d/,/s/, /z/, /n/, /l/, (2) dental - /θ/, /ð/ and 
(3) palatal - /ɲ/, /j/.  Again, two samples of phonemes from 
each category are chosen for the perceptual test.  The 
joints of the inter-categories and intra-categories of those 
consonants were tested out perceptually (see Table 3).  The 
combination of all of the phonemes sounded natural except 
a ’click’ happened between the joint points.  Since by 
using fading-out and fading-in effects, the ’click’ sound 
can be removed or reduced, the phonemes of alveolar, 
dental and palatal are included in the subword lookup list. 
 
 
2.2 Building the Subword Lookup  
 
Using the phonemes adjacency result in section 2.1, we 
built a list of subword that will not introduce audible 
discontinuities when the subwords are joined together. 
Since the subwords units will be used to synthesize new 
word, therefore, the list of subwords unit must be created 
from the existed words in the speech corpus. 
  
Creating the subword unit lookup was done according to 
these steps: Firstly, all words (strings) from the speech 
corpus were extracted out. Secondly, automatically using 
[7]’s program, letters were converted into phonemes and 
syllabified into phonemized words.  Finally, based on the 
result of phoneme adjacency analysis, syllables were 
united with their adjacent syllables, if their adjacent 
phonemes were not any of the tested consonants (see Table 
2 and Table 3). This is how the subword unit lookup was 
built.  Fig. 2 presents the overall process of building the 
subword unit lookup based on the phoneme adjacency 
analysis. 
 
The words units in the speech corpus are annotated with 
Part-of-Speech (POS), types of phrase break and 
prominent marks (or none if the word is not prominent).  
Therefore, the subwords will also inherit the same prosodic 
features from word which the subwords were obtained. 
 

 
 

 

Fig. 2 The overview process of subword unit lookup.  

 
 
Table 4 shows the example of indexed subword unit 
lookup. In Table 4, subword string that contains numerical 
of ‘0’ or ‘1’, indicating the position of the syllables of the 
subword unit within the word. Numerical ‘0’ signifies that 
the subword located at the first syllable of a word, and ‘1’ 
indicates the subword unit is a final syllable(s). The 
subword without numerical ‘0’ and ‘1’ means that the 
subword is a middle position syllable(s). For example, in 
Table 4,  the subword /sil1/ is from the final syllable of the 
word komunikasi (‘communication’), inherits noun as POS, 
with the starting time of 7.54 ms and ended at 7.98 of the 
wave file (with node ID 2879 ). 
 

Table 4: The example of subword unit lookup entries. 

Subword POS & 
Prosodic 

Start 
Time     

End 
Time 

String ID 

 
0komu N,1 7.07 7.26 

 
komunikasi 

 
2879 

 
nika N,1 7.26 7.54 

 
komunikasi 

 
2879 

 
si1 N,1 7.54 7.98 

 
komunikasi 

 
2879 

3. Subword Units Concatenation 

The subword concatenation is a concatenation of synthesis 
unit which is smaller than word units, or a process known 
as ’build new word’ in Fig.1.   
 
As mentioned before, in order not to degrade a synthesized 
utterance, both segmental and prosodic must not have any 
mismatches. Segmental mismatch will be avoided by 
joining subword units that will not introduce audible 
distortion, whereas for prosodic mismatch, we avoid it by 
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selecting subword based on the subword prosodic features 
and its position in a sentence. 
 
As pointed out by [6] in their syllable re-combining rules 
that the position of syllable within a word is not important 
except when the word located at the start and the end of a 
phrase. The rules can be also applied to subword. However, 
we want to be very particular on the location of subword 
not only at the phrase level but also at the word level, 
especially on the first and last position of subword segment 
in a word. Subword located at the first and the last position 
in a word must be replaced with the same subword with 
similar positions in order to avoid audible distortion. 
 
The subword matching steps are similar to the steps of 
building the subword unit lookup. In the subword matching, 
the first step is to convert the letters in the unmatched word 
into phonemes. Then, the phonemized words are 
segmented into syllables using the same syllabification 
rules of [7]’s program.  Symbol of ’0’ and ’1’ are 
appended to the first syllable and the last syllable 
respectively. Using the phoneme adjacency rules in Table 
2 and Table 3, the syllables segment in the word are re-
segmented. 
 
A program’s output below shows the output of every step 
to create subwords strings of the unmatched word for 
subword matching. 
 

UNMATCHED WORD    : menjelaskan 
PHONEMISED WORD   : m e n ʤ ǝ l a s k a n 
SYLLABIFICATION   : men.ʤǝ.las.kan 
SYLLABLE POSITION : 0men.ʤǝ.las.kan1 
RE-SEGMENTATION   : 0men.ʤǝlas.kan1 

 
The string delimited by "." of the RE-SEGMENTATION 
output in output source code  above  will  be  used  to  be  
matched  against  the  subword  unit  lookup. In the 
matching, both subword string and prosodic features are 
used to retrieve the matched subword unit. The reason to 
use the prosodic features instead of POS is because we 
assume matched prosodic features will ensure no or less 
prosodic mismatch occurs between the joined subword. 
We do not prioritize POS since we want a higher number 
of subword unit candidates to be retrieved.   
 
Besides the prosodic features, subword units that come 
from the same wave are given priority compared to 
subword unit from other wave file with similar POS and 
prosodic features.    
 

 
 Figure 3 An example of which prosodic features and subword 
originated from the same wave file are given higher priority. 

 
For example, in Fig. 3, the subword unit of /0men/, 
NOUN,$’ was chosen based on the prosodic value of ’$’ 
although its type of POS is different from the target 
subword. The subword unit of /kan2/ with SSTC-ID 
of ’112’ was chosen instead of the other subword /kan2/, 
since it comes from the same wave file as the other chosen 
subword unit. 
 

4. The Smoothness Test 

In order to evaluate whether the joint between the subword 
units is smoothly concatenated, we ran a smoothness test. 
The smoothness test is a subjective test where subjects will 
listen and choose which subword joints are smooth and 
which are not.  In this paper, the smoothness test was 
conducated by replicating the same smoothness test 
conducted by [8] and [9]. 
 
We use the smoothness test setup of [8] [9] because our 
objective and their experiment objective are the same; that 
is to assess the joint of small speech units (the size of 
speech unit smaller than words). In the next subsections, 
we will describe in detail the data test use, description of 
participants and how the test conducted. The result 
obtained will be discussed in next section, which is section 
5.  
 
4.1 Participants, Test Data and Procedure 
 
4.1.1 The Participants 
 
The participant of our smoothness test was about 37 people 
that were invited through phone calls, meeting-in person 
and e-mails. All of the participants were Malay native 
speakers with no hearing problem. The reason why only 
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native Malay was chosen was because native speaker’s 
judgment is more competent than the non-native speaker, 
due to the native speaker better language knowledge than 
non-native speakers [12]. The gender distribution of male 
and female was also balanced with 51% were female and 
49% male. We also only invited participants who were not 
working as language technologist. A language technologist 
defined here is a person who is working in speech 
technology, natural language processing or understanding, 
computational linguistics and other related fields in speech 
and language.  This is to ensure the test is done based on 
the people who has no idea about the state-of-arts of 
speech synthesis and thus, real user’s judgement on 
smoothness quality in speech synthesis can be captured. 
Since aged people might have hearing problems, and 
young people might not sensitive enough to express their 
judgement, the smoothness test were only taken by people 
who are aged above 20 but not over 50 years old.  
 
4.1.2 Test Data 
 
Since, we unable to have all the words in the target 
sentences to be synthesised with subwords unit, the sound 
test for the smoothness test were made up by combining 
the concatenation of word and subword synthesis units in 
total of only five sentences (.wav files).  
 

Table 5: The test data for smoothness test. 

Sound Unit concatenation 

Estc1 
{penggunaan}{0me}{dia1}{0ter} 
{diri1}{0da}{lam1}{0ben}{tuk1} 
{0komu}{nika}{si1}{#}{yang} 
{0men}{gunakan1}{radio} 

Estc2 
{agak}{0je}{las1{0un}{tuk1} 
{0me}{nerang}{kan1}{dakwah}{tertentu} 
{#}{0kera}{na1}{dapat}{memahami} 
{0ting}{kah1{laku}{0se}{seorang1} 

Estc7 
 
{bab}{0ter}{sebut1}{0men}{je}{laskan} 
{dan}{0meng}{huraikan1}{motif}{dan} 
{sikap}{mereka} 

 
 

Estc8 
{kehidupan}{yang}{0ber}{lumba1} 
{0un}{tuk1}{0men}{cari1}{kekayaan} 
{membuat}{0ki}{ta1}{jahil} 

Estc10 
{matlamat}{penyampaian}{dakwah} 
{0a}{da}{lah1} {supaya}{0ma}{nu}{sia1} 
{0men}{ja}{di1}{baik} 

 
In Table 5, the curly bracket symbol shows the length of 
synthesis units, whether word or subword were used in the 
synthesised sentences. The symbol ’#’ represent a silence 
unit and the appended number ’0’ and ’1’ meaning part of 
the subwords sound are initial syllable or final syllable. 

 
4.1.3 The Procedure 
 
[8] and [9] conducted their smoothness tests by asking the 
participant to listen to a synthesised sentence and 
expressed their judgement on the smoothness of joint 
synthesis units. In the smoothness test of [8] and [9], the 
participants were asked to mark words that did not sound 
smoothly. In our smoothness evaluation test, we asked the 
participants to mark (by ticking) the empty box next to the 
word that they perceived as not smooth. 
 
 A simple GUI program was developed to conduct the 
evaluation test.  The participants used headphones or 
speakers to listen to the test sound when they clicked to the 
corresponding buttons. The participants can replay the test 
sentences as many times as they want to.  

5. Performance Measure for Smoothness Test 

The performance measure we used for the smoothness test 
was by adapting the performance measures of phrase break 
in [10] and [11]. By replacing (see Table 6 formula 
acronym definition): 
 

• Total junctures (N) as the total of words and joint 
subwords (TSWW). 

• Total breaks (B) as total of joint subwords (TSW). 
• The deletion error (D) as total of joint subwords 

perceived as word (SWW). 
• Insertion error (I) as the total of word perceived 

as joint subwords (WSW). 
 
The formula for BC and JC in [10] and [11] were used 
according to our assessment objective. 

Table 6: Data collected from smoothness test 

Abbreviation Description Total 
words 

 
TSWW 

Total  of all words and joint 
subwords 1656 

 
TSW Total of all joint subwords 864 

 
TW Total of all words 792 

 
 

SWSW Total of not smooth joint 
subwords 364 

 
WSW Total of not smooth words 140 

 
SWW Total of smooth joint 

subwords 500 

 
WW Total of smooth words 652 
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The BC formula in [10] was adapted to measure the 
percentage of subword sounds that were perceived as not 
smooth by the participants. We named this formula as 
SWSW-CORRECT. 

 

  (1) 

 
We adapted the JC formula in [10] for SWW-
INCORRECT calculation that measures how many percent 
of subword and word that were not smoothly perceived by 
the participants. In JC formula, S value is included since it 
is referred as the type of phrase break predicted. However, 
we ignored S since we do not differentiate the joining of 
subword. We also ignore I, and instead we replaced it the 
value of WW. This is because we have to get rid of any 
word that was perceived as smooth. 
 

              (2) 
 
We again adapted the BC formula to calculate the 
percentage of word sounds that were smoothly perceived 
by the participants. We named the modified BC formula as 
WW-CORRECT. 
 
 

  (3) 

 
 

Table 7:  The assessment scores result. 
Description Measurement Words (%) 
Subword perceived 
as not smooth 

SWSW-
CORRECT 

 42.13 

Subwords and 
words perceived as 
not smooth 

SWW-
INCORRECT 

30.43 

Word perceived as 
smooth 

WW-
CORRECT 

82.32 

 

6. Discussion and Conclusion 

The objective of the perceptual smoothness test was to find 
out the percentage of non-smooth joint subwords. Since the 
joint subwords came from the list of subwords that were 
assumed would not create audible distortion, therefore, the 
value of SWSW-CORRECT should be lower and closer to 
zero percent. Based on the result presented in Table 7, we 
can conclude that the result of 42.13% is considered as bad 
result for our objective, which is to have none or less 
audible distortion for subwords concatenation. However, 
the result of word perceived as smooth (WW-CORRECT) 
with only at 82.32%, gives an impression that bad result of 
SWSW-CORRECT is not solely contributed by the 
subword concatenation. Since the word synthesis unit is 
not relevant for segmental mismatch (spectral mismatch), 
therefore, the audible distortion (non-smoothness) in the 
smoothness test was more likely caused by the prosodic 
mismatch.  However, with only 30.43% of non-smooth 
word and joint subwords sounds perceived by participants, 
suggested that the approach of selecting word and subword 
unit for synthesis was not bad after all. 
 
We would like to suggest that possibly, the culprit of the 
non-smoothness in the joint subwords was not only at the 
segmental mismatch but also at the prosodic mismatch. 
This was due to the fact that word unit was also perceived 
as non-smooth by the participants when word unit has 
nothing to do with segmental mismatch. In other words, the 
whole process of selecting speech unit for synthesis 
requires further investigation for an improvement, not only 
at the subwords units but also at the word units. 
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Abstract 
 
In recent years, many algorithms based on kernel principal 
component analysis (KPCA) have been proposed including 
kernel principal component regression (KPCR).  KPCR can 
be viewed as a non-linearization of principal component 
regression (PCR) which uses the ordinary least squares 
(OLS) for estimating its regression coefficients. We use PCR 
to dispose the negative effects of multicollinearity in 
regression models. However, it is well known that the main 
disadvantage of OLS is its sensitiveness to the presence of 
outliers. Therefore, KPCR can be inappropriate to be used 
for data set containing outliers. In this paper, we propose a 
novel nonlinear robust technique using hybridization of 
KPCA and R-estimators. The proposed technique is 
compared to KPCR and gives better results than KPCR. 
Keywords: Kernel principal component analysis, kernel 
principal component regression, robustness, nonlinear 
robust regression, R-estimators.  

1. Introduction 

Kernel principal component analysis (KPCA) has been 
proposed to be used for nonlinear systems by mapping 
an original input space into a higher-dimensional 
feature space, see [3, 9, 17, 18] for the detailed 
discussion, and becomes an attractive algorithm 
because it does not involve nonlinear optimization, it is 
as simple as the principal component analysis (PCA) 
and it does not need to specify the number of principal 
components prior to modeling compared to other 
nonlinear methods. In recent years, many nonlinear 
algorithms based on KPCA have been proposed 
including kernel principal component regression 
(KPCR) which can be viewed as a non-linearization of  
principal component regression (PCR) and  dispose 
the effects of multicollinearity in regression models [6, 
8, 14, 15, 16, 22]. However, KPCR was constructed 
based on the ordinary least squares (OLS) for 
estimating its regression coefficients which was 
sensitive to the presence of outliers. An observation is 
called outlier if it does not follow the OLS based linear 

regression model. When we use OLS to estimate 
regression coefficients then outliers have a large 
influence to the prediction values since squaring 
residuals magnifies the effect of the outliers. Therefore, 
KPCR can be inappropriate to be used when outliers 
are present. 
 
In previous years, several techniques have been 
developed to overcome the negative effects of outliers 
such as R-estimators which was a robust method based 
on the ranks of the residuals [7, 11]. However, the 
previous works applied it for tackling the effect of 
outliers in the linear regression model. We should 
notice that the estimate of regression coefficients using 
R-estimators is obtained through solving a nonlinear 
optimization problem. To obtain the estimate of 
regression coefficients, we can use several techniques 
for solving this nonlinear optimization problems such 
as genetic algorithms (GAs), simulated annealing and 
particle swarm optimization [2, 4, 5, 12, 13, 21, 23]. 
However, applying R-estimators in the ordinary 
regression still yields linear models which have 
limitations in applications. 
 
In this paper, we propose a novel robust technique 
using hybridization of KPCA and R-estimators to 
overcome the limitation of KPCR and R-estimators in 
the linear regression. We use KPCA to dispose the 
effects of multicollinearity in regression and to 
construct nonlinearity of prediction model by 
transforming original data into a higher-dimensional 
feature space and perform a kernel trick to have a 
multiple linear regression in this space. Then, we 
perform R-estimators in this linear regression and solve 
the optimization problems of the R-estimators for 
obtaining a nonlinear robust regression. We refer the 
proposed method as the robust kernel principal 
component R regression (R-KPCRR). 
 
We organize the rest of manuscript as follows: Section 
2, we review theories and methods of R-estimators and 
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KPCA, followed by R-KPCRR and its algorithm. In 
Section 3, we compare the performance of the 
proposed method using several data sets. Finally, 
conclusions are given in Section 4. 

2. Theories and Methods  

2.1 R-Estimators  
 
The ordinary multiple linear regression model is given 
by 
 

)1.2(eXβy +=  

 
where 

( ) ( ) ,
~

 , 2121

pN
N

NT
Nyyy ×∈=∈= RxxxXRy 

( ) ( ) )1(

21

~
, +×∈=∈= pN

N
pT

iNiii xxx RX1X Rx 

with N1  is 1×N  vector with all elements equal to one, 

( ) 1

10

+∈= pT
p Rβ βββ   is a vector of regression 

coefficients, ( ) NT
Neee Re ∈= 21  is vector of 

residuals and  R is the set of real numbers and i = 1, 2, 
…, N.  
 

When we use OLS to find the estimate of ,β say ,β̂  
then the estimate is found by minimizing 
 

)2.2(,
1

2∑
=

N

i
ie  

 
where βxT

ii i
ye −=  and ( )TT

ii
xx 1= . The solution 

can be found by solving the following linear equation 
 

)3.2(ˆ yXβXX TT =  

 
However, it is well known that the prediction of the 
OLS based regression will be distorted when outliers 
are present. To overcome the presence of outliers, we 
can use R-estimators which minimize 
 

( ) )4.2(
1
∑
=

N

i
iiN eRa  

 
where iR  is the rank of ie  and ( )iaN  is a score 

function which is monotone and satisfies ( ) .0
1
∑
=

=
N

i
N ia  

The common choice of ( )iaN  are 

 
( ) )5.2(2/)1( aNiia N +−=  

 
and 
 

( ) ( )( ) )5.2(1/1 bNiia N +Θ= −  

 
which are called the Wilcoxon and  Van der Waerden 
scores, respectively, with 1−Θ   is the inverse of 
cumulative normal distribution function. 
 
2.2 KPCA 
 
Assume that we have a function FR →p:ψ , where F is 

the feature space which it is an Euclidean space with 
dimension Fp ).( ppF ≥  Then, we define the matrices 

( ) FF PPTN ×∈= RC ΨΨ/1 and NNT ×∈= RK ΨΨ where =Ψ  

( ) ( ) ( )( ) FpNT
N

×∈Rxxx ψψψ ...21 and assume that 

( ) .
1

0x =∑
=

N

i
iψ  The relation of eigenvalues and 

eigenvectors of the matrices C and K were studied by 
Scholkopf et al. [18] .  
 
Let Fp̂  be the rank of Ψ  where ),min(ˆ

FF pNp ≤  which 

implies that both rank(K) and rank( ΨΨT ) are equal to 
.ˆ

Fp It is evident that the eigenvalues of K are 

nonnegative real numbers since the matrix K is 
symmetric and positive semidefinite [1]. 
Let 1ˆˆ1~~21 ... ++ >≥≥≥≥≥≥

FF pprr λλλλλλ   

0=== Nλ  be the eigenvalues of K and 

( )NbbbB ...21=  be the matrix of the 

corresponding normalized eigenvectors sb (s =1, 2, …, 

N) of K. Then, let lll λbα = and l
T

l αa Ψ=  for l = 

1,  2, …, Fp̂ .  The eigenvectors la , however, cannot be 

found explicitly since we do not know ΨΨT  explicitly. 
However, we can obtain the principal component of 
( )xψ  corresponding to nonzero eigenvalues of ΨΨT  

by using a kernel trick. The l-th principal component of 
( )xψ   (l = 1,  2, …,  Fp̂ ) as given as follows: 

 

( ) ( ) ( ) )6.2( ai
T

N

i
lil

T xxax ψψαψ ∑
=

=  

 
where  liα  is the i-th element of  lα . According to 

Mercer Theorem, if we choose a continuous, symmetric 
and positive semidefinite kernel RRR →× PP:κ  then 

there exists FR →P:ϕ  such that 

)()(),( j
T

iji xxxx ϕϕκ =  [10, 17]. Instead of choosing 

ψ  explicitly, we choose a kernel κ and employ the 
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corresponding function ϕ  as .ψ  Let ),( jiijK xxκ=  

then K  and lα ( l = 1,  2, …, Fp̂ ) are explicitly known 

now. Therefore, Eq. (2.6a) is also explicitly known and 
can be written as 
 

( ) )6.2(),( bi

N

i
lil

T xxax καψ ∑
=

=  

2.3   Nonlinear Robust Regression Using KPCA and 
R-Estimators 
 
The centered multiple linear regression in the feature 
space is given by 
 

)7.2(~
0 ey += γΨ  

 
where ( )T

FP21 γ...γγ=γ is a vector of regression 

coefficients in the feature space, e~  is a vector of 

random errors and ( )( )y11Iy T
NNN N/10 −=  where NI is 

the NN× identity matrix.   
 
Since the rank of ΨΨT  is equal to Fp̂ , then the 

remaining )ˆ( FF pp − eigenvalues of ΨΨT are zero. Let 

kλ  ),...,2ˆ,1ˆ( FFF pppk ++= be the zero eigenvalues of 

ΨΨT and ka be the normalized eigenvectors of 

ΨΨT corresponding to .kλ Furthermore, we define 

( )....21 FpaaaA =  It is evident that A is an 

orthogonal matrix, that is, AT = A-1. It is not difficult to 
verify that 
 

DAA =ΨΨTT  
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and O is a zero matrix. By using ,

Fp
T IAA =  we can 

rewrite the model (2.7) as 
 

)8.2(~
0 eUy += ϑ  

 
where AU Ψ=  and .γϑ TA=  Let 

 

( ) ( )( )
FFF ppp ˆˆ −= UUU  and ( )TT

pp
T
p FFF )ˆ()ˆ( −= ϑϑϑ , 

 
where sizes of )ˆ( FpU , )ˆ( FF pp −U , )ˆ( Fpϑ  and )ˆ( FF pp −ϑ are FpN ˆ×  

, )ˆ( FF ppN −× , 1ˆ ×Fp and 1)ˆ( ×− FF pp , respectively. 

The model (3.3) can be written as 
 

( ) ( ) ( ) ( ) )9.2(.~
ˆˆˆˆ0 eUUy ++= −− FFFFFF pppppp ϑϑ  

It is easy to verify that 0)( )ˆ()ˆ()ˆ()ˆ( =−−−− FFFFFFFF pppp
T

pppp ϑϑ UU  

which implies )ˆ()ˆ( FFFF pppp −− ϑU  is equal to 0. 

Consequently, the model (2.9) reduces to 
 

( ) ( ) )10.2(.~
ˆˆ0 eUy +=

FF pp ϑ  
 

where 
( ) ( ) ( )FFFp pp ˆˆˆ

ΓΨ KAU ==  and ( ) ).,,,( 21ˆ FF pp ααα =Γ  

It is evident that the elements of ( )Fp̂U  are the principal 

components  of  ( )ixψ  for i = 1, 2, …, N. Then, if we 

only use the first r̂  ( )Fp̂≤  vectors of ,, 21 αα  

,, ˆ Fpα model (2.10) becomes 

 

( ) ( ) )11.2(,ˆˆ0 εUy += rr ϑ  
 

where T
N ),,,( 21 εεε= ε  is a vector of residuals 

influenced by dropping the term ( ) ( )FFFF pppp ˆˆ −− ϑU  in model 

(2.11), respectively. We usually dispose of the term 

( ) ( )FFFF pppp ˆˆ −− ϑU  for tackling the effects of multicollinearity 

on the PCA based regressions where the number r̂  is 
called the retained number of nonlinear principal 
components (PCs) for the KPCR.  We can use the ratio 

1λλl  ( l = 1,  2, …, Fp̂ )  for detecting the presence of 

multicollinearity on ( ).r̂U  If 1λλl is smaller than, say < 
1/1000, then we consider that multicollinearity exists 
on ( )r̂U  [11].  
 

Let us consider model (2.11) again. We can see that 
model (2.11) has the same structure with model (2.1) 
which implies that we can directly apply R-estimators 
in model (2.11). For this purpose, we define  

( ) 21ˆ ( uuU =r
rNT

N
ˆ) ×∈Ru  and obtain  

=ε i ( )r
T
ioiy ˆϑu− . Then, we minimize   

 

( ) )15.2(,~
1
∑
=

N

i
iiN Ra ε  

 

To find the estimators of ( )r̂ϑ , where  iR~  is the rank of 

iε , by using a nonlinear optimization solver .  
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Let ( )
*ˆ
rϑ be the estimator of ( )r̂ϑ  using the above R-

estimators. Then, the prediction value of y  with the 
first r̂  vectors of 

Fp̂21 ,,, ααα   using R-estimators, say 

,~y  is given by 
 

( ) ( ) )16.2(ˆ~ *
ˆˆ rrNy ϑΓK1y +=  

 
and the residual between y  and y~   is given by 
 

)17.2(.~~ yy −=ε  

 
The prediction of the R-KPCRR with the first r̂  
vectors of 

Fp̂21 ,,, ααα  is given by 
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where ( ) ( ) ( )
*
ˆˆ21

ˆ
rr

T
Nddd ϑΓ=  and ( )rg ˆ  is a 

function from NR into .R  
 
We summarize the above procedures of the R-KPCRR 
as follows: 
 
1 . Given ( )iNiii xxxy 21  for   i =1, 2, . . . , N. 

2.  Calculate ( ) y1T
NNy 1=  and ( )( ) ./10 y11Iy T

NNN N−=  

3. Choose a kernel RRR →× PP:κ  and a function 
.: RR →Na  

4.  Construct ),( jiijK xxκ=  and ( ).ijK=K  
5.  Diagonalize .K  

 Let rank(K) 
= Fp̂ and >≥≥≥≥≥≥ + Fprr ˆ1~~21 ... λλλλλ   

0...1ˆ ===+ NFp λλ  be the eigenvalues of K and 

Nbbb ...21  be the corresponding normalized 

eigenvectors sb (s =1, 2, …,N) of K. 

6. Choose r̂ ( )Fp̂≤  and construct  lll λbα =  for l = 

1,  2, …, r̂ .  Then, define ( ) ).,,,( ˆ21ˆ rr ααα =Γ  

7. Calculate  ( ) ( )rr ˆˆ ΓKU =  and let =ε i ( ).r̂
T
ioiy ϑu−   

8. Let iR~  be the rank of .iε  

9. Solve problem (2.15) using a nonlinear optimization 

solver  and let ( )
*ˆ
rϑ  be solution of (2.15). 

10. Calculate ( ) ( ) ( ).ˆ *
ˆˆ21 rr

T
Nddd ϑΓ=  

11. Given a vector ,pRx∈  the prediction of the R-

KPCRR with the first r̂  vectors of 

Fp̂21 ,,, ααα  is given by 
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We should note that this algorithm works under the 

assumption ( ) .
1

0x =∑
=

N

i
iψ  When ( ) 0x ≠∑

=

N

i
i

1

ψ , we 

replace K by KN = K−EK−KE+EKE in Step 4, where 
E is the N × N matrix with all elements equal to 1/N.  

 
 
 

Table 1: Growth of the  Son of the Count de 
Montheillard. 

Age (yr, 
mth [day]) 

Height 
(cm) 

Age (yr, 
mth [day]) 

Height 
(cm) 

0 51.4 9,0 137.0 
0,6 65.0 9,7[12] 140.1 
1,0 73.1 10,0 141.6 
1,6 81.2 11,6 141.9 
2,0 90.0 12,0 149.9 
2,6 92.8 12,8 154.1 
3,0 98.8 13,0 155.3 
3,6 100.4 13,6 158.6 
4,0 105.2 14,0 162.9 
4,7 109.5 14,6[10] 169.2 
5,0 111.7 15,0[2] 175.0 
5,7 111.7 15,6[8] 177.5 
6,0 117.8 16,3[8] 181.4 

6,6[19] 122.9 16,6[6] 183.3 
7,0 124.3 17,0[2] 184.6 
7,3 127.0 17,1[9] 185.4 
7,6 128.9 17,5[5] 186.5 
8,0 130.8 17,7[4] 186.8 
8,6 134.3   

 

3.  Case Studies 
 
3.1 Data Sets 
 
We generated data sets from a trigonometric function 
and sinc function to test the performances of KPCR 
and R-KPCRR. The generated data from the 
trigonometric function and sinc function are given as 
follows: 
 

)1.3(),cos(5.2)2sin(5.4)( xxxf +=  

 
with [ ]ππ 2:15.0:2−∈ix  and  [ ]ππ 2:2.0:2−∈tjx ; 
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with [ ]8:25.0:8−∈ix  and [ ],6:3.0:6−∈tjx respectively. 

The notation [ ]zlz ::−  stands for [ ]zlzlzz ,,2,, ++−  
where l is a real number. 
 
Generally, the generated data from the those functions 
can be written as ( ) iii exfy +=  i where i = 1, 2,· · ·, N. 

We also generate ( ) tjtjtj exfy +=  where j = 1, 2, · · ·,Nt; 

where Nt  is a positif integer. The random noises ie  and 

tje  are real numbers generated by a normally 

distributed random with zero mean and standard 

deviation 1σ  and ,2σ respectively, with [ ].1,0, 21 ∈σσ  

For shake of comparisons, we set 1σ  and 2σ  equal to 

0.2 and 0.3, and call the set of  { }),( ii yx   and { }),( tjtj yx  
the training data set and the testing data set, 
respectively. In addition, we also used a subset of the 
famous set of observation taken on the height of the 
son of the Count de Montbeillard between 1959 and 
1977 [19]. Only the first ten years of data were used in 
this analysis. The growth of son data are given in the 
Table 1. In these data, we artificially generate the 
testing data by the relation jx(1)1.0 +×= randxjt  and 

jy(1)25.0 +×= randy jt  where rand(1) generates a 

random number which is uniformly distributed in the 
interval (0,1). 
 
Then, we compare the performance of the above 
methods using the three data sets with and without 
outliers. For this purpose, we generated 200 sets of the 
training data and 200 sets of the testing data. 
Furthermore, we use the mean absolute error (MAE) to 
estimate the prediction error for the training data set 
which is given by 
 

( ) )3.3(.~1MAE
1
∑
=

−=
N

i
ii yyN  

 
The MAE is also used to prediction error of the testing 
data sets and denoted by MAEt.  
 
In this case studies, outliers are created artificially by 
moving some s),( ii yx  and s),( tjtj yx away from 

designated locations. We generate eight potential 
outliers for each of the first, second and third data sets 
where the positions of outliers in x -direction and tx -

direction are chosen randomly in the domain of ix and 

domain of ,tjx   respectively. The positions of outliers 

in y -direction and ty -direction are randomly selected 

in interval [−20, 20] from the correct positions of iy  

and ,tjy  respectively. 

 
3.2  Results 
 
In these case studies, we used the Wilcoxon and Van 
der Waerden scores for R-estimators and the standard 
genetic algorithm (GA) for solving the optimization 
problem of R-estimators. Then, we used the Gaussian 
kernel ( )ρκ zxzx −−= exp),(  with parameter ρ  is 

equal to five for both KPCR and R-KPCRR. We 
involved the estimate of  

( )r̂
ϑ  by using KPCR, say 

( )
,ˆ

r̂
ϑ  in the initial population of GA. In the intial 

population, the i-th gene of the other chromosomes (or 
candidate solutions of 

( )
)

r̂
ϑ  is  randomly chosen by the 

formulae 
 

( )( ) )4.3(15)1(30ˆ −×+ rand
irϑ  

 

where ( )( )
irϑ̂  is the i-th element of ( )rϑ̂  and i = 1, 2, …, 

.̂r  For the sake of comparisons, the numbers of 
population, maximum iterations, mutation rate and 
selection rate are 50, 1000, 0.2 and 0.5, respectively. 
For each chromosome in any population we sort iε in 

the descending order, say [ ]iε  and  [ ] [ ] [ ] ,21 Nε≥≥ε≥ε   

to determine its rank. Then, we define 
 [ ]Nkkc ××ε= 2.0  

where k=1, 2, 3, 4 and rank iε  is given by 
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As the results, the three plots of the predictions of 
KPCR and R-KPCRR corresponding to the three data 
sets are presented in Figure 1, Figure 2 and Figure 3, 
respectively. We can see that the predictions of R-
KPCRR are less distorted by the presence of outliers 
compared to KPCR. Table 2 illustrates the prediction 
errors of KPCR and R-KPCRR. In the case of data with 
outliers, R-KPCRR with Wilcoxon and Van der 
Waeden scores give lower MAEs and MAEts 
compared to KPCR. The MAEs’ R-KPCRR with 
Wilcoxon scores for the trigometric, sinc and growth of 
son are 1.4527, 1.4250 and 4.8730 whereas the 
corresponding MAEts are 1.1363, 1.6742 and 6.5350, 
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respectively. The MAEs’ R-KPCRR with Van der 
Waeden score for the trigometric, sinc and growth of 
son are 1.4774, 1.4609 and 4.9876 whereas the 
corresponding MAEts are 1.1257, 1.7709 and 6.5776, 
respectively. Table 2 summarizes MAEs and MAEts of 
the three data sets without outliers. In this case, we can 
see that both KPCR and R-KPCRR perform well. 
 
 
Table 2: MAE and MAEt for KPCR and R-KPCRR 
with outliers (Wilc=Wilcoxon, VDW=Van der 
Waerden). 
Data Method MAE MAEt 

 
Trigono- 
Metric 

)10ˆ( =r  

KPCR 1.8804 1.6970 
R-KPCRR Wilc 1.4527 1.1363 
R-KPCRR 
VDW 

1.4774 1.1257 

Sinc 
)13ˆ( =r  

KPCR 2.3831 3.3284 
R-KPCRR Wilc 1.4250 1.6742 
R-KPCRR 
VDW 

1.4609 1.7709 

Growth of 
Son 

)14ˆ( =r  

KPCR 5.0125 7.0113 
R-KPCRR Wilc 4.8730 6.5350 
R-KPCRR 
VDW 

4.9876 6.5776 

 
 
Table 3: MAE and MAEt for KPCR and R-KPCRR 
without outliers (Wilc=Wilcoxon, VDW=Van der 
Waerden). 
Data Method MAE MAEt 

 
Trigono- 
Metric 

)10ˆ( =r  

KPCR 0.0822 0.0823 
R-KPCRR Wilc 0.0821 0.0829 
R-KPCRR VDW 0.0814 0.0823 

Sinc 
)13ˆ( =r  

KPCR 0.0725 0.0610 
R-KPCRR Wilc 0.0733 0.0613 
R-KPCRR VDW 0.0729 0.0614 

Growth of 
Son 

)14ˆ( =r  

KPCR 0.9663 0.9840 
R-KPCRR Wilc 0.9172 0.9305 
R-KPCRR VDW 0.9229 0.9379 

4. Conclusions 

We have proposed a novel robust regression using the 
hybridization of KPCA and R-estimators. Our method 
yields a nonlinear robust prediction and can dispose the 
effects of multicollinearity in regression model. The 
proposed method was performed by transforming 
original data into a higher dimensional feature space 
and creating a multiple linear regression in the feature 
space. After that, we performed a kernel trick to have 

an explicit multiple linear regression and used R-
estimators on this linear model to have a robust 
regression. Then, we solved the optimization problem 
of R-estimators using GA for obtaining the estimate of 
regression coefficients. In this paper, we used 
Wilcoxon and Van der Waerden scores on R-estimators.  
 
We summarized several important points relating to 
our cases studies. First, the predictions of R-KPCRR 
are less distorted and give smaller MAEs and MAEts 
compared to KPCR when outliers are present in thedata. 
Second, without outliers, both R-KPCRR and KPCR 
perform equally well. 
 
 
 

 
Figure 1: KPCR (Black) and R-KPCRR (red) using 
Wilcoxon scores with ρ  and r̂  equal to 5 and 10, 

respectively. The black circles are trigonometric data 
with random noises: (a) training data, (b) testing data. 
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Figure 2: KPCR (Black) and R-KPCRR (red) using 
Van der Waerden scores with ρ  and r̂  equal to 5 and 

13, respectively. The black circles are sinc data with 
random noises: (a) training data, (b) testing data. 
 
 

 
Figure 3: KPCR (Black) and R-KPCRR (red) using 
Wilcoxon scores with ρ  and r̂  equal to 5 and 13, 

respectively. The black circles are the growth of son 
data with random noises: (a) training data, (b) testing 
data. 
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Abstract 

Service Orientation has gained momentum as a fundamental 
design paradigm for developing distributed enterprise 
applications.  However, comprehensive and quantitative 
metrics for estimating the appropriateness of the service 
designs are still lacking. One of the quality attributes as to a 
SOA is cohesion, which is a determining factor for many 
other desirable features of the software including reusability, 
agility and etc.  The previous studies on the measuring the 
degree of cohesion failed to comprehensively consider the 
relationship among entities to evaluate service cohesion.  
Therefore, this paper puts forward a new metric for 
measuring the cohesiveness of service and whole design 
based on design level information, especially the 
information embedded in entity model. This metric takes 
into account both Entity-Entity and Entity-Activity relations. 
Furthermore, the metric conforms to mathematical 
properties that cohesion metrics must have. The metric is 
empirically evaluated in a case study. 
 

Keywords: Service orientation, Cohesion, Software Metrics, 
Service Identification 

1. Introduction 

Service-oriented architecture (SOA) is an information 
technology (IT) architectural approach that supports the 
creation of business processes from functional units 
defined as services [1] [2]. It is actually an evolved 
architectural concept from object-oriented and component-
based developments. SOA promises to provide more 
agility for organizations adhering to SOA design principles 
during the entire software development life cycle. In [3] 
authors consolidated nine design principles which are 
contract orientation, abstraction, autonomy, coupling, 
statelessness, cohesion, discoverability, reusability and 
composability. 

However, SOA is still hype because there is no clear 
method to identify and evaluate the building blocks of a 
SOA, namely services, against SOA design principles. 
Designers still have to identify services based on their 
experience and intuition. Consequently, the designed 
services barely conform to the principles so that SOA 
still remains as an unreached promise land for the time 
being [4].  
Cohesion is a prominent attribute of software services and 
is used as a major quality factor in service design. 
Cohesion is the degree of functional relevance of activities 
which are performed by a service to realize a business 
process [1]. It shows how much an individual service is 
instrumental in performing one single task [5]. High 
cohesion brings about ease of understanding of the design 
model and makes the system more agile. Furthermore, it is 
conducive to reaching a service granularity at an almost 
adequate level [2]. In [6] authors recognize seven types of 
cohesion which are coincidental, logical, communicational, 
external, sequential, implementation and conceptual 
cohesions. A service has communicational cohesion if its 
interface operations operate on the same data. As stated in 
[5] a service with communicational cohesion is analyzable, 
changeable, stable and testable. Here in this paper, we 
examine communicational cohesion because of its 
significant effect on the quality of software. 
There are several works in the literature which have tried 
to propose some metrics for evaluating and measuring the 

compliance of the service design against some of the 
design principles. Most of these studies, which are 
examined in related work section, focus their attention on 
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common input and output parameters of service operations 
in order to estimate the service cohesion. However, as 
some of them indicate, the cohesion between entities 
should be taken into account while measuring cohesion 
between service operations. By regarding interrelation 
among entities, reusability rises [7]. Therefore, in this 
paper, we aim to put forward a metric for cohesion in 
order to quantitatively measure the degree of cohesion 
within each service and whole service design. The 
introduced metric, considers the interrelation among 
entities in entity model.  

The rest of the paper is arranged as follows. First, previous 
studies are discussed in section 2. Then, we present some 
definitions on the main concepts in section 3. Afterward, 
in section 4, the concept of entity cohesion is investigated. 
Then, we elaborate our metric in section 5. Next, a case 
study is conducted to show applicability of the introduced 
metric in section 6. Later, we evaluate our metric against 
indispensible mathematical properties that characterize the 
quality attributes in section 7. In section 8, we empirically 
validate our metric by investigating the correlation of our 
metric with subjects’ ratings and two previously presented 
metrics. In the end, we give the conclusion and the future 
work. 

2. Related Work 

Cohesion is a software feature that has been attracting the 
attention of many researchers working on different kinds 
of software development systems including procedural, 
object-oriented, component-oriented and service-oriented 
systems. The metrics for previous systems do not work for 
service oriented systems without adaptation because of the 
unique characteristics of service orientation [5]. Therefore, 
many authors have proposed cohesion metrics for the SOA 
context by adapting previous metrics. In the context of 
service oriented systems, there are several works that 
either investigate cohesion along with other SOA quality 
attributes or merely focus on proposing a new cohesion 
metric. In [7], authors consider the number of activities in 
a service along with shared data flows across such 
activities. Although, they take into account the relative 
complexity of each entity, they do not pay attention to the 
relationships among entities.  In [6] [9] [10], the proposed 
metrics merely take into account number of shared 
messages among operations. In fact, the number of shared 
parameters of the service operations is divided by the total 
number of parameters. One of these metrics is SIDC that 
we use in this paper to evaluate our metric. In [7], a new 
cohesion metric called CCM for communicational 
cohesion is proposed.  Authors consider the relationships 
among entities by relating entities that are accessed by the 

same operation. However, as they confess at the end of the 
paper, strengths of relationships are not examined. In [11], 
two quantitative metrics for cohesion and coupling is put 
forward. Even though entity-entity relationships are 
considered, this is done in an incorrect way. The 
fundamental flaw in this work is the assumption that the 
higher relationship cardinality between two entities 
strengthens the cohesion between them. Moreover, 
different kinds of relationships among entities are not 
taken into account. Finally, the metric has not empirically 
evaluated. 

3. Basic Concepts 

8B3.1. Service Portfolio Model 

9BService portfolio model is a model that represents 
architectural elements and their relationships in 
establishing a service portfolio from business process 
decomposition [8]. 

In this paper, we leverage UML 2.0 profile for software 
services to model service portfolio which is presented in 
Figure 1. 
 

 
Fig. 1 Service portfolio model [8] 

3.2. Entity Model 

10BEntity model is a model that describes entities and their 
relationships. Entities indicate main stable domain 
abstractions of an enterprise. The entities are modeled in 
terms of organizations’ proprietary rules and business 
policies. This brings about entities that are interrelated 
with each other [12]. Entity model can be described using 
entity relationship diagrams. Here, we assume that the 
reader is acquainted with notations used to draw an ER 
diagram. 

• Strong and weak entities 
Entities which are dependent on other entities for their 
existence are called weak entities and the relied entities are 
called strong.  
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• Degree of relationship 
The number of entities which participate in a relationship 
is called degree of relationship. The general form for 
degree n is the n-ary relationship. A binary relationship is 
of degree two and a ternary relationship is of degree three. 

• Relationship cardinality ratio 

Determines the cardinal number of entities to which 
another entity can be connected through a relationship. 
The primary types of cardinality ratio for relationships are: 
one-to-one, one-to-many, and many-to-many. 

• Relationship participation 

Relationship participation states whether whole or part of 
an entity occurrence is associated to another entity. There 
are three types of relationship participation: mandatory-
mandatory, mandatory-optional and optional-optional. In 
addition, there are some other types of relationship added 
to basic ER model which are aggregation, generalization 
and exclusive binary. 

4. Entity Cohesion 

There are several works in the literature which investigate 
the problem of entity clustering and Cohesion 
[13][14][15][16]. Generally, they carry out the grouping 
based on some prioritized grouping operations. According 
to [14] there are four kinds of relationship groupings 
which are: Dominance grouping, abstraction grouping, 
constraint grouping and relationship grouping. These 
operations should be done consecutively. In [14], authors 
define a precedence order of grouping operations based on 
the concept of cohesion borrowed from the software 
engineering field. They postulate that the level of cohesion 
between a strong and weak entity, and a dominance and 
dominated entity, are the highest level. The second level is 
the cohesion between a supertype and its subtype. Even 
though, they have not considered aggregation relationships 
between two entities, based on [13] it can be inferred that 
aggregation relationships bring about the same level of 
cohesion. They consider the cohesion between two entities 
that participate in a constraint relationship at the next 
level. At the fourth level, unary relationships have the 
highest cohesion, binary one-to-one next, then binary one-
to-many, and finally binary many-to-many. Ternary and 
higher degrees of relationships are at the fifth level. At the 
end, there is no cohesion between entities that do not 
participate in any kind of relationship. Although, they 
posit the precedence order, they do not propose any figures 
as to the degree of cohesion. In [15], authors propose some 

weight numbers corresponding to each level. They use the 
concept of distance to do so. The distance between a weak 
entity and a regular entity is considered one. Furthermore, 
the distance between a supertype entity and each of its 
subtype entities is equal to 10. This distance is 100 for 
participating exclusive entities. For a binary relationship, 
the distance is deemed 1000. In the end, for ternary (or 
more) relationships, the distance is 10000. 

Based on the mentioned studies, we propose the following 
distances for each kind of relationship (Table 1). 
 

Table 1: Distances for relationship types 
 

Relationship Type Distance 

Strong- Weak 1 
Generalization 10 
Aggregation 10 

Exclusive Binary 100 
 
For binary relationships which are not categorized under 
the above relationships we have the following distances 
(Table 2). 
 

Table 2: Distances for binary relationships 
 

              Participation 
 
Cardinality ratios 

M-M M-O O-O 

1-1 1 10 100 
1-N 5 50 500 
M-N 10 100 1000 

 
In addition, for n-ary relationships (n>2), we multiply each 
distance in Table 2 by  10𝑛𝑛−2 . 
According to proposed distances, we define the distance 
between two distinctive entities as the number of edges in 
the shortest path between them. 

              
 
where 𝑒𝑒𝑝𝑝  is the number of edges in a path between 𝐸𝐸1and 
𝐸𝐸2and p is the number of existing paths between 𝐸𝐸1and 𝐸𝐸2. 
In addition, 𝑑𝑑𝑖𝑖 is relationship distance which comes either 
from Table 1 or Table 2.   Moreover, for the purpose of 
this paper, we deem that the distance between identical 
entities is one.  We can measure the degree of cohesion 
between 𝐸𝐸1and 𝐸𝐸2by Formula 2, 
 

                 Cohesion (𝐸𝐸1,𝐸𝐸2) = 
1

𝐷𝐷𝑖𝑖𝐷𝐷𝐷𝐷𝐷𝐷𝑛𝑛𝐷𝐷𝑒𝑒  �𝐸𝐸1,𝐸𝐸2�
                   (2) 

(1) 
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For every entity model, the table in which the distance 
among all entities is specified can be constructed. In this 
context, we call such a table Distance Table. 

5. The proposed service cohesion metric 

In this section, we put forward a new metric for service 
and whole service design cohesion. Our metric takes into 
account relationships among entities as well as 
relationships among activities and entities. Moreover, in 
this metric, the number of activities in a service affects the 
degree of cohesion. The reason being is that adding 
operations to a service lessens its cohesion since the 
aggregated service does not focus on the semantic of one 
single task any longer [5].  

To calculate cohesion between two activities in a service, 
we firstly build a complete bipartite graph with business 
entities on which each activity operates. Each edge with 
endpoints A and B has weight w coming from row A and 
column B in the distance table. Then, we take a greedy 
approach in order to match between the entities that each 
activity deals with. The summary of the approach can be 
seen in the pseudo code presented in Figure 2. 
 
Void MatchingAlgorithm (𝐵𝐵𝐸𝐸1,𝐵𝐵𝐸𝐸2,DT, R) 
{ 
Input: 𝐵𝐵𝐸𝐸1,𝐵𝐵𝐸𝐸2 are the sets of business entities on which 
each activity operates and DT is the distance table for the 
corresponding entity model. 
Output: R is a set that keeps the selected edges. 
Build a complete bipartite graph G from 𝐵𝐵𝐸𝐸1𝐷𝐷𝑛𝑛𝑑𝑑 𝐵𝐵𝐸𝐸2; 
Give each edge of graph G weight w that comes from 
corresponding row and column in DT; 
R=∅;  
S=∅; 
While (|S| < |BER1R|+|BER2R|) 
{ 
Select an edge e from G that has the minimum weight; 
If no edge with e’s endpoints is present in R and it does 
not make a circle with other edges in R then 
 { 
Add the new edge e to set R; 
Add e’s endpoints to set S; 
} 
} 
} 

Fig. 2 The algorithm for matching between the entities on which two 
activities work 

To estimate cohesion between two activities, we must 
obtain average of cohesion among matched entities on 
which activities work. Therefore, cohesion between two 
activities i and j called Activity Cohesion (AC) is 
calculated as follows: 

                           AC (i, j) = 
∑ 1

Weight  (R (i))
|R |
i=1

|R|
                       (3)        

Now, we can calculate Service Cohesion (SC) for each 
service k by Formula 4, 

     ∑ ∑ 𝐴𝐴𝐴𝐴  (i,j) 
𝐷𝐷  (𝐷𝐷−1)

2

𝐷𝐷
𝑗𝑗=1,𝑖𝑖>𝑗𝑗

𝐷𝐷
𝑖𝑖=1     a>1 

SCRkR =                                   (4)
     1                                  a=1,  

where a is the number of the activities in k’th service . 

In the end, Service Design Cohesion (SDC) is computed 
by Formula 5, 

) 5(   SDC=  
∑ SC k
𝐷𝐷
𝑘𝑘=1
𝐷𝐷

 ,  

where s is the number of identified services in service 
portfolio. 

2B6. Case study 

In this section, we utilize a real-world business scenario to 
show the application of the proposed metric and evaluate 
its usefulness. In this scenario, the goods request process 
of a mine company is studied.  

Every employee in each part of the company can compose 
a request and fill it out with his needed goods. Then, he 
sends the request to his boss. Afterward, the bus examines 
the request to see if the goods are really necessary and the 
amounts of requested goods do not exceed the determined 
share of the part. The boss may also add some other goods 
to the request or edit it. Next, the boss signs the request 
and sends it to the CEO or his deputy. He checks whether 
the request conforms to the company’s high level policies 
and regulations. After some probable negotiations and 
editing, he either signs and then sends the request for 
store’s boss or rejects the request. Store’s boss examines 
the request to make sure that the request does not disturb 
the balance of the store’s stocks. 

We analyzed the enterprise and modeled the as-is business 
process. Then, we obtained the to-be business processes 
and entity model. Entity model is shown in Figure 3. 
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Fig 3.Entity model for good request case study 

The distances among all entities are determined 
based on distances in Table 1 and Table 2 and can be 
seen in Table 3. 

Table 3: The distance table for the good request case study 

 

We identified two services based on business process 
models and entity model, namely Request Processing, 
Goods Processing. 

In the following table it is shown that each activity in 
Request Processing service operates on which business 
entities. 

Table 4: Activities in Request Processing service and related entities 

 

To evaluate the cohesion between CheckInbox and 
ReadRequest activities we should build the graph shown in 
Figure 4. 

 

Fig. 4 The bipartite graph for CheckInbox and ReadRequest activities 

According to algorithm in Figure 2 the bolded edges are 
chosen. Now we can calculate the cohesion between the 
activities as follows: 

AC (4, 1) = 
1

50+1+1+1+1
5

5
= 0.644 

In Table 5, the cohesion among all the activities in the 
service is shown. 

Table 5: Cohesion among all the activities in Request Processing service 

 

So, SC for Request Processing is calculated as follows: 

SC= 
0.25+1+1+0.2555 +0.1+0.25+0.25+0.664+
0.0257 +1+0.2555 +0.1+0.2555 +0.1+0.029

15
= 0.369 

Cohesion of Goods Processing service is computed as we 
did it for Request Processing. So, cohesion of the service 

design is SDC= 
0.369+0.644

2
= 0.506 

7. Analytical Validation 

In this section, we validate our metric through proving that 
it satisfies essential properties of a cohesion measure. We 
exploit properties based software engineering 
measurement framework [17] to validate our metric.  

• Non-negativity and Normalization 
AC is always between zero and one. The reason being is 
that all the weights of the edges, which are the distances 
between entities, are always between one and infinity. 

Consequently, 
1

Weight  (R(i))
  is always between one and zero 

so that the average is always between zero and one. As a 
corollary to this, SC which is the average cohesion of all 
pairs of activities in a service is between zero and one. 
Hence, SDC which is the average cohesion of all services 
embedded in a service design is always between zero and 
one. 

• Null and Maximum Values 

AC becomes zero when there is no relationship among the 
business entities that the activities operate on. 
Furthermore, AC becomes one at its maximum when all 
operated entities are either the same or participate in 
strong-weak relationships. Also, minimum of SC is zero 
when degrees of cohesion among all pairs of activities in a 
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service are zero. Maximum of SC is one when either the 
cohesion among all pairs of activities in service is one or 
the service merely contains one activity. In addition, 
minimum of SDC is zero when the cohesion of all services 
in service design is zero. Maximum of SDC is one when 
the cohesion figures of all existing services in the design 
are one. 

• Monotonicity 

Our metric passes this criterion because adding a shared 
business entity as a cohesive interaction to the group of 
business entities on which activities work will not bring 
about decrease in the degree of cohesion between the 
activities. Addition of a cohesive interaction will add one 
edge with the weight of one to set R. Therefore, this will 
increase numerator and denominator of AC by 1, which 
does not decrease output of AC ( 𝐷𝐷 ≥ 0, 𝑏𝑏 > 0 , 𝐷𝐷 ≤ 𝑏𝑏 →
𝐷𝐷+1
𝑏𝑏+1

≥ 𝐷𝐷
𝑏𝑏

 ). 

• Cohesive module 

Merging two services with non-related activities will result 
in a service with less degree of cohesion. The reason being 
is that this action will increase number of zeros in the 

numerator as it increases the value of  
𝐷𝐷  (𝐷𝐷−1)

2
 in the 

denominator. 

8. Empirical Validation   

In this section, we validate our metric by analyzing the 
data gathered from a group of 15 experts in SOA. The 
experts were students of master program in Sheikhbahaee 
University who had passed advanced software engineering 
course that SOA was one of its syllabuses. We asked the 
subjects to rate the cohesions of the services by a 
numerical scale between 0 and 1. The objects rated by the 
subjects are services embedded into two service portfolios 
constructed regarding the case study represented in section 
6 (Case study 1) and the one presented in [18] (Case Study 
2) as well as their corresponding entity models. The 
subjects had given guidelines as to how to do the 
experiment. Each subject did the experiment by himself, at 
home, and could use unlimited time to rate the cohesion of 
the given services. Our objective is to establish if any 
correlation exists between cohesion figures calculated by 
our metric and subjects’ ratings. The Spearman Rank-
Difference Correlation Coefficient, rS, was employed to 
establish the correlation of the data collected in the 
experiment because the data acquired in the experiment is 
distribution free. The Spearman rS is a non-parametric 
statistic employed to find out the relationship between two 
variables expressed as ranks [19].The correlation 
coefficient is used to determine how much a variable is 

able to predict the value of another variable. In our 
experiment the null hypothesis was as follows: 
 
H0: “there is no correlation between the SC metric and the 
subjects’ rating of service cohesions”. 
 
We control the probability that the null hypothesis would 
be mistakenly rejected by two confidence levels: α1=0.005 
and α2=0.05.  Furthermore, the decision rules for rejecting 
the null hypothesis are: 
For α1: reject H0 if rS >= 0.689; for α2: reject H0 if rS >= 
0.447. The correlation coefficient for each subject is 
shown in Table 6. 
 

Table 6: Spearman Rank Correlations regarding subjects’ rating 
 

Subjects rs α1 α2 
1 0.721 Reject H0 Reject H0 
2 0.639 Reject H0 Reject H0 
3 0.781 Reject H0 Reject H0 
4 0.691 Reject H0 Reject H0 
5 0.785 Reject H0 Reject H0 
6 0.873 Reject H0 Reject H0 
7 0.912 Reject H0 Reject H0 
8 0.711 Accept H0 Reject H0 
9 0.587 Accept H0 Reject H0 

10 0.935 Reject H0 Reject H0 
11 0.693 Accept H0 Reject H0 
12 0.831 Reject H0 Reject H0 
13 0.659 Accept H0 Reject H0 
14 0.401 Accept H0 Accept H0 

 
 
Based on the data in Table 2, we reject H0 for 78 percent of 
the subjects with regard to α1 and for 92 percent of the 
subjects considering α2.  

In addition, we calculated the correlation of our metric 
with SIDC and CCM metrics in two formerly introduced 
case studies. In Table 7, it is seen that our metric has high 
correlation with these two metrics. 
 
 

Table 7: Spearman Rank Correlations regarding the case studies 
 

 CCM SIDC 

Case Study 1 0.89 0.87 

Case Study 2 0.92 0.94 

9. Discussion 

Despite the fact that our figures for service cohesion is 
close to the figures of SIDC, our metric shows its 
usefulness in the process of service identification. Even 
though the difference between figures is not too much, it 
has significant effect on the shape of service portfolio 
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because an automatic service identification approach is 
carried out by contrasting these figures rather than by 
figures themselves. Accordingly, a little difference 
between two figures determines whether we add an 
activity to a specific service or not. To demonstrate our 
contention, we use an example. In the case study presented 
in section 6, if we did not consider the relationship 
between Request and RejectedRequest entities, an 
identification method would consider a separate service for 
activity RejectRequest despite the fact that these activities 
are cohesive. Hence, our metric is a rational measure for 
service cohesion and is effective in service identification. 

10. Conclusion and future work 

Comprehensive and quantitative metrics for estimating 
the appropriateness of service designs are still lacking. 
High cohesion is a determining factor for many other 
desirable features of software including reusability, agility 
and etc.  Previous studies on measuring the degree of 
cohesion have failed to thoroughly consider relationship 
among entities to evaluate service cohesion.  In this paper, 
we put forward a new metric for measuring the 
cohesiveness of the service and whole design. This metric 
takes into account both Entity-Entity and Entity-Activity 
relations. The metric is empirically evaluated in a case 
study and its correlation with experts’ ratings and other 
metrics were investigated and examined. Furthermore, the 
metric conforms to mathematical properties that cohesion 
metrics must have. In the future, we intend to extend this 
metric in the way to embrace other kinds of cohesions as 
well. In addition, we are going to use this metric in a 
method for service identification. Furthermore, it is 
probable that the figures as to the distance between 
entities need to be adapted. Finally, we will conduct other 
case studies in different areas to show the applicability of 
the metric.  
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Abstract 
In this paper we describe function tagging using Transformation 
Based Learning (TBL) for Myanmar that is a method of 
extensions to the previous statistics-based function tagger. 
Contextual and lexical rules (developed using TBL) were critical 
in achieving good results. First, we describe a method for 
expressing lexical relations in function tagging that statistical 
function tagging are currently unable to express. Function 
tagging is the preprocessing step to show grammatical relations 
of the sentences. Then we use the context free grammar 
technique to clarify the grammatical relations in Myanmar 
sentences or to output the parse trees. The grammatical relations 
are the functional structure of a language. They rely very much 
on the function tag of the tokens. We augment the grammatical 
relations of Myanmar sentences with transformation-based 
learning of function tagging. 
Keywords: Function Tagging, Grammatical Relations, 
Transformation Based Learning, Context Free Grammar, Parse 
Tree. 

1. Introduction 

Function tagging is the process of marking up each word in 
a text with a corresponding function tag like Subj, Obj, 
Tim, Pla etc. based both on its definition, as well as its 
context [1]. It has been developed using the statistical 
implementations, linguistic rules and sometimes both. 
Identifying the function tags in a given text is an important 
aspect of any Natural Language Application. We apply 
TBL for function tagging by extending the Naïve Bayesian 
based function tagging that is proposed in [2]. The number 
of function tags in a tagger may vary depending on the 
information one wants to capture. In the  
 
 

sentence below, the function tags are appended at the end 
of each word with ‘#’. For example: 
သူ#PSubj သည္#SubjP  ေက်ာင္း#PPla သို႔#PlaP သြားသည#္Verb 
 
Grammatical relations are the process of analyzing an 
input sequence in order to determine its grammatical 
structure with respect to a given grammar.  They show the 
sentence structure of Myanmar language by using function 
tags of the words in a sentence. We describe a context free 
grammar (CFG) based grammatical relations for Myanmar 
sentences. In the simple sentence below, the grammatical 
relations are appended at the end of each phrase with ‘#’. 
For example: 
သူသည#္Subj  ေက်ာင္းသို႔#Pla  သြားသည#္Verb 
In the complex sentence below, the grammatical relations 
are appended at the end of each phrase with ‘#’. 
For example: 
မိုးရြာ#Verb ေသာေၾကာင္#့CCS ကၽြန္မ#Subj ေစ်းသို႔#Pla 
မသြားပါ#Verb 
 
Function tagging and grammatical relations are the 
important steps in Myanmar to English machine translation. 
Statistical natural language processing (NLP) research in 
Myanmar language can only be given a push by the 
creation of annotated corpus for Myanmar language. In 
Myanmar language, the availability of the functional 
annotated tagged corpus is very less and so most of the 
techniques suffer due to data sparseness problem. We 
present a method that extends a pre-existing function 
tagger. Grammatical relations are augmented with 
transformation-based learning of function tagging. 
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2. Related Work 

We [2] proposed 39 function tags for Myanmar Language 
and addressed the question of assigning function tags to 
Myanmar words and used a small functional annotated 
tagged corpus as the training data.  In the task of function 
tagging, we used the output of morphological analyzer 
which tagged the function of Myanmar sentences with 
correct segmentation, POS (part-of-speech) tagging and 
chunking information. We used Naïve Bayesian statistics 
to disambiguate the possible function tags of each word in 
the sentence. We evaluated the performance of function 
tagging for simple and complex sentences. We concluded 
our remarks on tagging accuracy by giving examples of 
some of the most frequent errors. We showed some 
examples of common error types. 
 
Yong-uk Park and Hyuk-chul Kwon [3] tried to 
disambiguate for syntactic analysis system by many 
dependency rules and segmentation. Segmentation is made 
during parsing. If two adjacent morphemes had no 
syntactic relations, their syntactic analyzer made new 
segment between these two morphemes, and found out all 
possible partial parse trees of that segmentation and 
combined them into complete parse trees. Also they used 
adjacent-rule and adverb subcategorization to 
disambiguate of syntactic analysis. Their syntactic analyzer 
system used morphemes for the basic unit of parsing. They 
made all possible partial parse trees on each segmentation 
process, and tried to combine them into complete parse 
trees.     
    
Mark-Jan Nederhof and Giorgio Satta[4] considered the 
problem of parsing non-recursive context-free grammars, 
i.e., context-free grammars that generateed  finite 
languages and presented two tabular algorithms for these 
grammars. They presented their parsing algorithm, based 
on the CYK (Cocke–Younger–Kasami) algorithm and 
Earley’s alogrithm.  As parsing CFG (context-free 
grammar), they have taken a small hand-written grammar 
of about 100 rules. They have ordered the input grammars 
by size, according to the number of nonterminals (or the 
number of nodes in the forest, following the terminology 
by Langkilde (2000)).  

3. Myanmar Language 

The Myanmar language, Burmese, belongs to the Tibeto-
Myanmar language group of the Sino-Tibetan family. It is 
also morphologically rich and agglutinative language. 
Myanmar words are postpositionally inflected with various 
grammatical features. 

3.1 Grammatical Hierarchy in Myanmar 

The grammatical hierarchy is a useful notion of 
successively included levels of grammatical construction 
operating within and between grammatical levels of 
analysis [5]. This hierarchy is generally assumed in this 
study as a heuristic principle for the purposes of laying a 
foundational understanding of Burmese grammatical units 
and constructions. This hierarchy is a compositional 
hierarchy in which lower levels typically are filler units for 
the next higher level in the hierarchy (Longacre 1970, Pike 
and Pike 1982). Table 1 shows the hierarchy from the 
lowest level to the highest. 

Table 1: Grammatical Hierarchy 

  Text 
         Paragraph 
                  Sentence 
                           Clause 
                                   Phrase 
                                            Word 
                                                     Morpheme 

3.2 Sentences of Myanmar Language 

There are two kinds of sentences according to the syntactic 
structure of Myanmar language [6][7]. They are simple 
sentence (SS) and complex sentence (CS). Fig 1 shows the 
syntactic structure of Myanmar language.  

 

Fig 1: Syntactic Structure 

3.2.1 Simple Sentence 

It contains only one clause. There are two basic phrases 
such as subject phrase and verb phrase in a simple sentence.  
For example:  
သူ (Subject phrase) အိပ္ေနသည(္Verb phrase) 
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However, a simple sentence can be constructed by only 
one phrase. This phrase may be verb phrase or noun phrase. 
For example:  
စားပါ (Verb phrase) 
(သူဘယ္သူလဲ) မမ (Noun phrase) 
 
Besides, a simple sentence can be constructed by two or 
three phrases.  
For example: 
သြား (Object phrase) တိုက္ (Verb phrase) 
ရန္ကုန္ တြင္ (Place phrase) ေနသည ္(Verb phrase) 
 
Myanmar phrases can be written in any order as long as the 
verb phrase is at the end of the sentence. 
For example:  
ဦးဘသည္ မႏၱေလးမ ွျပန္လာသည္။ (Subject, Place, Verb) 
မႏၱေလးမ ွဦးဘသည္ ျပန္လာသည္။ (Place, Subject, Verb) 
 
A simple sentence can be extended by placing many other 
phrases between subject phrase and verb phrase. All of the 
following are simple sentences, because each contains only 
one clause. It can be quite long.  
For example: 
ဦးဘသည ္ျပန္လာသည္။ 
U Ba comes back. 
ဦးဘသည ္မႏၱေလးမ ွျပန္လာသည္။ 
U Ba comes back from Mandalay. 
ဦးဘသည ္မႏၱေလးမ ွရန္ကုန္သို႔  ျပန္လာသည္။ 
U Ba comes back from Mandalay to Yangon. 
ဦးဘသည ္မႏၱေလးမ ွရန္ကုန္သို႔ မီးရထားျဖင္ ့ျပန္လာသည္။ 
U Ba comes back from Mandalay to Yangon by train. 
ဦးဘသည ္မႏၱေလးမ ွရန္ကုန္သို႔ မီးရထားျဖင္ ့မနက္က ျပန္လာသည္။ 
U Ba comes back from Mandalay to Yangon by train in the 
morning. 
ဦးဘသည ္ ေမာင္ေမာင္ႏွင့္အတ ူ မႏၱေလးမ ွ ရန္ကနု္သို႔ မီးရထားျဖင္ ့
မနက္က ျပန္လာသည္။ 
U Ba comes back from Mandalay to Yangon by train in the 
morning with Mg Mg. 
 
It is also constructed by adding noun phrases such as 
subject phrase, object phrase, time phrase and verb phrase. 
These added noun phrases are called emphatic phrases. 
For example: 
ပါေမာကၡ ဦးဘသည ္ သား ေမာင္ေမာင္ႏွင့္အတ ူ အထက္  မႏၱေလးမွ 
ၿမိဳ႕ေတာ္ ရန္ကုန္သို႔ အျမန ္မီးရထားျဖင္ ့မေန႔ နံနက္က ေခ်ာေခ်ာေမာေမာ 
ျပန္လာသည္။ 
Professor U Ba and his son Mg Mg came back safely 
from upper Mandalay to capital Yangon by express train 
in yesterday morning. 

3.2.2 Complex Sentence 

A complex sentence consists of two or more independent 
clauses (or simple sentences) joined by postpositions, 
particles or conjunctions. There are at least two verbs or 
more than two verbs in a complex sentence. 
 
There are two kinds of clause in a complex sentence called 
independent clause(IC) and dependent clause (DC). DC is 
in front of IC. A complex sentence contains one 
independent clause and at least one dependent clause. DC 
is the same as IC but it must contain a clause marker (CM) 
in the end. A clause maker may be postpositions, particles 
or conjunctions [8][9]. There are three dependent clauses 
depending on the clause marker. 
 
(1)Noun DC (joined by postpositions such as မွာ၊က၊ကိ)ု 
မမ ေစ်းသို႔ သြားသည ္ကုိ ကၽြန္မ ျမင္သည္။ 
I see that Ma Ma goes to the market. 
Noun DC : မမ ေစ်းသို႔ သြားသည္ ကုိ 
IC  : ကၽြန္မ ျမင္သည္။ 
 
(2)Adjective DC (joined by particles such as ေသာ ၊ သည ္ ့၊ 
မည့္) 
မမ ေပးေသာ စာအုပ္ ကို ကၽြန္မ ဖတ္သည္။ 
I read the book that is given by Ma Ma. 
Adjective DC :မမ ေပးေသာ (စာအုပ)္ 
IC  :စာအုပ ္ကို ကၽြန္မ ဖတ္သည္။ 
 
(3)Adverb DC (joined by conjunctions such as ေသာေၾကာင့္ ့၊ 
လ်က္ ၊ သျဖင့္) 
မိုးရြာေန  ေသာေၾကာင့္ ကၽြန္မေစ်းသို႔ မသြားပါ။ 
I do not go to the market because it is raining. 
Adverb DC : မိုးရြာေန ေသာေၾကာင့္  
IC  : ကၽြန္မေစ်းသို႔ မသြားပါ။ 

4. Corpus Creation 

Our corpus is to be built manually. We extended the 
functional annotated tagged corpus that is proposed in 
[2].We added sentences from newspapers and historical 
books of Myanmar to the existing corpus. The corpus 
consists of approximately 5000 sentences with average 
word length 15 and it is not a balanced corpus that is a bit 
biased on Myanmar textbooks of middle school. The 
corpus size is bigger and bigger because the tested 
sentences are automatically added to the corpus. Myanmar 
textbooks and historical books are text collections, as 
shown in Table 2. In our corpus, a sentence contains 
chunk, function tag, Myanmar word and its POS tag with 
category. Fig 2 shows the example corpus sentence. 

Table 2: Corpus Statistics 
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Text  types # of sentences 

Myanmar textbooks of middle school 1200 

Myanmar grammar books 700 

Myanmar websites 900 

Myanmar newspapers 750 

Myanmar historical books 1150 

Others 300 

Total 5000 

 
VC@Active[မိုး႐ြာ/v.common] #CC@CCS[လွ်င္/cc.sent] # NC@Subj     
[ကေလး/n.person,မ်ား/part.number] # NC@PPla[လမ္း/n.location] # 
PPC@PlaP[ေပၚတြင္/ppm.place] # NC@Obj[ေဘာလံုး/n.objects] # 
VC@Active[ကန္ၾက/verb.common]# 
SFC@Null[သည/္sf.declarative]။ 

Fig 2: A sentence in the corpus 

5. Function Tagging by Transformation 
Based Learning 

Transformation-based learning starts with a supervised 
training corpus that specifies the correct values for some 
linguistic feature of interest, a baseline heuristics for 
predicting the values for that feature, and a set of rule 
templates that determine a space of possible features in the 
neighborhood surrounding a word, and their action is to 
change the system’s current guess as to the feature for the 
word. The lexical and the contextual rules are generated 
from the training corpus [10].  
 
We are not concerned with finding the correct attachment 
of prepositional phrases. We have stressed at several 
points that the Naive Bayesian assumptions are crude for 
many properties of natural language syntax. We describe a 
method for expressing lexical relations in function tagging 
that statistical function tagging [2] are currently unable to 
express. One of the strengths of this method is that it can 
exploit a wider range of lexical and syntactic regularities. 
In particular, tags can be conditioned on words and on 
more contexts. Transformation-based tagging encodes 
complex interdependencies between words and tags by 
selecting and sequencing transformations that transform an 
initial imperfect tagging into one with fewer errors [11]. 
The training of a transformation-based tagger requires an 
order of magnitude fewer decisions than estimating the 
large number of parameters of a Naïve Bayesian model. 
A transformation consists of two parts, a triggering 
environment and a rewrite rule. Table 3 shows examples of 

the type of transformations that are learned given these 
triggering environments. The first transformation specifies 
that Cau should be retagged as PCau when the next tag is 
"CauP ". The first four transformations are triggered by tags 
and the last three transformations are triggered by words, 
as shown in Table 3. 

Table 3: Examples of some transformations learned in transformation-
based tagging 

Source 
tag 

Target 
tag 

Triggering environment 

Cau PCau the next tag is CauP 
PObj PPla the second tag is CCC and the fourth 

tag is PlaP 
Obj Subj the second tag is CCC and the fourth 

tag is Active 
Obj Subj the second tag is CCC and the fourth 

tag is CCC and the fifth tag is Active 
Subj PcomplS the lexical item of its next word is 

"ျဖစ္သည္" 
Obj PcomplS the lexical item of its next word is 

"နက္သည္" 
Pla PcomplS the lexical item of its next word is 

"ရိွသည္" 

6. Error Analysis for Function Tagging 

Transformation rules produced by TBL are then used to 
change the incorrect tags produced by the Naive Bayesian's 
method. Interestingly it gave an increase of 0.7% for 
Myanmar initially the accuracy decreased. This is due to 
the agglutinative nature of Myanmar and the lack of 
postpositional marker (PPM) in the sentences. There are 
about 1200 sentences in the test data for function tagging. 
Error analysis for function tagging is shown in Table 4. 

Table 4: Error Analysis for function tagging 

Actual Tags Assigned Tags Counts 

PcomplS Subj 133 
PcomplS Obj 108 
PcomplS Pla 52 
PcomplS Tim 24 
PSubj Subj 28 
PObj Obj 37 
PTim Tim 23 
PPla Pla 18 
Subj Obj 54 

7. Grammatical Relations 

Grammatical functions (or grammatical relations) refer to 
syntactic relationships between participants in a 
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postposition. Examples are subject, object, time, and place 
and object complement. We use the context-free grammar 
(CFG) for grammatical relations of Myanmar sentences. 
The grammatical relations of the sentences are represented 
by parse tree. A parse tree is a tree that represents the 
syntactic structure of a string according to some formal 
grammar. 
 
The LANGUAGE defined by a CFG is the set of strings 
derivable from the start symbol S (for Sentence). The core 
of a CFG grammar is a set of production rules that replaces 
single variables with strings of variables and symbols. The 
grammar generates all strings that, starting with a special 
start variable, can be obtained by applying the production 
rules until no variables remain.  A CFG is usually thought 
in two ways: a device for generating sentences, or a device 
if assigning a structure to a given sentence [12]. We use 
CFG for grammatical relations of function tags.  
A CFG is a 4-tuple <N,Σ,P,S> consisting of 

• A set of non-terminal symbols N 
• A set of terminal symbols Σ  
• A set of productions P 

– A-> α  
– A is a non-terminal 
– α is a string of symbols from the infinite 

set of strings (ΣU N)* 
• A designated start symbol S 

 
S     → SS| CS 
SS    → IC 
CS    → Subj? (Noun_DC| Adj_DC| Adv_DC) IC   
Noun_DC → IC CCP 
Adj_DC    → IC CCA 
Adv_DC   → IC CCS 
IC    → Subj Obj Pla Active | Subj Active 
Subj          → Subj | PSubj SubjP 
Obj           → Obj | PObj  ObjP 
Pla            → Pla |  PPla PlaP 
Sim    → PSim SimP 
Com         → PCom ComP 

Fig 3: A context free grammar for Myanmar language 

7.1 Simple Sentence 

Consider a simple declarative sentence “သူသည္ စာအုပ္ကို 
ဆရာ႔အား ေပးသည”္ (He gives the book to the teacher). This 
sentence is represented as a sequence of function-tags as    
”PSubj[သူ]# SubjP[သည]္# PObj[စာအုပ]္#ObjP[ကို] #PIobj[ဆရာ႔] 
# IobjP[အား]#Active[ေပးသည]္” 

 

Fig 4: A parse tree for simple sentence 

7.2 Complex Sentences 

7.2.1 Complex Sentence joined with postpositions 

Consider a complex sentence that is joined with 
postposition (ကို), “ကေလးမ်ား သစ္ပင္ေအာက္တြင ္ကစားေနသည ္
ကို ကၽြန္ေတာ္ ျမင္သည”္ (I see that children are playing 
under the tree). This sentence is described as a 
sequence of function-tags 
as“Subj[ကေလးမ်ား]#PPla[သစ္ပင]္ # PlaP[ေအာက္တြင္]# 
Active[ကစားေနသည]္# CCP[ကို]# Subj[ကၽြန္ ေတာ္ 
]#Active[ျမင္သည]္”. 

 

Fig 5: A parse tree for complex sentence (Noun_DC) + (IC) 

7.2.2 Complex Sentence joined with particles 
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Consider a complex sentence that is joined with particle 
(ေသာ), “ကၽြန္ေတာ္ ဖတ္ေန ေသာ စာအုပ ္ကို အေဖ ဝယ္ခဲ့သည္္” (I am 
reading the book that is bought by my father). This 
sentence is described as a sequence of function-tags as 
“Subj[ကၽြန္ေတာ္]#Active[ဖတ္ေန]#CCA[ေသာ]#PObj[စာအုပ]္#ObjP 
[ကို]#Subj[အေဖ]#Active[ဝယ္ခဲ့သည္္]”. 

 

Fig 6: A parse tree for complex sentence (Adj_DC) + (IC) 

7.2.3 Complex Sentence joined with conjunctions 

Consider a complex sentence that is joined with 
conjunction (ေသာေၾကာင္႔), “ေမာင္ေမာင ္ ၾကိဳးစား ေသာေၾကာင္ ့
ဂုဏ္ထူး ရသည္” (Mg Mg gets the distinction because he 
tried). This sentence is represented as a sequence of 
function-tags as “Subj[ေမာင္ေမာင]္#Active[ၾကိဳးစား]#CCS 
[ေသာေၾကာင္]့#Obj[ဂုဏ္ထူး]#Active[ရသည္]”. 

 

Fig 7: A parse tree for complex sentence (Adv_DC) + (IC) 

7.2.4 Complicated Complex Sentence  

The unrecognized grammatical relations occurs, are the 
problem that were caused by the DC that are in the middle 
of IC and do not has a fixed format. DC may exist between 
the subject phrase and verb phrase of IC. Consider a 
complex sentence “ေမာင္ဘ က ကၽြန္ေတာ္ စာက်က္ေနသည ္ ဟု 
ေျပာသည”္ (Mg Ba says that he is studying). This sentence is 
described as a sequence of function-tags as 
“PSubj[ေမာင္ဘ]#SubjP[က]#Subj[ကၽြန္ေတာ္]# 
Active[စာက်က္ေနသည]္ #CCP[ဟု ]#Active[ေျပာသည]္”. 
 

 

Fig 8: A parse tree for complex sentence Subj+ (Noun_DC) + (IC) 

8. Performance Evaluation 

Evaluation is based on the performance evaluation by 
comparing between the system’s outputs with the manual 
parse tree of the sentence. By using the way of assessing 
the quality of grammatical relations is to assign scores to 
the output sentences. That is affected by POS tagging and 
function tagging errors. The evaluation steps describe the 
evaluation methodology: 

• Run the system on the selected test case 
• Compare the original parse tree with the system’s 

output 
• Classify the criteria that arise from the 

mismatches between the two grammatical 
relations of the sentences or parse trees 

• Assign a suitable score for each criterion. A range 
of score between 0 and 3 determines the 
correctness of the relations. While 0 indicates 
absolutely incorrect grammatical relations and 3 
indicates absolutely correct grammatical relations 

• When a situation belongs to multiple problems 
compute its score average 

• Determine the correctness of the test case by 
computing the percentage of the total scores 
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Table 5: Accuracy scoring criteria 

No Criterion Score 

1 if the output  parse tree is completely wrong 
format 

0 

2 if each Myanmar word can generate correct 
function tag but the grammatical relations 
are false 

1 

3 if each Myanmar word cannot generate 
correct function tag but the grammatical 
relations are true 

1.5 

4 if the output sentence is quite well in 
function tagging and there are some errors 
in grammatical relations 

2 

5 if the output parse tree is completely true  3 
 
To the best of our knowledge, there has been no Myanmar-
English machine translation before so that there is no 
standard test set for evaluating Myanmar-English MT 
system. The data set is derived from the Myanmar 
textbooks of middle school and Myanmar grammar books, 
Ministry of Education. The data set consists of 65 
sentences for simple sentence, 54 sentences for complex 
sentence joined with postpositions, 37 sentences for 
complex sentence joined with particles, 44 sentences for 
complex sentence joined with conjunctions and 29 
sentences for complicated complex sentence.  
 
The system produces 94.36% score for simple sentences 
while 68.39% score for complicated complex sentences, as 
shown in Table 6.  

Table 6: The result of the score for each sentence type from data set 

No Sentence Types No. of 
sentences 

Total 
Score 

Score 
(%) 

1 Simple  65 184 94.36 
2 Complex  

(Noun_DC)+(IC) 
54 141 87.04 

3 Complex  
(Adj_DC) +(IC) 

37 96.5 86.94 

4 Complex  
(Adv_DC) + (IC) 

44 121 91.67 

5 Complicated 
Complex 

29 59.5 68.39 

 Total 229 602 87.63 
 
Fig 9 depicts the relation accuracy for each sentence type. 
Table 7 shows detailed expression of the score for each 
sentence type. It can be seen that the proposed system 
generates 63.5% accuracy for all sentence types, as shown 
in Table 7. 

 

 

Fig 9: The result of the grammatical relations accuracy for each sentence 
type 

Table 7: The result for each sentence type from the score’s point of view 

Sentence 
Types 

Score 
3 

Score
2 

Score 
1.5 

Score
1 

Score 
0 

Simple  74.0% 8.5% 12.1% 5.4% 0.0% 
Complex  
(Noun_DC) 
+(IC) 

67.9% 0.0% 29.4% 2.7% 0.0% 

Complex  
(Adj_DC) 
+(IC) 

62.2% 6.3% 17.4% 14.1% 0.0% 

Complex  
(Adv_DC) 
+( IC) 

81.6% 8.2% 0.0% 10.2% 0.0% 

Complicated 
Complex 

32.4% 1.8% 19.5% 46.3% 12% 

Accuracy 63.5% 4.7% 15.6% 15.7% 2.4% 
 
Fig 10 to 14 shows the accuracy of grammatical relations 
for simple and complex sentences. Fig 15 shows the total 
result of the grammatical relation accuracy from the score 
point of view. 

 

Fig 10: Accuracy for Simple Sentence 
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Fig 11: Accuracy for Complex Sentence (Noun_DC) + IC 

 

 

Fig 12: Accuracy for Complex Sentence (Adj_DC) + IC 

 

 

Fig 13: Accuracy for Complex Sentence (Adv_DC) + IC 

 

 

Fig 14: Accuracy for Complicated Complex Sentence 

 

 

Fig 15: Grammatical relation accuracy for all sentence types from the 
score point of view 

9. Conclusion 

We demonstrated the use of TBL for function tagging for 
Myanmar language. Using TBL method further improved 
accuracy and produced correct function tags that could not 
be produced by previous method. Once studied the results 
and analyzed the mistakes, it must be said that a correct 
identification of the function tag is crucial in order to 
obtain a good analysis. If the function tagging fails in this 
process, the error is dragged throughout the analysis and 
the result is a badly parse tree. The more accuracy for 
function tagging increase, the more convenient for 
grammatical relations of simple sentences and complex 
sentences of Myanmar language are.  
 
From our experience we have noted that development in 
natural language processing for Myanmar language is very 
slow. The main reason for this includes non-availability of 
large scale data resources and also due to the inherent 
complexities of the language. The performance of the 
proposed system can be improved by incorporating more 
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syntactical information by increasing more and more 
sentence types and well-formed large corpus. 

Appendix 

Table 8: Function Tagset 

Tag  Description Example 

Active 
Subj  
PSubj       
 SubjP       
Obj 
PObj 
ObjP 
PIobj 
IobjP 
Pla 
PPla 
PlaP 
Tim 
PTim 
TimP 
PExt 
ExtP 
PSim 
SimP 
PCom 
ComP 
POwn 
OwnP 
Ada 
PcomplS 
PcomplO 
PPcomplO 
PcomplOP 
 
PUse 
UseP 
PCau 
CauP 
PAim 
AimP 
CCS 
CCM 
CCC 
CCP 
CCA 

Verb 
Subject 
Subject 
PPM of Subject 
Object 
Object 
PPM of Object 
Indirect Object 
PPM of Indirect Object 
Place 
Place 
PPM of Place 
Time 
Time 
PPM of Time 
Extract 
PPM of Extract 
Similie 
PPM of Similie 
Compare 
PPM of Compare 
Own 
PPM of Own 
Adjective 
Subject Complement 
Object Complement 
Object Complement 
PPM of Object 
Complement 
Use 
PPM of Use 
Cause 
PPM of Cause 
Aim 
PPM of Aim 
Join with conjunctions 
Join the meanings 
Join the words 
Join with postpositions 
Join with particles 

စားသည္ 
သူ 
သူ 
သည္ 
ေကာ္ဖီ 
ေကာ္ဖီ  
ကုိ                    
မလွ  
အား  
ရန္ကုန္  
ရန္ကုန္  
သုိ႔                         
မနက္  
မနက္  
တြင္  
ေက်ာင္းသားမ်ား    
အနက္ 
မင္းသမီး   
က့ဲသုိ႔     
သူ႔ဦးေလး 
ႏွင့္အတူ  
သူ   
၏ 
လွ 
သူသည္ဆရာျဖစ္ သည္ 
ေ႐ႊကုိလက္စြပ္လုပ္သည္ 
ထြန္းထြန္း        
 ဟု 
 
တုတ္     
ျဖင့္  
မုိး   
ေၾကာင့္  
အေမ႔    
အတြက္ 
လွ်င္   
ထုိ႔ေၾကာင့္ 
ႏွင့္  
ကုိ 
မည့္ 

 

Table 9: Chunk  

Chunk Type Example 

Noun Chunk NC[ေခြး/n.animal] 

Postpositional Chunk PPC[ကုိ/ppm.obj] 

Adjectival Chunk AC[လွ/adj.dem] 

Adverbial Chunk RC[ေပ်ာ္ရႊင္စြာ/adv.manner] 

Conjunctional Chunk CC[ႏွင့္/cc.chunk] 

Verb Chunk VC[ျဖစ္/v.common] 

Sentence Final Chunk SFC[၏/sf.declarative] 

Table 10: POS tags 

Description POS Tag Name 

Noun n 

Pronoun pron 

Postpositional Marker ppm 

Adjective adj 

Adverb adv 

Conjunction cc 

Particle part 

Verb v 

Sentence Final sf 

Table 11: Categories 

Category Example 

Noun Categories n.animal, n.food, n.body, 
n.person, n.group, n.time, 
n.common, n.building, 
n.location,  n.objects, 
n.congnition,  

Pronoun Categories pron.person, pron.distplace, 
pron.disttime,  pron.possessive 

Postpositional Categories ppm.subj, ppm.obj, ppm.time, 
ppm.cause, ppm.use, ppm.sim, 
ppm.aim, ppm.compare,   
ppm.accept,  ppm.place, 
ppm.extract, 

Adjectival Categories adj.dem, adj.distobj 

Adverbial Categories adv.manner, adv.state 

Conjunctional Categories cc.sent, cc.mean, cc.chunk, 
cc.part, cc.adj 
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Particle Categories part.type, part.eg, part.number 

Verb Categories v.common, v.compound 

Sentence Final 
Categories 

sf.declarative, sf.question, 
sf.negative,  
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Abstract 

In this paper, the design and implementation of a generic fast 
asynchronous Hybrid Kogge-Stone Structure Carry Select based 
Adder (HKSS-CSA) is described in detail and its application in 
the design of asynchronous Double Precision Floating-Point 
Adder (DPFPA) is presented and the improved latency 
performance it provides is discussed. A detailed analysis in terms 
of maximum combinational delay, number of logic levels and 
logic resources used by both these adders is provided. The 
proposed HKSS-CSA adder’s performance is compared with a 
generic reference Carry Look-Ahead Adder (CLA) in terms of 
the above parameters. For the same set of inputs, the HKSS-CSA 
resulted in approximately 40% (32-bit) – 65% (128-bit) 
reduction in the number of logic levels, thereby improving the 
overall latency by a factor of 2 (32-bit) – 6 (128-bit) times 
compared to a CLA. A 64-bit instance of this HKSS-CSA was 
made use of in the design of an asynchronous DPFPA and its 
performance compared with a reference DPFPA which makes use 
of a CLA in the intermediate stage. The reference DPFPA had a 
maximum combinational delay of 36.25ns while the newly 
suggested DPFPA had a delay of 18.60ns for the same set of 
inputs, giving about 50% improvement in overall latency 
performance, which can be mainly attributed to the latency 
improvement provided by the HKSS-CSA.  
Keywords: Double Precision Floating-Point, Hybrid, Kogge-
Stone, Carry Select, Carry Look-Ahead, Adder. 

1. Introduction 

Floating-point adders (FPAs) are one of the most 
frequently used components in modern microprocessors, 
digital signal processors (DSPs) and graphic processing 
units (GPUs). These adders must not only be fast enough 
to accommodate the ever increasing speed requirements of 
designs but also small enough for designs which make use 
of a number of these adders in parallel;  while maintaining 
the accuracy at the output.  The main bottlenecks in the 
design of FPAs are latency, area and power. Both floating-
point addition and subtraction make use of FPA, hence the 
latency and throughput of FPA is critical in improving the 
overall performance of a Floating-Point Unit (FPU). 
Therefore, a lot of effort was spent on reducing the FPA 
latency [1-4].  

In [1], a DPFPA design which makes uses of flagged 
prefix addition is proposed and the improvement got in 
latency is described in detail.  A two-path FPA design is 
proposed to improve the overall latency in [2]. In [3], a 
design which reduces the overall latency by reducing 
latency at each sub-module by improvement in structural 
level by using synthesis method is presented. A variable 
latency algorithm is proposed and made use of in the 
design of FPA and the improvements got are detailed in [4]. 
The design tradeoff analysis of FPAs in FPGAs is 
presented in [5]. The IEEE standard for binary floating-
point arithmetic [6] provides a detailed description of the 
floating-point representation and the specifications for the 
various floating-point operations. It also specifies the 
method to handle special cases and exceptions. Nowadays, 
most floating point units are IEEE compliant and are 
capable of handling both single precision and double 
precision floating-point operands.  
The main objective of this paper is to present the design of 
an asynchronous DPFPA which makes use of newly 
designed HKSS-CSA and is conformable with the latest 
draft of IEEE-754 standard, its implementation using Very 
high-speed integrated-circuit Hardware Description 
Language (VHDL) and its synthesis for a Xilinx Virtex-V 
FPGA using Xilinx’s Integrated Software Environment 
(ISE) 9.1i. Asynchronous adders offer many advantages, 
most important is that they do not use a clock signal, hence 
not constrained to a global timing constraint. The designed 
DPFPA accepts normalized double precision floating-point 
numbers as input and the output is also in the same format. 
It can also handle special cases and exceptions described 
in the IEEE standard. This design is compared against a 
reference DPFPA and analyzed in terms of latency, 
number of logic levels and logic resources used. This 
design can be easily extended to support operations on 
single precision floating-point numbers though better delay 
performance is got for double precision numbers. 
The organization of this paper is as follows: In section 2 
the standard algorithm for double precision floating-point 
addition is presented and design improvements in sub-
modules which can lead to increase in overall performance 
of DPFPA are suggested. The design and implementation 
of generic asynchronous HKSS-CSA used in the proposed 
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DPFPA design is discussed in section 3 and its 
performance compared with a standard CLA. In section 4, 
the design of the suggested DPFPA is described. Also the 
performance analysis of the proposed DPFPA adder is 
done and compared with the reference DPFPA in this 
section. The main conclusions are elucidated in section 5.  

2. Standard DPFPA Algorithm 

The double precision floating-point addition is one of the 
most complex operations in a FPU and needs more logical 
resources compared to 64-bit adder mainly due to 
normalization, rounding logic and exception handling. The 
main steps involved in performing an IEEE double 
precision floating-point addition are summarized below:   
• The first step is to extract the sign, exponent and 

mantissa part of the operands as per the IEEE 
representation and check whether the inputs are 
normalized or any of the special types like NaN, 
infinity or zero.  

• Next step is pre-normalization where the two 
exponents are compared to identify the larger 
exponent and the smaller operand is aligned by right 
shifting it by the absolute difference of the exponents.  

• Addition of the two aligned mantissa is performed in 
the next step.  

• The post-normalization step involves detection of 
carry out and right shifting mantissa by 1 and 
incrementing the exponent in case of carry-out.  

• Rounding is done based on certain internal signals, the 
exponent and mantissa are updated appropriately.  

• The final step involves exception handling where 
checks are done on the output for any special types. 

The algorithm used is shown in the form of a flow chart in 
Fig. 1. Operand A is unpacked based on IEEE double 
precision floating-point representation into sign (SA), 
exponent (EA) and mantissa (MA). Similarly SB, EB and 
MB are got from operand B. The output sign (SO), 
exponent (EO) and mantissa (MO) are packed in the last 
stage of the DPFPA and given out in IEEE double 
precision floating point format.  
A detailed delay analysis of the different sub-modules used 
in the design of DPFPA revealed that the 53-bit mantissa 
adder lies in the critical path and is also the largest 
functional unit block in the data path. Improvements in the 
design of this adder to have better delay performance 
should lead to an improvement in the overall latency 
performance of the DPFPA. Parallel prefix addition is a 
general technique for speeding up binary addition and has 
a flexible area-time tradeoff. Parallel prefix adders are 
derived from the family of CLA. A CLA adder improves 
the speed by reducing the amount of time required to 
determine the carry bits. 

Flags

Unpack

Mantissa Addition

Pre-Normalization

Post Normalization

Rounding

Exception Handling

Pack

SA  EA MA SB  EB MB

SO  EO MO
 

Fig. 1 Asynchronous DPFPA Algorithm. 

3. Asynchronous Hybrid Kogge-Stone 
Structure-Carry Select Based Adder  

A general overview of different addition techniques has 
been presented in [7]. A number of fast adders like carry-
skip adder, carry-select adder and carry look-ahead adders 
have been proposed in the past [8]. The CLA uses the 
concepts of generating and propagating the carries. The 
addition of two 1-bit inputs A and B is said to generate if 
the addition will always carry, regardless of whether there 
is an input carry. The addition of two 1-bit inputs is said to 
propagate if the addition will carry whenever there is an 
input carry. The equations (1) and (2) are used to find 
generate and propagate terms respectively. 
 
           (1) 
       (2) 
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The parallel prefix addition can be viewed as a 3-stage 
process shown in Fig. 2. The improvements can be made 
primarily in the carry generation stage which is the most 
intensive one. These adders make use of a tree structure for 
calculating the carry and hence reduce the latency of the 
output. Among all trees, the Kogge-Stone tree structure is 
the most commonly used parallel prefix topology in high 
performance data paths. The main features are minimum 
logic depth, regular structure and uniform fan-out. The 
main disadvantages are large number of wires and high 
power dissipation. The Kogge-Stone Structure (KSS) 
based adder is a parallel prefix form of CLA and generates 
the carry signals in  O(log2(N)) time (where N represents 
number of input bits) and is considered the fastest adder 
design widely used in industry. 
These designs are better suited for adders with wider word 
lengths and there is a minimal fan-out of 2 at each node, 
hence faster performance. The algorithm developed by 
Kogge-Stone [9] has both optimal depth and low fan-out 
but produces massively complex circuit realizations and 
also account for large number of interconnects. Brent-
Kung adder [10] makes use of minimal number of 
computation nodes, hence results in reduced area, but the 
structure has maximum depth which results in increased 
latency compared with other structures. The Han-Carlson 
adder [11] combines Brent-Kung and Kogge-Stone 
structures to achieve a balance between logic depths and 
interconnect count.  An algorithm for generating parallel 
prefix adders with variable parameters has been discussed 
in [12]. A matrix representation for the gate level design of 
parallel prefix adders has been presented in [13]. 
 

 

Fig. 2 Parallel-Prefix 3-stage Addition Process. 

3.1 Design and Implementation 

The parallel prefix adders and CLA adders differ in the 
way their carry generation block is implemented. In Stage 
I, generate and propagate components are found for each 
bit combination of the inputs A and B. The block level 
representations for each of the cell modules with its 
corresponding inputs and outputs are shown in Fig. 3. Each 
of these cell modules were written in VHDL and verified 
individually. The top module consists of instances of these 
sub-modules and is verified finally as a single block.  
White cell module is used to form the initial generate and 
propagate components Gi and Pi with Ai and Bi as its 
inputs. The expression to calculate Gi and Pi are given by 
(3) and (4) respectively. 
 
        (3) 

           (4) 

In Stage II, the calculation of the carries Ci is done by 
making of use of the Kogge-Stone structure. This stage 
makes use of black cell, grey cell and buffer cell modules, 
each having their unique functionalities. The Black cell 
module takes (Gin1, Pin1) and (Gin2, Pin2) as its inputs and 
forms the (Gout, Pout) using (5) and (6). 
 
      (5) 

       (6) 

The Grey cell module outputs only the generate component 
Gout using (5) taking (Gin1, Pin1) and Gin2 as its input. The 
buffer cell acts as a buffer passing its inputs (Gin1, Pin1) as 
its outputs (Gout, Pout).  

 

Fig. 3 (Clockwise) 
White cell, Black cell, Grey cell, Buffer cell. 
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Fig. 4 Kogge-Stone Structure for 8-bit Adder. 

The Kogge-Stone tree structure for an 8-bit adder is shown 
in Fig. 4. The height of a Kogge-Stone tree for an N-bit 
adder is given by log2 (N) logic stages. Hence for an 8-bit 
adder, we have a height of 3 logic stages. The radix of the 
adder refers to how many results from the previous level of 
computation are used to generate the next one. In this 
design Radix-2 implementation is done. Higher radix 
levels can be made use of to reduce the number of stages, 
but this increases the power and delay. The sparsity of the 
adder refers to how many carry bits are generated by the 
carry-tree. In this design every carry bit is generated, hence 
making it Sparsity-1 design.  
Kogge-Stone structure has minimal depth but high node 
count, hence occupies more area in comparison to other 
tree structures like Brent-Kung, Han-Carlson, and Ladner-
Fischer, but has a minimal fan-out of 2 at each given stage, 
hence giving a better delay performance. 
The carries Ci generated in stage II is made use of to 
calculate the sum Si in stage III. These carries are used as 
the carry-in inputs for much shorter RCAs or some other 
adder design, which generates the final sum bits. But by 
making use of a Carry Select Adder (CSA) in the last 
stage, the delay can be further reduced since the sum bits 

will already be calculated. In a CSA, we compute two 
results in parallel, each for different carry input 
assumption. A CSA consists of two Ripple Carry Adders 
(RCAs) and a multiplexer. Adding two N-bit numbers with 
a CSA is done with two RCAs in order to perform the 
calculation twice, one time with the assumption of the 
carry being zero (Ci = ‘0’) and the other assuming one (Ci 
= ‘1’). These two calculations can be done in parallel. 
After the two results are calculated, the correct sum is 
selected with the multiplexer once the carry is known. The 
carries Ci from stage II are fed as inputs to the CSA, so as 
to choose the appropriate Si which has already been 
calculated, thereby reducing the overall delay of the final 
output. Fig. 5 shows the block diagram of CSA used in the 
design. The block diagram of the RCA implemented is 
shown is Fig. 6. 
In order to compare the performance of the proposed adder 
with the CLA, a generic CLA was designed in a structural 
manner. The block diagram of a generic N-bit CLA is 
shown in Fig 11. Each of the GPB blocks contains logic 
which calculates the Gi, Pi and Cj for i = N-2, N-1 … 2, 1, 
0 and j = N-1, N-2…, 2, 1 using equations (3), (4) and (7).  

       (7) 
 

 
Fig. 5 Block diagram of Carry Select Adder (CSA). 

 

 
Fig. 6 Block diagram of Ripple Carry Adder (RCA). [7] 
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Table 1: Delay and device utilization summary. 

N 
(No. of bits) 

Type  of 
Adder 

Maximum 
combinational 
path delay (ns) 

Route 
Delay 
(ns) 

Logic 
Delay 
(ns) 

Levels of 
Logic 

No. of 
Slices 

2 
HKSS-CSA 3.600 0.970 2.630 3 3 

CLA 3.600 0.970 2.630 3 3 

4 
HKSS-CSA 4.418 1.515 2.903 5 8 

CLA 4.433 1.723 2.710 4 6 

8 
HKSS-CSA 5.367 2.497 2.870 6 16 

CLA 5.962 3.092 2.870 6 12 

16 
HKSS-CSA 7.155 4.125 3.030 8 73 

CLA 7.880 4.690 3.190 10 24 

32 
HKSS-CSA 9.030 5.760 3.270 11 178 

CLA 15.754 11.844 3.910 19 49 

64 
HKSS-CSA 10.561 7.051 3.510 14 466 

CLA 27.986 22.796  5.190 35 97 

128 
HKSS-CSA 11.540 7.951 3.590 25 1125 

CLA 52.451 44.701 7.750 67 193 

 

(Clockwise) 
Fig. 7 Maximum combinational delay (in ns) as a function of N (bits). 

Fig. 8 Routing delay (in ns) as a function of N (bits). 
Fig. 9 Levels of logic as a function of N (bits). 
Fig. 10 No. of slices as a function of N (bits).
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Fig. 11 Block diagram of N-bit CLA. 

3.2 Performance Results 

The design of the proposed HKSS-CSA and CLA was 
modeled in VHDL by making use of a module based 
structural approach. Both the adders where designed and 
synthesis was done using Xilinx-ISE EDA software on 
Virtex5 device. Functional testing was done on corner 
cases, as well as large number of test cases were written to 
verify the functionality of the adders. The simulation of the 
waveforms was done using ModelSim-SE. 
The performance comparison of the two designs is done in 
Table 1, which provides the delay, number of logic levels 
and device utilization summary of HKSS-CSA and CLA. 
In Fig. 7, a graph of maximum combinational path delay as 
a function of number of input bits (N) is shown. From this 
we can observe that there is a drastic increase in the 
maximum combinational delay for CLA as N increases 
compared to HKSS-CLA. Hence HKSS-CSA design is 
more suitable for adders with higher input widths. 
As evident from Fig. 8, in CLA the routing delay increases 
for higher values of N. The advantage of the HKSS-CSA 
becomes more apparent for higher values of N; delay is 
reduced by 6 times (N=128) and by 3 times (N=64). The 
routing delay increases almost in a linear manner for 
HKSS-CSA while its almost exponential for CLA. 
As can be observed from Fig. 9, there is a reduction of 
about 40% (32-bit) to 65% (N=128) in the number of logic 
levels when compared with a CLA of same width, thus 
leading to a better overall delay for the proposed HKSS-
CSA when compared to CLA. Also on comparing with Fig. 
7, we can see that the number of logic levels has a definite 
relationship to the maximum combinational path delay. 
Also as expected the HKSS-CSA makes use of more 
number of logic resources when compared to the CLA. 
CLA uses lesser logic resources in comparison to HKSS-
CSA and this difference increases considerably for higher 
values of N. Hence as the number of required logic 
resources increases, area also increases. In Fig. 10, a plot 
of number of slices used as a function of N is shown.  

4. Asynchronous Hybrid Kogge-Stone 
Structure Carry Select Based DPFPA  

This section will review the DPFPA algorithm architecture 
and the hardware sub-modules used in implementing it. 
The block diagram of DPFPA is shown in Fig. 12. 

4.1 Design and Implementation 

The standard DPFPA algorithm presented in section 2 is 
designed and implemented here. The two 64-bit inputs A 
and B are both in IEEE double precision floating-point 
format and the output sum will also be in the same format.  
A 64-bit double precision floating point number defined as 
per the IEEE-754 standard consists of the 1- bit sign ([63]), 
11- bit exponent ([62:52]) and 52- bit mantissa ([51:0]). 
The design consists of mainly three blocks: pre-adder, 
adder and post-adder. Each of these blocks contains some 
Functional Unit Blocks (FUBs) which perform specific 
functions.  

• Pre-Adder Block 

The FUBs in the pre-adder block perform operation on the 
operands to be done before the mantissa addition is done. 
The Unpack FUB basically extracts and signs the sign, 
exponent and mantissa parts of A (SA, EA, MA) and B 
(SB, EB, MB) as per IEEE double precision floating point 
format. The check for special formats is also done in this 
FUB and flags (EI) sent to the post-adder block. Pre-
normalization is done in the Exp FUB, in which the two 
exponents EA and EB are compared to identify the larger 
exponent. The right shifting of the smaller operand by an 
amount equal to the absolute difference of the exponents is 
done in the Align FUB. The sign bit of the final sum is got 
from the Sign FUB.  

• Adder Block 

A 53-bit adder is needed to add the mantissas MAF and 
MBF coming in from the pre-adder block. The improving 
the latency performance of this adder we can improve the 
overall latency performance of the DPFPA. As shown in 
section III, the newly proposed 64-bit KSS-CSA gives 
good latency performance in comparison to the CLA. A 
64-bit adder is chosen here instead of a 53-bit adder so as 
to take advantage of the well-ordered tree structure for 
carry generation, minimal fan-out at each stage, reduced 
number of logic levels, and the carry select adder in the 
last stage. Hence the inputs MAF and MBF to the adder 
block are zero padded before addition and the final result 
is sent to the post-adder block.  
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Fig. 12 Block diagram of DPFPA. 

• Post-Adder Block 

The FUBs in the post-adder block perform operations on 
the results of mantissa addition. Post-normalization of the 
output mantissa is done in this FUB. Rounding and 
exception handling is done in the last stage of the FUB. 
The result sign, exponent and mantissa are stitched 
together to form the 64-bit floating point output SUM. 
Additional flags are also generated at the output to detect 
special cases. 

4.2 Performance Results  

In order to compare the performance of the proposed 
HKSS-CSA based DPFPA against a reference CLA based 
DPFPA, both the designs were modeled in VHDL and 
synthesized using Xilinx-ISE EDA software on Virtex5 
device. The functionality of the designs was tested by 
applying a large number of test vectors and Modelsim-SE 
was used to verify the design. Various corner and special 
cases were also covered and the performance statistics in 
terms of maximum combinational delay, route and logic 
delays, number of levels of logic and slice logic utilization 
were collected. Table 2 provides the performance 
comparison data with respect to the proposed and 
reference DPFPA. Here again we can see a definitive 
relationship between the number of logic levels and 
maximum combinational path delay. 
The suggested design led to a reduction in the number of 
logic levels by about 50% compared to the reference 
DPFPA for the same set of inputs. The route and logic 
delays which comprise the total delay for the two designs 
can be seen in Fig. 13. The maximum combinational path 
delay was reduced from 36.25ns to 18.60ns, so the 

proposed HKSS-CSA based DPFPA is almost twice as fast 
as the CLA based DPFPA.  
Also as expected the proposed design makes use of more 
amount of logical resource while giving a better delay 
performance which can be attributed mainly to the 
improved latency performance of the intermediate adder. 
The delay of an adder depends on how fast the carry bit 
can be generated and used in sum generation. Thus by 
making use of HKSS-CSA in the mantissa addition stage, 
the suggested DPFPA gave a better overall delay 
performance in contrast to the DPFPA which uses the 
CLA. 
 

Table 2: Delay and device utilization summary of DPFPA. 

DPFPA 
based on 

Maximum 
combinational 

path delay 
(ns) 

Route 
Delay 
(ns) 

Logic 
Delay 
(ns) 

Levels 
of 

Logic 

Slice 
Logic 

HKSS-CSA 18.600 13.756 4.844 28 1850 
CLA 36.253 29.889 6.364 51 1556 

 

 
Fig. 13 Delay performance of DPFPA based on HKSS-CSA and CLA. 
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5. Conclusions 

In this paper, the design and implementation of generic 
HKSS-CSA is proposed and its performance compared 
with a generic CLA. We have analyzed the delay, number 
of logic levels and logic resources needed by the HKSS-
CSA and CLA for different input widths. The results show 
that the HKSS-CSA is faster in comparison to CLA 
because of a number of factors like minimal fan-out at each 
stage, reduced number of logic levels, well ordered tree 
structure for carry generation and the carry select adder in 
the last stage. But with regard to the use of logic resources, 
the CLA performs better. The new design led to a 
reduction by 40%-65% in the levels of logic and thus a 
latency improvement by a factor of 2-6 times when 
compared to CLA for higher values of N (32, 64, 128 bit). 
Also this paper proves the tradeoff that exists between 
maximum combinational delay and amount of logic 
resources used, and hence the area i.e. area-timing tradeoff. 
In addition to this, we can see that lower delay advantage 
of HKSS-CSA can be got for adders with higher input 
widths. 
An application of this HKSS-CSA in the design of fast 
asynchronous DPFPA is investigated and the performance 
of this adder compared with a DPFPA which makes use of 
CLA in the intermediate stage. The suggested design led to 
a reduction by about 50% in the number of levels of logic 
compared to one with CLA thereby leading to an overall 
decrease in the maximum combinational delay. For future 
work we plan to make use of this HKSS-CSA in the design 
of single precision and double precision floating point 
multipliers, to add the mantissa part.  
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Abstract 
Classifying 3D models into classes is an important step in 3D 
model retrieval process. However, most classification system 
does not include semantic information. In this paper, a new 
method has been proposed to classify and to retrieve 3D model 
using semantic concepts and ontology. First, we use the machine 
learning methods to label 3D models by k-means algorithm in 
shape indexes space. Second, classification of 3D models into 
classes based on semantic annotation is applied. Finally, 
ontology is constructed with instances for each class, which 
contain spatial relationships, shape indexes and measures. 
Therefore, the 3D model retrieval system is comprised of low-
level and high-level visual features. We interpret our results 
using the Princeton Shape Benchmark Database and our 
prototypical 3D Model Search System (3DMSS). The results 
show the performance of the proposed new approach to classify 
and to retrieve 3D models. 
Keywords: 3D Model, Classification, 3D retrieval, shape 
indexes, semantic, ontology. 

1. Introduction 

The size of 3D models that is used on the web or stored in 
databases is becoming increasingly high. To increase the 
identification rate and decrease the time to search for items, 
different methods have been developed for the 
classification of 3D models, using geometrical 
characteristics. However, most of these methods do not 
include semantic information. Therefore, 3D model 
retrieval system has been affected by the similarity gap 
between the lower and the higher level features. In this 
paper, two ways are used to reduce the semantic gap: First, 
unsupervised  learning  method is used to  create  the  link  
between  shape indexes features  and  the  semantic 
concepts. Then, the classification of 3D models which is 
based on semantic annotation is applied. Second, using 
OWL ontology to define the concepts of 3D models, the 
spatial relationships are applied to disambiguate among 
models of similar appearance.  3D model retrieval system 
which is based on the semantic and ontology is developed 

through the use of 3D shape indexes and spatial 
relationships represented by concepts in ontology. There 
are two motivations for using shape indexes: For the first 
motivation, shape indexes, which are all normalized, are 
frequently used to quantify different aspects of 3D model 
shape. Concerning the second motivation is to extract 
visual concepts easily, and semantic information can be 
extracted using unsupervised learning method. 

2. Related work 

Several systems and approaches for the classification of 
3D models have been proposed in the literature. Chin-Chia 
Wu and al. [1] proposed the new approach for classifying 
3D models in points clouds based on geometric graph 
representation.  The approach uses a RIMLS technique and 
spin image signature to calculate the geometric 
characteristic. Based on the spatial clustering ontology, the 
authors in [3] developed ontology-based spatial clustering 
and reasoning system. This system integrates domain 
knowledge and user goals into clustering. Maria and Mihai 
[2] proposed the classification method based on clustering 
algorithm for body shape recognition. For the 3D model-
semantic problem, many approaches have been proposed. 
The work presented in [4] introduces the classification and 
retrieval 3D model by integrating shape features and 
semantic information. The paper proposes  a  new  type  of  
shape  feature  based  on  2D  views  and  use  Gaussian  
processes  as supervised learning to mode the mapping 
from low-level features to query concepts. In the paper [5], 
the author explores a new framework for 3D model 
retrieval based on an off-line learning of the most salient 
features of the shapes. The proposed approach uses a large 
set of features, which can be heterogeneous, to capture the 
high-level semantic concepts of different shape classes. 
Hou and al, in [6] Support Vector Machine (SVM) is used 
to cluster 3D models with respect to semantic information 
for the organization a database of shapes. Therefore, the 
classification and retrieval 3D model system is integrated 
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[7]. Also the semantic description of an object based on 
the ontology, the matching of this description with the low-
level features such as color, texture, shape and spatial 
relationships [8] [9] are used to classify and indexing 
images. In paper [10], authors incorporate semantics 
provided by multiple class labels to reduce the size of 
feature vector produced by bag-of-features [11] exploiting 
semantics.  
In this paper, we suggest reducing the semantic gap in two 
steps during 3D model retrieval process: the first one aims 
at classifying 3D models based on semantic concepts. To 
label 3D models, in this step, the machine learning 
methods is applied in shape indexes space. Second, we use 
SPARQL engine to question the information displayed in 
OWL ontology using spatial relationships. 

3. System overview 

In this paper, our content-based search (3DMSS) is used to 
test the proposed classification and retrieval. The proposed 
3DMSS is illustrated in figure (“Fig 1”).  
In the inline process, the user can navigate in the database 
and sends a 3D request to the server. The 3D model 
retrieval procedure is a three-step process: first, 3DMSS 
defines the class membership which is semantically 
classified. Second, sends the request to ontology by 
SPARQL engine using spatial relationships. Finally, 
compares its descriptor with the descriptors of all models 
selected in second step using geometrical characteristics. 

 

Fig 1.  Overview of the proposed system 

Our 3D Database is composed of Princeton Shape 
Benchmark 3D models [12] that are stored in a format 
(*.off) which represents the shape of 3D models by 
polygonal mesh. 

4. Descriptor Extraction 

The size and shape of 3D model have been used to 
describe 3D model. There are several ways to describe a 
3D model shape. However, no single shape descriptor is 

appropriate for all models.  Therefore, such a way of 
characterizing shape is required. Shape indexes that 
provide Sphericity, Compactness, Convexity and 
elongation, are frequently used to quantify different 
aspects of 3D model shape (“Fig 2”). In addition, 
motivation for using shape indexes is extracting visual 
concepts easily and tells a lot about the semantics of the 
3D model. Therefore, the association of shape indexes with 
semantic concepts should be used. 
 

 
Fig 2.  Descriptor Extraction 

To describe 3D model size, various measures from this 3D 
model are calculated. The most frequently used are the 
diameter and the length measure of the three representative 
main axes. The measure equivalent spherical diameter 
(ESD) can be used to define 3D model size. It is the 
diameter of a sphere of equivalent volume that gets larger 
or smaller as the model does.  Let Sch the convex hull 
surface area. The ESD is defined by: 

)1( ( )3/**)3/4( ππ chSESD = 

To compute 3D shape indexes, the most important 3D 
measures are: surface area and volume. With 3D polygonal 
model representation, these measures [15] can be readily 
obtained from the models and are used directly for 
calculating 3D shape indexes. For other 3D measures, we 
use the 2D measures transformed by modifying the 
calculation. In practice, we used the following measures: 
Volume, Surface area, diameter, Ferret diameter, Small 
and large radii, main axis, plan and ESD. Similar measures 
are calculated from bounding box and convex hall that is 
the minimum enveloping boundary. These measures are 
used as semantic concepts in ontology and allow to define 
the spatial relationships.  
From these basic measures, multiple shape indexes are 
calculated for each 3D model and subdivided into four 
groups: Compactness, Sphericity, Convexity and 
Elongation. For others shape indexes see our works in [14]. 
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4.1 Compactness   

From ESD measure, new shape index that provides 
compactness indicator can be calculated [9] as follows:  

)2( chDESDC /1 = 

Where DRchR is the convex hall diameter. 
Based on volume (V) and surface area (S) ratio, other 
shape index characterizing the Compactness of 3D model 
have been calculated as follows: 

)3(     32 /)*36*(2 SVC π= 

4.2 Sphericity 

Sphericity and roundness have been used to represent the 
3D model shape and are indications of compactness. 
Sphericity is a shape index that provides how spherical an 
object is. Roundness is related to angularity and represents 
the curvature of model’s corners.  New shape index 
characterizing the Sphericity of 3D model has been 
calculated [24] as follows: 

)4( SVaS /*1 3/2= 

Where a = 62/3 π1/3 ≅  4.84 (which makes the S1 equal to 
1 for a sphere). 
The Sphericity  index is a  dimensionless  constant  with  
values  ranging  from  zero  for a laminar  disc  to  unity  
for  a  sphere and it is most sensitive to elongation. 

4.3 Elongation 

Elongation provides an indication of 3D model overall 
form by comparing the strength of the major axis and the 
strength of the minor axis of a 3D model.  
It is defined as (1-[width/length]) and has values in the 
range of zero to one. We are using main axes and radii to 
compute elongation. We can use also moments to compute 
them as in [16]. 

4.4 Convexity 

This shape indexes group computes and provides the 
surface roughness of a 3D model and is calculated by 
dividing the convex hull surface area by a surface area of 
3D model [14].  

)5(     SSC chs /= 

We can also calculate convexity shape index using 3D 
model volume as follows: 

)6(     VVC chv /= 

A smooth shape, regardless of form, has a convexity of 1 
while a very ‘spiky’ or irregular object has a convexity 
closer to 0. 
Shape indexes calculated are quick to compute, easy to 
understand and were chosen mostly for their simplicity and 
are invariant to rigid motions such as translations and 
rotations. However, the important idea is extracting 
semantic concepts easily from shape indexes to classify 3D 
models. Measures and shape indexes are considered 
descriptors in this paper and others definitions are detailed 
in [13] [14]. 

5. Semantic-based classification 

The next step after features extracting is to classify 3D 
models semantically. The problem is assigning an 
appropriate class to the query model. The proposed 3D 
model classification contains a semantic labeling step and 
a classifying step. In first one, we exploit shape indexes for 
semantic labeling and we use machine learning methods to 
associate shape indexes with semantic concepts as shown 
in figure 3. In this paper, shape indexes are used to 
represent 3D model visual concepts [17]. 

 
Fig 3.  Definition of semantic concepts and Knowledge base 
augmented and guided by a 3D Shape index ontology to describe 
the 3D Models 

Measures and shape indexes are clustered by a k-means 
algorithm into semantic clusters. The notion of similarity is 
based on each category of 3D shape indexes or measures 
like in figure (“Fig 3”). This approach is divided into the 
following steps: measure extraction; clustering and 
definition of semantic concepts. From the 3D database, the 
three steps are repeated for each 3D shape index to define 
semantic concepts. Therefore, 3D model is described by a 
set of the numerical value associated with semantic 
concepts.  
The second step is classifying 3D models based on these 
semantic concepts. In general, classification is done after 
training. In this paper, k-nearest neighbor algorithm (k-NN) 
is used as a method for classifying 3D models. Based on 
closest training examples in the feature space (“Table 1”), 
k-NN classifies an object by a majority vote of its 
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neighbors, with the object being assigned to the class most 
common amongst its k nearest neighbors. Euclidean 
distance is used as the distance metric. For example, 
Sphericity and Ellipticity IDs are based on the following 
table: 

Table  1.  Semantic concepts IDs 

ID Ellipticity Sphericity 
0 "High Ellipticity" "High Sphericity" 
1 "Average Ellipticity" "Average Sphericity " 
2 "small Ellipticity" "small Sphericity " 
3 "smaller Ellipticity" "smaller Sphericity " 

 
In this example, the semantic concept is assigned to ID in 
semantic labeling step and applied to all semantic concepts. 
We should create a database to describe all models by the 
semantic concepts guided by a 3D Shape indexes ontology 
and relations among entities. The ontology defines a 
database structure as containing of a set of concepts that 
can describe qualitatively the visual semantic concepts and 
should allow similarity searches. 

6. Ontology-based retrieval  

6.1 Ontology 

After building the classes based on semantic, the next step 
to reduce the semantic gap is constructing the ontology for 
each class. Ontology is employed to organize semantic 
concepts (e.g. Sphericity, elongation, convexity...) and 
other concepts such as semantic entities (e.g. lines, points, 
surface, and plan). This Ontology also comprises set of 
spatial relations and some axioms (transitivity, reflexivity, 
symmetry). The proposed ontology is represented in 
Ontology Language OWL [18]. 
SPARQL is used to request this ontology and the result is 
considered as the second method for the classification and 
the selection of 3D model in one class membership. Finally, 
to evaluate the similarity between two 3D models in all 
models selected based on visual concepts; appropriate 
distance by numeric value is required. In this paper, 
measures, shape indexes and moments (section 6.2) are 
used as numeric value to compute similarity between two 
3D models using Euclidean distance. 

6.2 Spatial relationships  

To describe spatial relationships that are usually defined 
according to the location of the measure in the 3D model, 
we calculated the local characteristics from convex hull 
and bounding box. Therefore, four points from convex hull 

are considered (“Figure 4”): centroid (P1), the closest 
point to centroid (P2), the farthest point to centroid (P3), 
and the farthest point to P3 (P4).  In the first step, the 
center of gravity G (or P1) is located. Then, we calculate 
other points using Euclidean distance.  

 
Fig 4.  Four points to describe spatial relationships  

The maximum P1P3 and minimum distance P1P2 
(respectively Small and large radii) are used to define the 
bounding box and there ratio is used as a dimensionless 
shape index.  
From these points, we can compute polygons [23], lines, 
plans. Then, ratios computed between surface area and 
volumes from polygons are inserted in ontology as 
relationships. For each point Pi we calculate also the angle 
Ai, this angle allow to compute various directions. This set 
of features allows the description of model independently 
of their size, rotation, translation or line type [23]. During 
the process of calculating the four sets of point distances 
(P1, P2, P3, P4), the moments of distributions are 
calculated (12 moments of the resulting four distributions) 
[22] and are used to compute similarity via numeric value. 
From bounding box three main axes are considered to 
describe position, distances and orientation of an entity in 
the 3D model. Therefore, several relationships are 
described (“Figure 5”): 

 
Fig 5.  Partial hierarchy of relationships 

The distances can be computed from a point to point, line 
to line, point to line, point to plan and line to plan. Also we 
are interested in topological relationships among entities 
that are related to how objects interconnect. In this paper, 
we adopt the topological relationships as shown in table 
(“Table 2”).  The RCC-8 [19] [20] relations can be used 
for taking into account spatial relations. RCC (Region 
Connection Calculus) is a logic-based formalism 
symbolically to represent and reason with topological 
properties of objects [21]. 
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Table  2.  Topological relations implemented in our system 

 

Based on the spatial relationships and their properties, we 
build the ontology using the web ontology language 
(OWL). 

7. 3D model retrieval 

The third step in our 3D model retrieval system is to 
compute de similarity between two 3D models as shown in 
figure (“Figure 6”). 

 
Fig 6.  semantic and numeric query to evaluate the similarity 

The similarity between two models is measured through 
the use of a distance between their measures, 3D shape 
indexes and the moments of distributions calculated during 
the process of calculating the four sets of point distances 
(P1, P2, P3, and P4). 
In our system, the Euclidean distance is used to measure 
the similarity between 3D models. Therefore, to provide 
the best results, it is necessary to combine shape indexes, 
measures and moments to compute the most relevant. A 
simple approach for combining these descriptors is to 
compute the weighted sum of the distances [14]. 

8. Experimental Results 

We are using Java language to develop our content-
based retrieval systems for 3D models [14]. The 

average times that are used to compute all measures, 
shape indexes, moments and relationships is 0,114 
seconds for a model, using the Princeton Shape 
Benchmark Database (“Table 3”).   

Table  3.  Time to compute all descriptors 

Example  
model 

Number of 
edges 

number  of 
polygons 

Number of 
vertices Time 

1 1638 546 341 0,128405697 
2 648 228 100 0,131520481 
3 1476 492 298 0,085323701 
4 1224 408 216 0,234916242 
5 40626 13542 7056 0,80845978 
6 3336 1112 557 0,222504762 
7 50925 16975 8469 0,774157548 
8 5637 1879 781 0,24777793 

 
During the process on line, all features are computed, 
and we can directly retrieval models as shown in 
figure 7 and 8 (“Fig 7, Fig8”).  
The 12 most similar models are extracting and return 
to do a user by 2D images. To visualize the 3D models 
in the 3D space, the user clicks the button or image. 

 
Fig 7.  query model 

 
Fig 8.  Models found with our visual descriptor 
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Fig 9.  query model 

 
Fig 10.  Models found without classification without ontology 

 
Fig 11.  Models found with classification and without ontology 

To classify 3D models by introducing the semantic 
descriptor (“Fig 10, Fig 11, Fig 12”), the query is 
labeled before the search happens with a semantic 

concept by associating 3D shape low-level features 
with high-level semantic of the models. 

 
Fig 12.  Models found with classification and ontology 

Figure (“Fig 11”) and other examples show that our 
3D classification based on semantic concepts is the 
important method to classify 3D model justifying the 
importance of using the shape indexes and measures 
as visual concepts.  
The evaluation of our system consists of two main 
steps: shape indexes effectiveness and 3D model 
retrieval. For the first one, we evaluated the 
effectiveness of integrating new shape indexes to label 
3D model and we compared the retrieval 
performances of the shape   indexes at   different   
groups. In this experiment, combining Sphericity, 
convexity and elongation gives the most reliable 
results. 
Concerning second step, 3D Harmonics and Moments 
are implemented. We used the Recall and Precision to 
compare different descriptors. Figure (“Fig 13”).  
shows that our proposed descriptor performs well. 

 
Fig 13.  The precision-recall curves of our system 
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The classification based on semantic concepts 
developed reduces the similarity gap, and the retrieval 
method by introducing the ontology retrieval is 
considered as the second method to classify 3D model 
in one class membership. Both methods to classify 3D 
models allow our system more efficient. This 
performance is also linked to the combination of shape 
indexes and semantic concepts structured in ontology.  

9. Conclusion 

 
A new method for 3D models classification and 
retrieval is introduced in this paper. First, the 3D 
classification that has been based on semantic 
concepts is proposed. Second, the method combines 
semantic concepts and geometrical characteristics 
which are structured in ontology to 3D model retrieval. 
The new approach is tested with a large 3D database 
using the search engine developed, which allows us to 
show the relevance of our method. The results are 
promising and show the interest of our approach. 
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Abstract 
Face recognition is a biometric tool for authentication and 
verification, has great emphasis in both research and practical 
applications. Increased requirement on security, fully 
automated biometrics on personal identification and 
verification has received extensive attention over the past few 
years. In this paper Dual Transform based Feature Extraction 
for Face Recognition (DTBFEFR) is proposed. The images 
from database are of different size and format, and hence are 
to be converted into standard dimension, which is appropriate 
for applying DT-CWT. Variation due to expression and 
illumination are compensated by applying DWT on an image 
and also DWT reduces image dimension by decomposition. 
The DT-CWT is applied on LL subband, which is generated 
after two-level DWT, to generate DT-CWT coefficients to 
form feature vectors. The feature vectors of database and test 
face are compared using Random Forest, Euclidian Distance 
and Support Vector Machine matching algorithms. The 
correct recognition rate, false reject rate, false acceptance rate 
and efficiency are better in the case of proposed method as 
compared to existing techniques. 
Key Words: Face Recognition, Histogram Equalization, 
Discrete Wavelet Transform, Random Forest, Dual Tree 
Complex Wavelet Transform, Support Vector Machine. 

1. INTRODUCTION 

Biometrics refers to a science of analyzing human body 
parts for security purposes and the word is derived from 
the Greek words [1] bios (life) and metrikos (measure). 
Most of the biometric system employed in real-world 
application is unimodal; they depend on the evidence of 
a single source of information for authentication. 
Biometric identification is becoming more popular now 
a day’s, due to the existing security requirements of 
society in the field of information, business, military, e-
commerce and etc. In the mid-19th century, criminal 
identification division of the police department in Paris 
[2], developed and practiced the idea of using many 
body characteristics to identify criminals. Since then 
fingerprint recognition technique emerged rapidly in 
law enforcement to identify the criminals. The different 

techniques for recognition of a person is based on (i) 
physiological characteristics such as fingerprint, face, 
iris, retinal blood vessel patterns, hand geometry, 
vascular pattern, and DNA, and (ii) behavioral 
characteristics such as voice, signature and keystroke. 
The verification of a person using biometrics is more 
secured since, biometric parameters are the parts of 
human body hence cannot be stolen and/or modified, 
compared to traditional systems such as Personal 
Identification Number (PIN), passwords, smartcards 
etc. Face recognition is a nonintrusive method, and 
facial images are the most common biometric 
characteristic used by humans to make a personal 
recognition. The popular approaches for face 
recognition are based on either: (i) The location and 
shape of facial attributes such as the eyes, eyebrows, 
nose, lips and chin, and their spatial relationships, or (ii) 
The overall analysis of the face image that represents a 
face as a weighted combination of a number of 
canonical faces. Some of the face recognition systems 
are commercially available and their performance is 
reasonably good but they impose some restrictions on 
variation such as illumination, expression, pose, 
occlusions.  
In general the face recognition system consists of (i) 
Preprocessing unit: In which the color image may be 
converted into gray scale image, the image may be 
resized to the required size, illumination normalization 
[3, 4, 5, 6] may be done using Histogram Equalization 
(HE), expression normalization using higher 
decomposition of Discrete Wavelet Transform (DWT) 
[7], pose normalization [8, 9], (ii) Feature extraction: 
In which, facial features are extracted using edge 
detection techniques [10], Principal Component 
Analysis (PCA) technique [11], Discrete Cosine 
Transform (DCT) coefficients [12, 13], DWT 
coefficients, Complex Wavelet Transform [14], Dual 
Tree Complex Wavelet Transform (DT-CWT) [15], 
fusion of different features [16], (iii) Matching: In 
which Euclidean Distance (ED), Hamming Distance, 
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Support Vector Machine (SVM), Neural Network [17] 
and Random Forest (RF) [18, 19] may be used for 
matching.  

2. RELATED WORK 

Sidra Batool Kazmi et al., [20] presented an automatic 
recognition of facial expressions from face images.  
The features are extracted by performing three level 2-
D discrete wavelet decomposition of image and further 
dimensionality reduction is achieved by performing 
Principal Component Analysis (PCA) and the features 
are supplied to a bank of five binary neural networks, 
each trained for a particular expression class using one-
against-all approach. Neural network outputs are 
combined using a maximum function. Taskeed Jabid et 
al., [21] presented a novel local feature descriptor, the 
Local Directional Pattern (LDP), for recognizing 
human face. A LDP features are obtained by computing 
the edge response values in all eight directions at each 
pixel position and generating a code from the relative 
strength magnitude. Each face is represented as a 
collection of LDP codes for face recognition process.  
Xiaoyang Tan and Bill Triggs [22] introduced image 
preprocessing stage based on gamma correction, 
Difference of Gaussian filtering and robust variance 
normalization. Local Binary Pattern (LBP) proves to be 
the best of these features, and we improve on its 
performance in two ways: by introducing a 3-level 
generalization of LBP, Local Ternary Patterns (LTP), 
and by using an image similarity metric based on 
distance transforms of LBP image slices.  

Vaishak Belle et al., [23] presented a system for 
detecting and recognizing faces in images in real time 
which is able to learn new identities in instants. To 
achieve real-time performance used random forests for 
both detection and recognition, and compared with 
well-known techniques such as boosted face detection 
and SVM’s for identification. Bo Du et al., [24] 
presented comparisons of several preprocessing 
algorithms such as Histogram Equalization, Histogram 
Specification, Logarithm transform, Gamma Intensity 
Correction and Self Quotient Image for illumination 
insensitive face recognition. Analysis is done on face 
databases CMU-PIE, FERET and CAS-PEAL. Zhi-Kai 
Huang et al., [25] presented a method for Multi-Pose 
Face Recognition in color images, to addresses the 
problems of illumination and pose variation. The color 
Multi-Pose faces image features were extracted based 
on Gabor wavelet with different orientations and scales 
filters, then the mean and standard deviation of the 
filtering image output are computed as features for face 
recognition. These features were fed into SVM for face 
recognition. Harin Sellahewa and Sabah A Jassim [26] 
presented the fusion strategy for a multi-stream face 

recognition scheme using DWT under varying 
illumination conditions and facial expressions. Based 
on experimental results, argue for an image quality-
based, adaptive fusion approach to wavelet-based 
multi-stream face recognition.  
K Jaya Priya and R S Rajesh [27] presented face 
recognition method on local appearance feature 
extraction using DT-CWT. Two parallel DWT with 
different low pass and high pass filters in different 
scales were used to implement DT-CWT. To generate 
six different directional subbands with complex 
coefficients, the linear combination of subbands 
generated by two parallel DWT is used. Face is divided 
into several non-overlapped parallelogram blocks. The 
local mean, standard deviation and energy of complex 
wavelet coefficients are used to explain face image.  K 
Jaya Priya and R S Rajesh [28] proposed multi 
resolution and multi direction method for expression 
and pose invariant face recognition based on local 
fusion of magnitude of the DT-CWT detailed subband 
at each levels. Multi orientation information on each 
image is obtained by a subset of band filtered images 
containing coefficients of DT-CWT to characterize the 
face textures. The overall texture features of an image 
at each resolution are obtained through fusion of the 
magnitude of the detailed subbands. Fused subbands are 
divided into small subblocks, from these extracted 
compact and meaningful feature vectors using simple 
statistical measures. Yue-Hui Sun and Ming-Hui Du 
[29] proposed face detection using DT-CWT on 
spectral histogram. Laplacian of Gaussian filter and 
DT-CWT filter are used to capture spatial and 
frequency properties of human faces at different scales 
and different orientations. Then, the responses 
convolved with the filters are summarized to multi 
dimensional histograms. The histogram matrix is fed to 
the trained SVM for classification.   

3. BACKGROUND  

In this section necessary background for the work such 
as HE, DCT, DWT and DT-CWT are discussed.  

3.1 Histogram Equalization (HE) 

In image processing, the idea of equalizing a histogram 
[30] is to stretch and redistribute the original histogram 
using the entire range of discrete levels of the image to 
achieve good contrast image. HE modifies the dynamic 
range and contrast of an image by altering the image 
such that its intensity histogram has a desired shape. 
This uses a monotonic, non-linear mapping to re-assign 
the intensity values of pixels in the input image such 
that the output image contains a uniform distribution of 
intensities. This corresponds to a brightness distribution 
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where all the values are equi-probable. For image I(x, y) 
with discrete k gray values histogram is given by Eq.  
(1) 

)1.(..............................
N
in

P( i) =  

where i = 0, 1, 2,... k-1 grey level and N is total number 
of pixels in the image.  
Transformation to a new intensity value is defined by 
Eq. (2) 
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Output values are from domain of [0, 1]. To obtain 
pixel values in to original domain, it must be rescaled 
by the k−1 value. The enhanced image using HE is 
shown in Figure 1.  
   

Fig. 1: (a) Original Image (b) HE Image. 
 

3.2 Discrete Cosine Transform  

The DCT [31] is the illumination normalization 
approach for face recognition under varying lighting 
conditions. The main idea of the method is to reduce 
illumination variation by eliminating low frequency 
coefficients in the logarithm DCT domain. The 2D 
M*N DCT is defined using Eq. (3) 
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and the inverse transform is given in Eq. (4) 
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and the coefficients are given in Equations (5) and (6)   
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Normally illumination lies in the low frequency band, 
and it can be reduced by removing low frequency 
components. This is achieved by setting to zero, this 
works like an ideal high pass filter. The DCT 
coefficient determines the overall illumination of a face 
image, so, it sets to the same value to obtain the desired 
uniform illumination as in Eq. (7) 

( )7.......................................MNlogμoC(0.0) =  

The value µ0 is chosen near the middle level of the 
original image. This approach, by discarding the DCT 
coefficients of the original image, only adjusts the 
brightness, whereas, by discarding the DCT coefficients 
of the logarithm image, adjusts the illumination and 
recovers the reflectance characteristic of the face.  

3.3 2D-Discrete Wavelet Transform 

 The 2D-DWT of a signal x is implemented by iterating 
the 2D analysis filter bank on the lowpass subband 
image. Here, at each scale there are three subbands 
instead of one. There are three wavelets which are 
associated with the 2D wavelet transform. The Figure 2 
illustrates three wavelets as gray scale images. The first 
two wavelets are oriented in the vertical and horizontal 
directions and the third wavelet does not have a 
dominant orientation. The third wavelet mixes two 
diagonal orientations and gives rise to the checkerboard 
artifact.  
In spite of efficient computational algorithm and sparse 
representation, the DWT [32] having four fundamental 
disadvantages compared to DT-CWT. (i) Oscillations: 
Since wavelets are bandpass functions, the wavelet 
coefficients oscillate between positive and negative 
around singularities. This complicates wavelet-based 
processing and making singularity extraction and signal 
modeling. It is quite possible for a wavelet overlapping 
a singularity to have a small or even zero wavelet 
coefficient. (ii) Shift Variance: A small shift in input 
signal makes larger shifts in the wavelet coefficient 
oscillation pattern around singularities. Shift variance 
complicates wavelet-domain processing and developed 
algorithms must be made to cope up with the wide 
range of possible wavelet coefficient patterns caused 
due to shifted singularities. (iii) Aliasing: The wide 
spacing of the wavelet coefficient samples computed 
using iterated discrete-time down sampling operations 
with non ideal low-pass and high-pass filters, results in 
aliasing. The inverse DWT may cancel this aliasing, 
provided if the wavelet and scaling coefficients are not 
changed. Any wavelet coefficient processing such as 
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filtering, thresholding and quantization upsets the 
delicate balance between the forward and inverse 
transforms, lead to reconstructed signal artifacts. 
(iv)Lack of Directionality: Fourier sinusoids in higher 
dimensions correspond to highly directional plane 
waves, the standard tensor product construction of M-D 
wavelets produces a checkerboard pattern that is 
simultaneously oriented along several directions. This 
lack of directional selectivity complicates modeling and 
processing of geometric image features such as ridges 
and edges. 

 
Fig. 2: 2D-Wavelets 

3.4 Dual-Tree Complex Wavelet Transform (DT-
CWT) 

Fortunately, we have solutions to the four DWT 
shortcomings. Dual Tree Complex Wavelet Transform 
[33], a form of discrete wavelet transform which 
generates complex coefficients by using a dual tree of 
wavelet filters to obtain their real and imaginary parts. 
DT-CWT has the following properties to overcome the 
drawbacks of DWT: 
1. Approximate shift invariance; 2. Good directional 
selectivity in 2-dimensions (2-D) with Gabor like filters 
also true for higher dimensionality: m-D); 3. Perfect 
reconstruction; 4.Limited redundancy: 2× redundancy 
in 1-D (2d for d-dimensional signals), this is less than 
the log2N× redundancy of a perfectly shift-invariant 
DWT; 5. Efficient order N computation. DT-CWT 
introduces limited redundancy (2m:1 form-dimensional 
signals) and allows the transform to provide 
approximate shift invariance and directionally selective 
filters by preserving the properties of perfect 
reconstruction and computational efficiency with 
balanced frequency responses. The only drawback is a 
moderate redundancy: 
The dual-tree complex DWT of a signal x(n) is 
implemented using two critically-sampled DWTs in 
parallel on the same data, as in Figure 3. To gain 
advantage over DWT, the filters designed in the upper 
and lower DWTs are different and are designed to 
interpret the subband signals of the upper DWT as the 
real part of a complex wavelet transform, and lower 
DWT as the imaginary part. When designed in this way 
the DT-CWT is nearly shift invariant, in contrast to the 

classic DWT. The DT-CWT is used to implement 2D 
wavelet transforms where each wavelet is oriented, and 
useful for image processing such as image denoising 
and enhancement applications. 

 
Fig. 3: DT-CWT structure 

 
There are two types of the 2D dual-tree wavelet 
transform, they are real and complex. The real 2-D 
dual-tree DWT is 2-times expansive and the complex 2-
D dual-tree DWT is 4-times expansive, and they are 
oriented in six distinct directions. 

Real 2-D Dual-Tree Wavelet Transform: The real 
2-D dual-tree DWT of an image x is implemented using 
two critically sampled separable 2D-DWTs in parallel. 
Then we take the sum and difference, for each pair of 
subbands. The six wavelets associated with the real 2D 
dual-tree DWT and are oriented in a different direction 
as illustrated in the Figure 4. Each subband of the 2-D 
dual-tree DWT corresponds to a specific orientation. 

 
Fig. 4: Directional wavelets for reduced 2-D DWT 

Complex 2-D Dual-Tree Wavelet Transform: The 
complex 2-D dual-tree DWT gives wavelets in six 
distinct directions and in this case there are two 
wavelets in each direction and become totally twelve 
wavelets as shown in Figure 5. In each direction, one of 
the two wavelets can be interpreted as the real part of a 
complex-valued 2D wavelet, and the other wavelet is 
interpreted as the imaginary part of a complex-valued 
2D wavelet. The complex version is 4-times expansive 
due to the complex version have twice as many 
wavelets as the real version of the transform. Similar to 
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real case, the sum and difference of subband images is 
performed to obtain the oriented wavelets.  

     
Fig. 5: 2D Dual-Tree Complex Wavelets 

 
The six wavelets displayed on the first and second row 
are representing real and imaginary part of a set of six 
complex wavelets, and the third row represents the 
magnitude of the six wavelets. The magnitudes of the 
complex wavelets have bell-shaped behavior, rather 
than oscillatory behavior. The resulting complex 
wavelet is then approximately one sided in the 
frequency domain. It has the ability to differentiate 
positive and negative frequencies and produces six 
subbands oriented in ±150, ±450, ±750.  

4. MODEL 

In this section proposed DTBFEFR model is discussed. 
Face recognition using DWT and DT-CWT for 
illumination, expression and pose variations with 
different kind of databases is as shown in the Figure 6. 
 

 
 
 
 
 
 

 
 
 
 
 
 
 
 

Fig. 6: Block diagram of the Proposed DTBFEFR model. 

4.2 Proposed DTBFEFR Model  

The face recognition using DWT and DT-CWT for 
illumination, expression and pose variations with 
different kinds of databases is as shown in the Figure 7. 
 

Face Database: The available face Databases such as 
L-Spacek, ORL, Yale-B, JAFEE, and CMU-PIE are 
considered for experimental purpose. The image is 
preprocessed by resizing to 2n * 2n , which is suitable 
for DT-CWT. 
 
DWT: The DWT is used to decompose the original 
image into four subbands. The significant information 
of the original image is present in the low-low (LL) 
subband that represents the significant features of the 
original image. The two level DWT is applied on face 
image to achieve more reduction in significant 
information of an image is as shown in the Figure 7. 
The DWT removes expression and illumination 
variations and gives better contrast and resolution as 
shown in Figure 8. 

  
(a)                    (b)                         (c)   

Fig.7: (a) Original Image, (b) 1-level Wavelet Decomposition and (c) 
2-level Wavelet Decomposition. 

 

 
             (a)                                      (b) 

Fig. 8: (a) Original Image (b) DWT Image 

Feature Extraction by DT-CWT: DWT alone gives 
larger feature length and very low accuracy compared 
to DT-CWT. The DT-CWT overcome the drawbacks of 
DWT and provides more information with respect to 
the particular directions such as ±150, ±450, ±750. 

The number of features and dimensions are reduces as 
the number of DT-CWT level increases. The number of 
features for level-1, level-2, level-3, level-4 and level-5 
are 393216, 98304, 24576, 6144 and 1536 respectively, 
and corresponding reduction in image size is as shown in 
the Figure 9. In the proposed algorithm, 5-level DT-
CWT is used to generate magnitude and phase features 
of length 1536. Reduction in number of features 
obviously reduces memory requirement and 
computational time. 

Test Image 

DWT  

 
Feature Extraction 
Using DT-CWT 

 
Pattern Matching 

Match or Non-match 

DWT 

Feature Extraction Using 
DTCWT 

Store the Database 

Database Image 
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Fig. 9: DT-CWT images at different levels. 

Face Classification: Matching techniques such as 
ED, RF and SVM are used for face classification to 
compute Correct Recognition Rate (CRR), False 
Acceptance Rate (FAR), False Rejection Rate (FRR) 
and Equal Error Rate (EER).  

5. ALGORITHM 

Prolem Definition: The biometric face recognition is 
verified by DWT and DT-CWT with multi-matching 
classifiers is proposed to identify a person.  
The Objectives: 
• The Face recognition using DTBFEFR.  
• Reduce the value of FAR, FRR and EER. 
• Increase the overall efficiency.  
The DTBFEFR algorithm to verify a person using 
DWT and DT-CWT is given in the Table 1. 

Table 1: Algorithm of DTBFEFR 

6. RESULTS AND PERFORMANCE 
ANALYSIS 

For performance analysis we used available five 
databases such as L-Spacek, JAFEE, ORL, Yale-B and 
CMU-PIE. The L-spacek database consists of 119 
persons with 19 image samples per person. The 
database consists of 900 images with no background, 
light variation, hair style change and with minor 
variations in head turn, tilt and slant. To evaluate FRR 
and CRR, 100 persons with 18 image samples per 
person are considered to create database and one image 
per person is used as test image.  To evaluate FAR, 
remaining 19 persons from the L-Spacek database is 
considered. The JAFEE face database consists of 10 
persons, with 19 images per person. Here first 6 persons 
with 20th image is considered to evaluate FRR and CRR 
and the remaining 4 persons images are considered to 

evaluate FAR. The ORL face database consists of 40 
persons and each person with 9 images. First 30 persons 
with eight images per person are considered to evaluate 
FRR and CRR. To evaluate FAR remaining 10 persons 
are considered.  The Yale-B database consists of 57 
persons, each person with 30 images. To evaluate FRR 
and CRR first 30 persons are considered and to evaluate 
FAR remaining 27 persons are considered. The CMU-
PIE face database consists of 68 persons with different 
modes such as illumination, lighting and talking 
conditions, each person with 45 images. To evaluate 
FRR and CRR first 35 persons are considered and to 
evaluate FAR remaining 33 persons are considered. 
Mixed (MX) face database is created by combining L-
Spacek, ORL, JAFEE, Yale-B and CMU-PIE database 
images. 
The percentage face recognition rate of the proposed 
algorithm is compared with other face recognition 
techniques using transformations such as DT-CWT, 
DT-CWT on Histogram Equalization and DT-CWT on 
DCT with different databases given in Table 2. It is 
seen that the proposed algorithm using DT-CWT on 
DWT gives 100% recognition compared to other 
transformation techniques. 

 Table 2: Comparison of Recognition Rate of the Proposed Algorithm 
with other Algorithms. 

 
 The performance evaluation parameters such as CRR, 
EER, Efficiency, FAR and FRR for different face 
database using DTBFEFR with different matching 
techniques viz., ED, RF and SVM are given in Tables 
3, 4 and 5 respectively. For best performance the 
databases L-Spacek, Yale-B and Mixed images of sizes 
64*128, 512 * 512 and 256 * 256 are considered 
respectively and also the databases JAFEE, ORL and 
CMU-PIE of image sizes 128 * 128 are considered for 
the proposed method DTBFR. In the case of RF 
classifier, the performance parameters CRR and FRR 
are better compared to ED and SVM. The CRR is 100% 
with all the three classifiers for databases such as L-
Spacek, JAFEE, ORL and CMU-PIE, except Yale-B 
face database. It is observed that the CRR values are 
better in the case of RF compared to ED and SVM. The 
overall performance efficiency of the proposed 
algorithm is better in the case of ED compared to RF 
and SVM. The efficiency on different databases with 

• Input : Face Database, Test Face Image 

• Output : Match/Mismatch Face Image 
1. Read Face image from various databases 
2. Resize the face images 
3. Apply 2-level DWT and consider only LL subband 
4. Use 5-level DT-CWT on LL subband to generate features 

5. ED, RF and SVM are used as classifiers to verify a person. 

Data 
base 

Algorithms 

DT-
CWT 

HE+ 
DT-CWT 

DCT+ 
DT-WT 

DTBFEFR 

L-Spacek 87.2% 96.7% 89.4% 100% 
JAFEE 90.3% 92.3% 87.3% 100% 

ORL 76.6% 95% 83.3% 91% 
Yale-B 88.6% 96. 7% 88.3% 100% 

CMU-PIE 99.7% 98.3% 97.6% 100% 

MX 96.6% 98.3% 95% 100% 
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three classifiers is given in the Table 6 and it is noticed 
that using ED classifier gives better recognition rate 
compared to RF and SVM.  

Table 3: DTBFEFR using Euclidean Distance 

Table 4: DTBFEFR using Random Forest 

 
Table 5: DTBFEFR using Support Vector Machine 

 
The variations of FAR, FRR and Efficiency with 
respect to the threshold for different face databases viz., 
L-Spacek, JAFEE, ORL, Yale-B, CMU-
PIE_Illumination, CMU-PIE_Lights, CMU-
PIE_Talking and Mixed databases are given in the 
Figures 10, 11, 12, 13, 14, 15, 16, and 17 respectively. 
It is noticed that the value of overall efficiency is less in 
the case of ORL face database as few face images are 
occluded by spectacles and other components. 
The percentage recognition of the proposed DTBFEFR 
algorithm is compared with existing face recognition 
algorithms such as Dual Tree Complex Wavelet 
Transform based Face Recognition [34, 35, 36], 
Anisotropic Dual-Tree Complex Wavelet Packets 
(ADT-CWP) [34], Dual Tree Complex Wavelet 
Transform based Face Recognition with Single View 
[35] (ADT-CWT (μ, σ)), Face Detection using DT-
CWT on Spectral Histogram (DT-CWTSH) [36] and 
Local Fusion DT-CWT [37] and it is given in Table 7. 

It is observed that recognition rate in the proposed 
algorithm is about 100% for five databases except on 
ORL database. 

Table 6: The Overall Experimental Efficiency of the DTBFEFR with 
Multi-matching Classifiers. 

 

Table 7: Comparison of the Proposed Algorithm with Other 
Algorithms 

 

 
Fig.10: FAR, FRR and Efficiency versus Threshold using L-Spacek 

Database. 

      
Fig.11: FAR, FRR and Efficiency versus Threshold using Yale-B 

Database. 

Database CRR 
% 

EER 
% %η   FAR 

% 
FRR 

% 
L-Spacek 100 0 100 0 0 
JAFEE 100 0 100 0 0 
ORL 100 9 91 9 9 
Yale-B 83.3 0 100 0 0 
CMU_Illum 100 0 100 0 0 
CMU_Light 100 0 100 0 0 
CMU_Talk 100 0 100 0 0 
MX 100 0 100 0 0 

Database CRR 
 % 

EER 
% %η  FAR 

 % 
FRR 
 % 

L-Spacek 100 0.5 99.5 1 0 
JAFEE 100 8.5 91.5 17 0 
ORL 100 1.7 98.4 3.3 0 
Yale-B 76.7 3.3 96.7 3.3 3.3 
CMU_Illum 100 2.8 97.2 5.7 0 
CMU_Light 100 0 100 0 0 
CMU_Talk 100 1.8 98.2 2.9 0 
MX 100 9 91 16 2 

Database CRR 
 % 

EER 
%   % η FAR 

 % 
FRR 
 % 

L-Spacek 100 0 99 0 0 
JAFEE 100 0 100 0 0 
ORL 100 9 100 0 0 
Yale-B 76.7 0 93.4 3.3 10 
CMU_Illum 100 0 100 0 0 
CMU_Light 100 0 100 0 0 
CMU_Talk 100 0 100 0 0 
MX 100 0 100 0 0 

Database 
Classifiers 

ED RF SVM 
L-Spacek 100% 99.5% 99% 
JAFEE 100% 91.5% 100% 

ORL 91% 98.44% 100% 
Yale-B 100% 96.67% 93.4% 
CMU-PIE 100% 98.44% 100% 

MX 100% 91% 100% 

Algorithms 
% Recognition on Databases 

Yale-B CMU ORL Yale MX 
DT-CWT [34,35, 
36] 

90.2 99.7 76.6 88.6 96.6 

ADT-CWP[36] 97.5 99.8  95.3 92.4 
Blocked Based 
DT-CWT(μ, 
σ)[35] 

90.3 - 78.4 90.3 - 

DT-CWTSH[36] - 88 - - - 
Local Fusion 
DT-CWT[37] 

- - 82.2 93.3 - 

Proposed 
DTBFEFR 

100 100 91 100 100 
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Fig.12: FAR, FRR and Efficiency versus Threshold using ORL 

Database. 

       
Fig.13: FAR, FRR and Efficiency versus Threshold using JAFEE 

Database. 

 
Fig.14: FAR, FRR and Efficiency versus Threshold using CMU-PIE 

Illumination Database. 

 
Fig.15: FAR, FRR and Efficiency versus Threshold using CMU-PIE 

Lights Database 

 
Fig.16: FAR, FRR and Efficiency versus Threshold using CMU-PIE 

Talking Database. 

     
Fig.17: FAR, FRR and Efficiency versus Threshold using Mixed 

Database. 

7. Conclusion 

In this paper dual transform based feature extraction 
method is proposed for face recognition. The L-Spacek, 
ORL, Yale-B, JAFEE, CMU-PIE and Mixed database 
images are used to test the proposed algorithm. DWT is 
applied on Facial images to normalize expression and 
illumination variations, which greatly reduces image 
dimension by retaining visually significant components 
of an image. Further reduction in dimension is obtained 
by using DT-CWT, which gives out feature vectors of 
face image. Using feature vectors face image is verified 
using ED, SVM and RF. It is observed that the 
performance parameters are improved in the case of 
proposed algorithm compared to the existing 
algorithms. In future the algorithm may be tested by 
fusing features of individual transformations used and 
also fusion at matching level.  
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Abstract 
In this study, we proposed score fusion technique to improve the 
performance of remote sensing image retrieval system (RS-IRS) 
using combination of several features.  The representation of each 
feature is selected based on their performance when used as single 
feature in RS-IRS.  Those features are color moment using L*a*b* 
color space, edge direction histogram extracted from Saturation 
channel, GLCM and Gabor Wavelet represented using standard 
deviation, and local binary pattern using 8-neighborhood.  The 
score fusion is performed by computing the value of image 
similarity between an image in the database and query, where the 
image similarity value is sum of all features similarity, where each 
of feature similarity has been divided by SVD value of feature 
similarity between all images in the database and query from 
related feature.  The feature similarity is measured by histogram 
intersection for local binary pattern, whereas the  color moment, 
edge direction histogram, GLCM, and Gabor are measured by 
Euclidean Distance.  The final result shows that the best 
performance of remote sensing image retrieval in this study is a 
system which uses the combination of color and texture features 
(i.e. color moment, edge direction histogram, GLCM, Gabor 
wavelet, and local binary pattern) and uses score fusion in 
measuring the image similarity between query and images in the 
database.  This system outperforms the other five individual 
feature with average precision rates 3%, 20%, 13%, 11%, and 9%, 
respectively, for color moment, edge direction histogram, GLCM, 
Gabor wavelet, and LBP.  Moreover, this system also increase 
17% compared to system without score fusion, simple-sum 
technique. 
 
Keywords: Color Moment, Edge Direction Histogram, GLCM, 
Gabor Wavelet, Local Binary Pattern, Score Fusion. 

1. Introduction 

Remote sensing image is a representation of an up-to-date 
part of the earth surface as seen from the space.  The 
information of remote sensing images is close to the reality 
of earth surfaces.  Hence, remote sensing images are widely 
used in various fields at the present time, such as agriculture, 

mineral exploration, military, forestry, fisheries, etc.  The 
high advantage of using remote sensing images as reference 
not only makes increasing of sensor system technology, but 
also increases size or volume of remote sensing image. 
Therefore, it needs to develop a remote sensing – image 
retrieval system (RS-IRS) that has good performance and 
easy to use. 
 
Recently, most of proposed RS-IRS automatically extract 
low-level features (e.g. color, texture, and shape) to measure 
similarity among images by comparing the feature similarity.  
Maheswary and Srivastava use combination of color and 
texture feature [1].  Color feature is represented by color 
moment of HSV color space, while texture feature is 
represented by Gray Level Co-occurrence Matrix.  On the 
other hand, Long, et.al. said that the color moment perform 
better if it is defined by both CIE color spaces, L*a*b* and 
L*u*v*, as opposed to solely by the HSV color space [2].  
Another system proposed by Ruan, et.al. uses combination 
of color feature and GLCM as texture feature [3].  The color 
feature vector is defined as combination of ratio between 
mean value of red and mean value of green and  ratio 
between mean value of blue and mean value of green.  
Peijun, et.al. develop a prototype of content based remote 
sensing image retrieval which can be used to retrieve 
hyperspectral remote sensing images by spectral feature 
(Normalized Difference of Vegetation Index – NDVI, 
Normalized Difference of Building Index – NDBI, and 
Normalized Difference of Water Index – NDWI), color 
feature (RGB space represented by histogram), texture 
feature (GLCM, fractal or wavelet), or spatial features 
(spatial location – coordinate) [4].  
 
However, their approach suffer from a number of weakness. 
First, they use various combination of features according to 
the interest of each authors. For example, most of systems 
use color feature and GLCM as texture representation, 
whereas there are many other texture representations that 
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probably more suitable for remote sensing images domain.  
Second, there are some retrieval methods only focus on 
single low-level feature.  Third, some systems define image 
similarity as simple sum of similarity features. They do not 
pay attention to the scale of each feature similarity values. 
 
Therefore, this paper will discuss comparison of some 
representation of color features and texture features for RS-
IRS using high-resolution images as domain.  In addition, 
we also proposed a feature fusion technique to combine 
several features used.  The feature representations that will 
be compared in this study are limited to color features and 
texture features.  Selection of these two features is due to the 
several reasons. Firstly, the color feature is invariant to the 
rotation and scale. Secondly, the texture analysis offers the 
interesting possibilities to characterize the structural 
heterogeneity of each class. Thirdly, the image retrieval use 
global low-level model instead of objects-based semantic 
model.  Hence, the shape feature become less appropriate, 
since this feature usually described after image have been 
segmented into regions or objects [2]. 
 
The rest of this paper follows the following structure. 
Section 2 describes all related feature analysis methods.  
Section 3 presents the mechanism of image retrieval system 
includes feature fusion.  Section 4 discusses experimental 
result and conclusion of the study will be explained in 
section 5. 

2. FEATURES ANALYSIS METHODS 

In this section, we will briefly explain about the features 
used in this study and the techniques for extracting those 
features. 

2.1 Color 

Color is the most widely used visual content for image 
retrieval system.  Two points should be considered when 
using color feature are color space and color description. 
  
There are some color space used to represent an image.  
First, the most extensively used color space is RGB color 
space.  This color space is called as "additives primaries" 
since a color in RGB space is produced by adding three 
color components, i.e. red channel, green channel, and blue 
channel.   
 
Second, the color space derived from RGB color space is 
the HSV color space.  This color space more intuitive to 
describe color, invariant to the changes of illumination and 
the direction of capture, and easy to transform from RGB to 
HSV and vice versa [2].  The first step of color space 

conversion from RGB to HSV is find maximum value of 
RGB triplet, M, and minimum value from the RGB triplet, m.  
Saturation, S, is then calculated using this following 
equation. 

  (1) 

and Value, V, is equal to M. To calculate the Hue, H, we 
need to normalize the RGB triplet into ranges 0 to 1 as 
follow. 

  (2) 

  (3) 

  (4) 

and Hue, H,  is  

  (5) 

Third, the color spaces defined by the Commission 
Internationale de L'Éclairage (CIE) are L*a*b* (CIELab) 
and L*u*v* (CIELuv).  Both of these color spaces classify 
color according to the human visual system, so that CIELAB 
and CIELuv are device independent but suffer from being 
quite un-intuitive despite the L parameter having a good 
correlation with perceived lightness [5].   
 
The foundation of CIELab and CIELuv is the XYZ color 
space, the CIE standard color system, which has a linear 
relationship with non-gamma corrected RGB.  See the 
equation below : 

 (6) 

  (7) 
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  (8) 

Subsequently the lightness, denoted by L*, is defined as: 

  (9) 

Where Xn = 0.950456, Yn = 1, and Zn = 1.088754.  The 
formula to compute u*, v* and a*, b* can be seen in the 
following equation. 

  (10) 

  (11) 

Where : 

  (12) 

  (13) 

One color description that is able to provide efficiency and 
effectiveness in representing the distribution of colors of an 
image is color moment [6].  Color moment was introduced 
by Stricker and Orengo [6].  There are three color moments, 
i.e. mean, standard deviation, and skewness.  These central 
moments are computed for each channel.  Therefore, if an 
image has three channels, then the dimension of this feature 
is 9D (9 dimension).  Mathematically, those moments for 
each channels are defined as follow [1]. 
• MOMENT 1 – Mean: The average color value in the 

image. 

  (14) 

• MOMENT 2 – Standard Deviation: The square root of 
the variance of distribution. 

  (15) 

• MOMENT 3 – Skewness: A measure of the degree of 
asymmetry in the distribution 

  (16) 

 

Where the pij is the pixel value of the ith color channel at jth 
image pixel, N is the number of pixels in the image. 

2.2 Textures 

Texture is a property to represent the surface and structure 
of an image which can be defined as a regular repetition of 
an element or pattern on a surface [7].  Basically, texture 
representation divide into two major categories, i.e. 
structural and statistical approach [2].  In this paper, we only 
discuss some of statistical approaches for texture analysis.  
In the statistical approach, the texture features are computed 
from the statistical distibution of observed  combination of 
intensities at specified positions relative to each other 
position in the image.  Based on the number of pixels 
defining the local feature, statistical approach can be futher 
classified into first-order (one pixel), second-order (two 
pixels), and higher-order (three or more pixels) statistics [8]. 
  
There are four texture features that will be used in this study, 
including gray level co-occurrence matrix, edge direction 
histogram, gabor wavelet, and local binary pattern.  The 
following sub-sections describe the four texture features in 
detail. 

2.2.1 Gray Level Co-occurrence Matrix (GLCM) 

GLCM is the two dimensional matrix of joint probabilities 
between pair of pixels (one with gray level i and the other 
with gray level j), separated by a distance d in a given 
direction θ [3].  Hence, GLCM is included in the second-
order statistical texture analysis.  
 
The extraction process of GLCM features are divided into 
two main processes, i.e. the formation of co-occurrence 
matrix and the extraction of GLCM descriptors against the 
co-occurrence matrix.  The following figure illustrates the 
formation of co-occurrence matrix. 
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Fig. 3 Illustration of formation of matrix co-occurrence 

Based on the co-occurrence matrix, the next step is 
computing the GLCM descriptors as follows [9]: 
• Angular Second Moment (ASM) / Energy: shows the 

texture uniformity or texture homogenity.  Energy value 
will be greater for a homogeneous texture. 

  (17) 

• Entropy: shows the degree of randomness.  The 
maximum value of entropy will be reached when all 
elements  Cij has the same value.  Inhomogeneous 
scenes have low entropy, while a homogeneous scene 
has a high entropy. 

  (18) 

• Contrast / Second Order Element Difference Moment:  
shows the contrast texture value.  The calculation 
results in a larger figure when there is great contrast.  

  (19) 

• Cluster Shade:  shows the lack of symmetry in an 
image. 

  (20) 

• Correlation: A measure of gray level linear dependence 
between the pixels at the specified positions relative to 
each other.   

  (21) 

• Homogeneity: shows the first order inverse element 
difference moment. 

  (22) 

• Maximum Probability:  shows the emergence of the 
gray-level value gi adjacent to the gray-level value gj 
more dominant in the image. 

  (23) 

• Inverse Difference Moment (IDM): a low IDM value for 
inhomogeneous images, and a relatively higher value 
for homogeneous images 

  (24) 

where: 

 
 

m  is mean value of matrix co-occurence  

2.2.2 Edge Direction Histogram (EDH) 

Initially, we will be performed the Gaussian smoothing 
against the image channel. After that, perform the edge 
point’s detection using Canny filter.  We calculate the 
gradient of each edge points by utilizing 5-type operators 
Sobel, i.e. horizontal edge, vertical edge, 45-degree edge, 
135-degree edge, and non directional edge.  The following 
figure define those 5 operators Sobel. 

  
(a). Horizontal edge (b). Vertical Edge 

  

(c). 45-degree edge (d). 135-degree edge 
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(e). Non directional edge 

Fig. 4 Sobel Operators 

Finally, the 5-dimensional edge histogram is calculated by 
counting the edge pixel in each direction. 

2.2.3 Gabor Filter (Wavelet) [10] 

For a given image I(x,y) with size P x Q and s and t are the 
filter mask size variables, the discrete Gabor wavelet 
transform is given by a convolution : 

  (25) 

where  is the complex conjugate of    which is a 
class of self-similar functions generated from dilation and 
rotation of the following mother wavelet : 

 

  (26) 

where W is called the modulation frequency. 
 
The self-similar Gabor wavelet are obtained through the 
generating function : 

  (27) 

where m (m = 0, 1, ... M-1) and n (n = 0, 1, ..., N-1) are the 
scale and orientation of the wavelet respectively. 

  (28) 

  (29) 

where  and    
 
After applying the Gabor filter on the image with different 
orientation at different scale, we obtained the energy content 
at different scale and orientation of the image. 

  (30) 

2.2.4 Local Binary Patter (LBP)  

The name of  “Local Binary Pattern” reflects the 
functionality of the operator, i.e. a local neighborhood is 
thresholded at the gray value of centre pixels into a binary 
pattern [11].  Based on the labels, in the form of binary 
pattern, we can create histogram of labels as a texture 
descriptor.  See the following figure for an illustration of the 
basic LBP. 

 

Fig. 5 Illustration of basic LBP8,1. 

Matematically, it can be done as follow : 

  (31) 

where s(x) is thresholding function  

  (32) 

The variable in the Eq. (31) are defined as follows. 
P : number of neighborhood 
R : radius 
gp : gray level value at neighborhood pth    
gc : gray level value at centre pixel 

 
In practice, Eq. 18 means  that the sign of the differences in 
a neighborhood are interpreted as a P-bit binary number, 
resulting in 2P distinct value for LBP code and the local 
gray-scale distribution can thus be approximately described 
with 2P-bin discrete distribution of LBP code [12]. 

3. The Image Retrieval System 

We use the global low-level model for the image retrieval 
system.  See the Appendix for the detail diagram of image 
retrieval system in this study.  
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Basically, the process of image retrieval system in this study 
is divided into four main steps, i.e. features extraction, 
similarity measurement,  process of indexing  (ranking), and 
display the results.  In the following sub-section, we will 
explain those steps in detail. 

3.1 Features Extraction 

This step is divided into two processes, namely pre-
processing and feature extraction process itself.  The 
employed features in this study are color moment, EDH, 
GLCM, Gabor Wavelet, and LBP.  For each of features, 
pre-processing using different approaches.  Preprocessing 
for feature GLCM, Gabor and LBP is the conversion of 
images into gray-level image. While the color moment 
features, pre-processing is done by converting the image 
into 3 different color spaces, i.e. HSV, L*a*b* and L*u*v*.  
The use of three color spaces for color features is performed 
to get the most appropriate color space for color moment as 
a color descriptor, especially in the domain of high-
resolution remote sensing images.  And pre-processing for 
EDH is the conversion of images into the HSV color space 
and gray-level image. 
 
As mentioned before, the result of GLCM extraction is 
matrix of each descriptor (e.g. energy, entropy, contrast, 
cluster shade, etc.), while Gabor wavelet is the matrix of 
Energy.  Therefore, we implement two basic statistical 
analysis, mean and standard deviation, for those descriptor.  
The parameters used in the process of GLCM and Gabor 
features extraction are as follows: 
• GLCM: The GLCM feature extraction uses moving 

kernel (window) with size 5x5 as recomended in [9]. 
And the angles used in this process are 0 (horizontal or 
east-west), 90 (vertical or south-north), 45 (diagonal or 
southwest-northeast), and 135 (diagonal or southeast-
northwest), thus the counting process carried out for all 
possible of the objects direction.  

• Gabor Wavelet: The representation of texture feature 
using Gabor wavelets will provide the best performance 
by using the scale value is 4 and orientation value is 6. It 
is recommended  in [13]. 

3.2 Features Extraction 

The following tables explain about the formal definition of 
variables and functions that is used in this study.   

Table 1: Variable Formalization in Image Retrieval 

Set Symbol Element Size Description 

Image I ij NI 
Images in the 
database 

Feature F fn NF Features that are 
extracted from an 

Set Symbol Element Size Description 

image 

Query Q q - Feature vector of 
query 

Table 2: Function Formalization in Image Retrieval 

Name Symbol Mapping 

Feature similarity SF I X Q X  F [0, ∞] 

Image similarity SI I X Q  [0, ∞] 
 

The process of measure similarity between the query image 
and the images in the database is performed using image 
similarity function,  SI .  The image similarity function is the 
sum of score fusion for each feature.  Mathematically, it can 
be defined as follow : 

  (33) 

where : 
 : feature similarity between the image 

ij and query q with the respect to 
feature fn.   

 : all of the feature similarity value 
between the image ij and query q 
with the respect to feature fn. If we 
have NI images in the database, then 
this value is column matrix of feature 
similarity with the size NI  x 1. 

 : a function to get singular value 

decomposition of   
 
For example, if we have feature vector of an image ij with 
the respect to feature fn is Xp = (x1, x2, ... , xD) and the 
feature vector of  query q with the respect to feature fn is Yp 
= (y1, y2, ... , yD), then the similarity feature between image 
ij and query q with the respect to feature fn is defined as 
follow. 

 

  (34) 
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In the other word, the feature similarity for local binary 
pattern is measured by using histogram intersection [14], 
while color moment, EDH, GLCM, and Gabor are measured 
by Euclidean Distance.  We propose the use of SVD 
(Singular Value Decompostion) function in the score fusion  
because it is more robust and efficient.  The svd  function in 
Eq. (33) returns the singular value of all feature similarity 
value with the respect to feature fn.  This singular value is 
equal to the operator norm of feature similarity so that we 
can obtain the same scale for all of the feature similarity 
values.   

3.3 Indexing (Ranking) and Display Result 

The indexing process is performed by sorting the images in 
the database based on image similarity values in ascending. 
This means the image that has the zero value for image 
similarity is the most similar image to the query. And the 
system will display the results, i.e. top-n images with the 
lowest value of image similarity. 

4. EXPERIMENTS AND RESULT 

4.1 Dataset 

This study uses remote sensing image database.  This 
database contains 200 IKONOS images of resolusion 256 x 
256 pixel.  These images are RGB images. 

4.2 Experiment Environment 

This study is implemented using Matlab R2010a with the 
operating system is Windows 7 – 64bit and the hardware 
specification is as follows: 
• Intel Core i5-520M 2.40 GHz 
• 4GB of memory (RAM) 
• 500 GB of hard  disk drive 

4.3 Performance Measurement 

The performance result of the RS-IRS is presented in the 
form of Precision-Recall graph (PR-graph) averaged over 
several queries.  We use 30 queries by example in the form 
of remote sensing images, so that the value of precision in 
the PR-graph is average precision value. 

4.4 Experimental Scenarios 

1). Experimental Setup 1: The objective of this scenario is 
identify the appropriate representation for each features, 1 
color descriptor and 4 texture descriptor.  The meaning of 
appropriate representation is a representation which has the 
best average precision value. Therefore, we have five 
different comparisons.  First, we will compare three types of 

color space (i.e. HSV, L*a*b, and L*u*v*) for color 
moment descriptor.  Second, we will describe the 
comparison between gray-level image and each channel of 
HSV color space for EDH extraction.  Third and Forth, we 
will compare the use of two basic statistical analysis, mean 
and standar deviation, for texture representation of GLCM 
and Gabor respectively.  The final one is comparison of the 
appropriate number of neighborhood, 4-neighborhood and 
8-neighborhood, for LBP extraction. 
 
2). Experimental Setup 2: The aim of this scenario is 
compare the simple sum technique and the proposed score 
fusion technique.  This comparison is carried out against two 
type features combination, i.e. combination of texture 
features (EDH, GLCM, Gabor, and LBP) and combination 
of color – texture features (Color Moment, EDH, GLCM, 
Gabor, and LBP).   

4.5 Experiment Results 

1). Result of Experimental Setup 1: As mentioned in the 
previous sub-section, we will compare HSV, L*a*b*, and 
L*u*v* color space for color moment descriptor.  See the 
following figure.   

 

Fig. 6 PR-Graph, Comparison between Three Color Spaces for Color 
Moment Descriptor. 

Based on the figure above, we can conclude that the best 
color space for color moment in this study is L*a*b*.  It can 
be seen from the average precision of the color moment 
using the L*a*b* color space (green line) is higher 13% than 
the HSV color space (blue line) and higher 19% than the 
L*u*v* color space (red line).  L*a*b* color space gives 
better performance since this space defines colors more 
closely to the human color perception.  In addition, this 
space also uses three color coordinates includes L* – the 
lightness coordinate, a* – the red/green coordinate, and b* – 
the yellow/blue coordinate, thus it can be defined color as 
combinations of red and yellow, red and blue, green and 
yellow, and green and blue.  Another interesting 
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characteristic of the L*a*b* color space is that the distance 
can be calculated between two colors and proportional to the 
difference between the two colors as perceived by the 
human eye. 
 
Furthermore, see the following figure to get the best pre-
processing representation for process of EDH extraction. 

 

Fig. 7 PR-Graph, Comparison between Four Pre-processing Representation 
as a reference of EDH extraction. 

The figure above shows that for each pre-processing 
representation, Saturation channel outperforms the other 
three representations with average precision rates 3%, 10%, 
and 3%, respectively, for gray-level, hue channel, and value 
channel representation.  The saturation channel in HSV 
color space indicates the range of grey in the color space, 
thus it is appropriate to calculate the edge direction 
histogram. This color space has ranges from 0 to 100% or 
from 0 to 1. When the value is ’0,’ the color is grey and 
when the value is ’1,’ the color is a primary color.  

 
(a). GLCM Descriptor 

 
(b). Gabor Descriptor  

Fig. 8 PR-Graph, Comparison between Two Basic Statistical Analysis for 
(a) GLCM Descriptor and (b) Gabor Descriptor. 

Both figure above explain that standard deviation is the best 
representation for GLCM and Gabor.  The performance of 
standard deviation exceeds the mean performance by 14% 
and 2% for GLCM and Gabor respectively.  The standard 
deviation compared to the mean gives better performance 
since the standard deviation describe how spread out a set of 
values are around the mean of that set.  A set of values that 
are closely clustered near the mean will have a low standard 
deviation, a set of numbers that are widely apart will have a 
higher standard deviation and a set of numbers that are all 
the same will have a standard deviation of zero. 
 
The last comparison is compare 4-neighborhood and 8-
neighborhood for LBP.  The LBP with 8-neighborhood 
presents the better performace since this approach gives the 
complete information about the relationship between the 
centre pixel and all pixels surrounding.  In the other word, 
the 8-neighborhood comparison carried out for all possible 
of the objects direction.  See the following figure to see the 
comparison between LBP with 4-neigborhood and 8 
neighborhood. 

 

Fig. 9 PR-Graph, Comparison between LBP with 4-neighborhood and LBP 
with 8-neighborhood. 
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In summary, the best representation for each color and 
texture descriptor in this study is color moment descriptor 
with CIE L*a*b* color space, EDH which is extracted over 
the Saturation channel, GLCM and Gabor descriptor which 
is represented using standar deviation, and the LBP with 8-
neighborhood.   
 
2). Result of Experimental Setup 2: In this scenario, we will 
compare proposed score fusion technique and simple sum 
technique (without score fusion).  Fig. 10 illustrates the 
comparison for combination of texture features, whereas 
Fig. 11 illustrates the comparison for combination of  color 
– texture feature. 

 

Fig. 10 PR-Graph, Comparison between Texture Feature Combination – 
with and without score fusion. 

 

Fig. 11 PR-Graph, Comparison between Combination of Color and 
Texture Feature – with and without score fusion. 

According to Fig. 10 and Fig. 11,  score fusion always give 
better results than simple-sum technique, i.e. an increase of 
15% for the combination of textures and 17% for the 
combination of colors - textures.  The condition is due to the 
use of simple-sum technique is only adding up the value of 
all features similarity regardless the scale of each feature 
similarity. Hence, if there are types of features which have 
bigger feature similarity values than the other features, then  
these feature become dominant and the addition of other 

features will have no impact.  In contrary, the use of score 
fusion technique will normalize the values of feature 
similarity, thus each features will contributes or influences 
on the image similarity value. 
 
Moreover, Fig. 11 also shows that the addition of color 
feature gives better performance than simply using the 
combination of texture features. It is because the texture 
features can provide good performance on a textured area 
(heterogeneous), but tend to give unsatisfactory performance 
in a homogeneous area. On the other hand, color feature is 
able to distinguish objects in a homogeneous area. 
Therefore, a combination of both features could complement 
their respective advantages.  In addition, the system which 
use combination of color and texture feature also exceeds 
the other five individual feature with average precision rates 
3%, 20%, 13%, 11%, and 9%, respectively, for color 
moment, edge direction histogram, GLCM, Gabor wavelet, 
and LBP.  In conclusion, the best performance of remote 
sensing image retrieval in this study is a system which uses 
the combination of color and texture features (i.e. color 
moment, edge direction histogram, GLCM, Gabor wavelet, 
and LBP) and uses score fusion in measuring the image 
similarity between query and images in the database. 

4. Conclusions 

Nowadays, most of proposed RS-IRS use various 
combination of low-level feature according to the interest of 
each authors and some of them focus on single low-level 
feature.  
 
In order to improve the performance of RS-IRS using 
combination of color and texture features we perform two 
steps.  Firstly, we select the appropriate representation 
which give the best performance when used as single feature 
in RS-IRS.  Secondly, we proposed score fusion technique 
to combine several features in the RS-IRS using multiple 
features.  
 
Those selected features representation are color moment 
using L*a*b* color space, EDH extracted from Saturation 
channel, GLCM and Gabor wavelet represented using 
standard deviation, and LBP using 8-neighborhood. The 
score fusion is performed by computing the value of image 
similarity between an image in the database and query, 
where the image similarity value is sum of all features 
similarity, where each of feature similarity has been divided 
by SVD value of feature similarity between all images in the 
database and query from related feature.  The feature 
similarity is measured by histogram intersection for LBP, 
whereas the  color moment, EDH, GLCM, and Gabor are 
measured by Euclidean Distance.   

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 133



 

 

The final result shows that the best performance of RS-IRS 
in this study is a system which uses the combination of color 
and texture features (i.e. color moment, EDH, GLCM, 
Gabor wavelet, and LBP) and uses score fusion in 
measuring the image similarity between query and images in 
the database.  This system outperforms the other five 

individual feature with average precision rates 3%, 20%, 
13%, 11%, and 9%, respectively, for color moment, edge 
direction histogram, GLCM, Gabor wavelet, and LBP.  
Moreover, this system also increase 17% compared to 
system without score fusion, simple-sum technique. 
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Abstract 
Communication network models play a predominant role in 
performance evaluation of many communication systems. The 
packet arrival processes for data networks are not matching with 
the Poisson processes due to the nature of bursty and time 
dependent arrivals. In this paper, a three node communication 
network model with non homogeneous Poisson arrivals having 
dynamic bandwidth allocation under modified phase type 
transmission is introduced for performance evaluation and 
monitoring of several tele and satellite communications. The 
system performance measures of the network are derived 
explicitly. The sensitivity analysis reveals the dynamic bandwidth 
allocation strategy and non homogeneous Poisson arrivals can 
reduce the burstyness in buffers and delay in transmission. This 
model also includes some of the earlier models as particular cases 
for specific and limiting of parameters  
Keywords: Tandem Communication Network, Dynamic 
Bandwidth Allocation, non homogeneous Poisson process, 
Performance evaluation. 

1. Introduction 

William Cock and Charles Wheatstone (1839) have 
pioneered the mathematical theory of communication. 
Thereafter in 1948 a tremendous revolution in 
communication network modelling is brought by Barden 
and Barttain. Later AT&T Bell labs, USA network group 
at MIT, IEEE communication society and other reputed 
organizations have put considerable efforts for invoking 
and designing efficient communication systems. (IEEE 

Communication Society, 2002). Conducting laboratory 
experiments under variable load conditions is highly 
complex and time consuming. Hence for efficient design 
and evaluation of communication networks, the network 
models are developed and analyzed with various 
assumptions on constituent processes of the model like 
arrival process, service process, flow control mechanisms, 
allocations, routing, etc,. To improve Quality of Service, 
packet switching gives better utilization over circuit or 
message switching and yields relatively shorter delay in 
statistical multiplexing in communication network can 
reduce the delay in packet switching. Many of 
communication networks which support tele processing 
applications are mixed with dynamic engineering skills and 
statistical multiplexing (Gaujal and Hyon (2002), 
Parthasarathy et al(2001), Srinivasa Rao et al (2000)) 
To reduce the congestion in buffers the dynamic 
bandwidth allocation is evolved as an alternative and 
efficient control strategy over bit dropping or flow control 
strategies (Sriram et al (1993), Suresh Varma et al (2007), 
Padmavathi et al (2009), Nageswara Rao et al (2010)). In 
DBA, a large portion of the unutilized bandwidth is 
utilized by changing the transmission rate of packets 
depending on the content of the buffer connected to it. 
Much work has been reported recently regarding 
communication network model with dynamic bandwidth ( 
Nageswara Rao et al (2011)). In all these papers, the 
authors assumed that the arrival rate of packets is constant 
and follows a Poisson process. 
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But in many communication systems the assumption 
regarding Poisson process are seldom satisfied due to the 
time dependent nature of arrivals. Therefore, many 
phenomenon encountered in communication systems which 
reveal time dependent behaviour of arrival process due to 
the factors like work load fluctuations, initiating, failures, 
congestion and flow control, overload peaks, 
reconfigurations, adaptive routing and others. So to have 
an efficient performance evaluation entities problem of 
communication systems like adaptive isolated routing and 
load balancing, evaluating alternative buffer of changed 
sharing schemes and effects and to study the effects of 
flow and control strategies it is needed to develop 
communication network models with time dependent 
arrivals and time dependent analysis. In addition to this, 
Rakesh Singhai et al(2007) have showed that the packet 
arrival process of heavy tail distribution inter arrivals form 
a non homogeneous Poisson process and the mean packet 
arrival rate is not constant but it is time varying. This is 
also supported by the studies Feldmann (2000), who 
demonstrated the TCP connection arrival process is bursty 
and time dependent. The time dependent arrival process 
can be well characterized by NHP which follows Poisson 
process.  
 Very little work has been reported in literature 
regarding communication network models with direct 
arrivals to first two nodes having modified phase type 
transmission and dynamic bandwidth allocation with non 
homogeneous Poisson arrivals. Hence, in this paper a 
communication network model is developed and analyzed 
for these sort of situations. Here it is assumed that the 
messages arrive to the first and second buffers directly 
with time dependent arrival rate. After getting transmitted 
from first buffer the packets may join the second buffer 
connected to the second node in tandem with first node or 
get terminated with certain probability. In the second 
buffer the packets are from first node and directly from 
outside the network. After getting transmitted from the 
second node the packets may be routed to the third buffer 
connected to the third node or get transmitted with certain 
probability. 

 The direct arrival to the second node will have 
tremendous influence on congestion control of the 
communication system and reduce burstness in the first 
buffer. Here also it is assumed that transmission 
completion of each node follows Poisson process with 
different transmission rates. The dynamic bandwidth 
allocation strategy is adopted to utilize the ideal bandwidth 
at nodes and to improve transmission capabilities. 
Using difference differential equations the joint probability 
generating function of the number of packets in each buffer 
is derived. The performance of the communication 
network is studied by deriving explicitly the performance 
measures of the network like the average number of 

packets in each buffer, the throughput of the node, the 
mean delay in buffers, the utilization of the transmitters, 
the variability of the buffer content etc,. The sensitivity of 
the model with respect to the parameters is also carried. A 
comparative study of the proposed model with that of 
Poisson arrivals is also presented. This model is much 
useful for evaluating several communication systems 
where the arrivals are time dependent.  
 
2. Tandem Communication Network Model with DBA 
and Modified Phase Type Transmission having NHP 
Arrivals for First Node and Poisson process arrivals 
for Second Node: 
In this section, a communication network model having 
three nodes in tandem is studied. The arrivals to the buffer 
connected at node one is assumed to follow a non-
homogeneous Poisson process with mean arrival rate as a 
function of time t. It is of the form λ(t) = λ  + α t . The 
transmission process from node one to node two follows a 
Poisson process with parameter μ1. It is also assumed that 
the packets arrive to the second buffer directly from out 
side of the network in a Poisson process with mean arrival 
rate є. After getting transmitted from node one the packets 
are forwarded to the second buffer for transmission with 
probability θ or get terminated with probability (1- θ) i.e., 
the packets arrived at second buffer contains the packets 
received from first node and directly from outside. After 
getting transmitted from second node the packet are 
forwarded to the third buffer for transmission with 
probability π or get terminated with probability (1- π). The 
transmission process of node two and three also follow 
Poisson process with parameters μ2 and μ3  respectively. 
The transmission rate of each packet is adjusted just before 
transmission depending on the content of the buffer 
connected to the transmitter. The packets are transmitted 
through the transmitters by the first in first out discipline. 
The schematic diagram representing the communication 
network model is shown in Figure 1   

 
Figure 1: Schematic diagram of the Communication Network Model  
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After simplifying, we get      
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Solving the equation (5.2.4) by Lagrangian’s method, the 
auxiliary equations are  
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(2.5) 
To solve the equations in (2.5) the functional form of λ(t) 
is required. Let the mean arrival rate of packets is   λ(t) = λ 
+ α t, where λ > 0,  α > 0 are constants. 
Solving the first and fourth terms in equation (2.5), we get 

tesa 3)1( 3
µ−−=                                                       (2.6a) 

Solving the first and third terms in equation (2.5), we get 

tt esesb 22 )1()1( 3
23

2
2

µµ

µµ
πµ −− −

−
+−=              (2.6b) 

Solving the first and second terms in equation (2.5), we get 
ttt esesesc 111 )1(

))((
)1()1( 3

1213

21
2

12

1
1

µµµ

µµµµ
µµθπ

µµ
µθ −−− −

−−
+−

−
+−=

                                                                             (2.6c) 
Solving the first and fifth terms in equation (2.5), we get 
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where, a, b, c and d are arbitrary constants. 

 Using the initial conditions 
00)(,1)0( 000000 >∀== ttPP . The general solution of 

(2.5) gives the probability generating function of the 
number of packets in the first, second and third buffers at 
time t, as 
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 for λ < min{ µ1, µ2, µ3}                                (2.7) 
 
3 PERFORMANCE MEASURE OF THE 
NETWORK: 
In this section, we derive and analyze the performance 
measures of the communication network under transient 
conditions. Expanding P(s1,s2, s3;t ) given in equation 
(2.7) and collecting the constant terms, we get the 
probability that the network is empty as  
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(3.1) 
Taking s2 = 1, s3 = 1 in equation (2.7), we get the 
probability generating function of the first buffer size as 
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                                                  for λ < µ1                (3.2) 
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Expanding P( s1,t) and collecting the constant terms, we 
get the probability that the first buffer is empty as 
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Taking  s1 = 1, s2 = 1 in equation (2.7), we get the 
probability generating function of the second buffer size as  
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                              for λ <  min{ µ1, µ2}        (3.4) 
Expanding P(s2,t) and collecting the constant terms, we get 
the probability that the second buffer is empty as  
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 Taking  s1 = 1, s2 = 1 in equation (2.7),we get the 
probability generating function of the third buffer size as  
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Expanding P( s3,t) and collecting the constant terms, we 
get the probability that the third buffer is empty as  
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The mean number of packets in the first buffer is  

( ) ( ) te
s

tsPtL t
s α

µµ
αλ

µ
µ

111
1

1

1
1

1
1

1,
)( 1

1
+−








−=

∂
∂

=
−

=

 

                                    (3.8)  
The utilization of the first transmitter is  
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                                                                                  (3.9) 
The mean number of the packets in second buffer is  
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The utilization of the second transmitter is  
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                                                                 (3.11) 
The mean number of the packets in third buffer is  
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                                                                  (3.12) 
The utilization of the third transmitter is  
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                                                                                (3.13) 
The variance of the number of packets in the first buffer is  
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The variance of the number of packets in the second buffer 
is  
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The variance of the number of packets in the third buffer is  
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 The throughput of the first transmitter is 
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The mean delay in the first buffer is  
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The throughput of the second transmitter is 
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                                                                              (3.19) 
The mean delay in the second buffer is 
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                                                                (3.20) 
The throughput of the third transmitter is 
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The mean delay in the third buffer is 
 

( ))(1

)(
=(t) W

0..3

3
3 tP

tL
−µ

    

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 139



 

 

( ) ( )

( ) ( )



















−








−−

+
−−

+
−−

















+−−

−
++
































++−+−







+









−








−−

+
−−

+
−−

+

















+−−

−
++


























++−+−

=

−−−

−−−

−−−

−−−

1123112231332
2

122331233
3

1123112231332
2

122331233

))(())(())((

11111
1exp1

))(())(())((

11111
1

123

233

123

233

µ
αλ

µµµµµµµµµµµµ
πθµ

µµ
αλ

µµ
πθ

µ
απθ

µµµ
αλθε

µ
πθµ

µ
αλ

µµµµµµµµµµµµ
πθµ

µµ
αλ

µµ
πθ

µ
πθα

µµµ
αλθε

µ
π

µµµ

µµµ

µµµ

µµµ

ttt

ttt

ttt

ttt

eee

eete

eee

eete

                                                         (3.22)  
 
The  mean  number  of  packets   in  the   entire network  at   
time t  is   
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                                                                   (3.23) 
The variability of the number of packets in the network is 
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                                                     (3.24 ) 
4 PERFORMANCE EVALUATION OF THE 
NETWORK 
In this section, the performance of the communication 
network proposed in this section is discussed through 
numerical illustration. Different values of the parameters 
are considered for bandwidth allocation and arrival of 
packets. After interacting with the technical staff at internet 
providing station, it is observed that the packet parameter λ 
varies from 2x104 packets/sec to 7x104 packets/sec, α 
varies from -0.5 to 1.5, θ varies from 0.1 to 0.9, є varies 
from 0.2 to 0.6 π varies from 0.1 to 0.9, with an average 
packet size of 53 bytes. After transmitting from node one, 
the forward transmission rate µ1 varies from 
5x104 packets/sec to 9x104  packets/sec. The rate of 
transmission from node two µ2 varies from 
15x104 packets/sec to 19x104  packets/sec. The rate of 
transmission from node three µ3 varies from 
25x104 packets/sec to 29x104  packets/sec. In all the nodes, 
the dynamic bandwidth allocation strategy is considered 
i.e., the transmission rate of each packet depends on the 
number of packets in the buffer connected to it at that 
instant. 
From equations (3.9), (3.11), (3.13), (3.17), (3.19) and 
(3.21),  the utilization of the transmitters and throughput of 

three nodes are computed for different values of the 
parameters  t, λ, α, θ, є, π, µ1, µ2, µ3 are presented in table 
1. The relationship between parameters and utilization of 
transmitters and throughput of three nodes are shown in 
Figure 1. 
As the time (t) and parameter (λ) increases, the utilization 
of transmitters are increases for fixed values of the other 
parameters. It is also observed that as the parameter (α) 
increases, the utilization of transmitters at three nodes are 
increases for fixed values of the other parameters. The 
parameter (θ) increases, the utilization of transmitters at 
first node is fixed and second and third nodes are 
increasing for fixed values of the other parameters. The 
parameter (є) increases, the utilization of first node is 
constant and second and third nodes are increasing for 
fixed values of the other parameters. The parameter (π) 
increases, the utilization of transmitters at first and second 
nodes are fixed and the third node it is increases for fixed 
values of the other parameters. As the transmission rate 
(µ1) increases, the utilization of the first node decreases 
and the other two nodes increases when the other 
parameters remain fixed. As the transmission rate (µ2) 
increases, the utilization of first node is constant and the 
utilization of the second node decreases and third node 
increases when the other parameters remain fixed. 
Similarly, as the transmission rate (µ3) increases the 
utilization of the first and second nodes are fixed and third 
node is decreases when other parameters remain fixed. 

It is observed as time value (t) increases, the 
throughput of first, second and third nodes are increasing 
for fixed values of the other parameters. As the parameter 
(λ) varies from 3x104 packets/sec to 7x104 packets/sec, the 
throughput of the first, second and third nodes are 
increasing when other parameters remain fixed. When the 
arrival parameter (α) varies from -0.5 to 1.5, the 
throughput of the first, second and third nodes are 
increasing when other parameters remain fixed. When the 
parameter (θ) varies from 0.1 to 0.9, the throughput of the 
first node is constant, second and third nodes are 
increasing when other parameters remain fixed. When the 
parameter (є) varies from 0.2 to 0.6, the throughput of the 
first node is constant, second and third nodes are 
increasing when other parameters remain fixed. When the 
parameter (π) varies from 0.1 to 0.9, the throughput of the 
first node and second nodes are constant and third node is 
increases when other parameters remain fixed. When the 
transmission rate (µ1) varies from 5x104 packets/sec to 
9x104 packets/sec, the throughput of the first, second and 
the third nodes are increasing when other parameters 
remain fixed. The transmission rate (µ2) varies from 
15x104 packets/sec to 19x104 packets/sec, the throughput 
of the first node remains constant, the second and the third 
nodes are increasing when other parameters remain fixed. 
Similarly the transmission rate (µ3) varies from 25x104 
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packets/sec to 29x104 packets/sec, the throughput of the 
first and second nodes remain constant and for the third 
node is increasing when other parameters remain fixed. 

Table 1 
Values of Emptiness probabilities and Utilization of the 
communication Network with DBA and NHP arrivals 

t* λ$ α θ є π μ1
$ μ2

$ μ3
$ U1(t) U2(t) U3(t) Thp1 Thp2 Thp3 

0.1 2 1 0.1 0.2 0.1 5 15 25 0.14926 0.01302 0.00092 0.74630 0.19523 0.02300 
0.3 2 1 0.1 0.2 0.1 5 15 25 0.28800 0.02254 0.00143 1.43998 0.33807 0.03564 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.34978 0.02639 0.00161 1.74892 0.39580 0.04036 
0.7 2 1 0.1 0.2 0.1 5 15 25 0.38684 0.02860 0.00173 1.93420 0.42893 0.04333 
0.9 2 1 0.1 0.2 0.1 5 15 25 0.41492 0.03022 0.00183 2.07458 0.45334 0.04568 
2.0 2 1 0.1 0.2 0.1 5 15 25 0.53233 0.03750 0.00227 2.66163 0.56250 0.05687 
5.0 2 1 0.1 0.2 0.1 5 15 25 0.74334 0.05656 0.00347 3.71670 0.84840 0.08678 
0.5 3 1 0.1 0.2 0.1 5 15 25 0.45884 0.03206 0.00201 2.29418 0.48095 0.05033 
0.5 4 1 0.1 0.2 0.1 5 15 25 0.54960 0.03771 0.00241 2.74799 0.56560 0.06029 
0.5 5 1 0.1 0.2 0.1 5 15 25 0.62514 0.04332 0.00281 3.12569 0.64976 0.07025 
0.5 6 1 0.1 0.2 0.1 5 15 25 0.68801 0.04890 0.00321 3.44005 0.73344 0.08021 
0.5 7 1 0.1 0.2 0.1 5 15 25 0.74034 0.05444 0.00361 3.70168 0.81662 0.09016 
0.5 2 -

 

0.1 0.2 0.1 5 15 25 0.28504 0.02387 0.00150 1.42518 0.35808 0.03746 
0.5 2 0 0.1 0.2 0.1 5 15 25 0.30731 0.02471 0.00154 1.53653 0.37066 0.03842 
0.5 2 0.5 0.1 0.2 0.1 5 15 25 0.32888 0.02555 0.00158 1.64440 0.38324 0.03939 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.34978 0.02639 0.00161 1.74892 0.39580 0.04036 
0.5 2 1.5 0.1 0.2 0.1 5 15 25 0.37004 0.02722 0.00165 1.85018 0.40835 0.04133 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.34978 0.02639 0.00161 1.74892 0.39580 0.04036 
0.5 2 1 0.3 0.2 0.1 5 15 25 0.34978 0.05216 0.00324 1.74892 0.78242 0.08104 
0.5 2 1 0.5 0.2 0.1 5 15 25 0.34978 0.07725 0.00487 1.74892 1.15880 0.12166 
0.5 2 1 0.7 0.2 0.1 5 15 25 0.34978 0.10168 0.00649 1.74892 1.52522 0.16221 
0.5 2 1 0.9 0.2 0.1 5 15 25 0.34978 0.12546 0.00811 1.74892 1.88194 0.20269 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.34978 0.02639 0.00161 1.74892 0.39580 0.04036 
0.5 2 1 0.1 0.3 0.1 5 15 25 0.34978 0.03285 0.00201 1.74892 0.49278 0.05034 
0.5 2 1 0.1 0.4 0.1 5 15 25 0.34978 0.03927 0.00241 1.74892 0.58912 0.06032 
0.5 2 1 0.1 0.5 0.1 5 15 25 0.34978 0.04565 0.00281 1.74892 0.68482 0.07029 
0.5 2 1 0.1 0.6 0.1 5 15 25 0.34978 0.05199 0.00321 1.74892 0.77989 0.08026 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.34978 0.02639 0.00161 1.74892 0.39580 0.04036 
0.5 2 1 0.1 0.2 0.3 5 15 25 0.34978 0.02639 0.00484 1.74892 0.39580 0.12088 
0.5 2 1 0.1 0.2 0.5 5 15 25 0.34978 0.02639 0.00805 1.74892 0.39580 0.20114 
0.5 2 1 0.1 0.2 0.7 5 15 25 0.34978 0.02639 0.01125 1.74892 0.39580 0.28114 
0.5 2 1 0.1 0.2 0.9 5 15 25 0.34978 0.02639 0.01444 1.74892 0.39580 0.36089 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.34978 0.02639 0.00161 1.74892 0.39580 0.04036 
0.5 2 1 0.1 0.2 0.1 6 15 25 0.31180 0.02705 0.00165 1.87080 0.40582 0.04114 
0.5 2 1 0.1 0.2 0.1 7 15 25 0.28016 0.02752 0.00167 1.96110 0.41273 0.04168 
0.5 2 1 0.1 0.2 0.1 8 15 25 0.25367 0.02784 0.00168 2.02933 0.41756 0.04208 
0.5 2 1 0.1 0.2 0.1 9 15 25 0.23134 0.02807 0.00169 2.08202 0.42100 0.04236 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.34978 0.02639 0.00161 1.74892 0.39580 0.04036 
0.5 2 1 0.1 0.2 0.1 5 16 25 0.34978 0.02483 0.00162 1.74892 0.39721 0.04045 
0.5 2 1 0.1 0.2 0.1 5 17 25 0.34978 0.02344 0.00162 1.74892 0.39842 0.04052 
0.5 2 1 0.1 0.2 0.1 5 18 25 0.34978 0.02219 0.00162 1.74892 0.39947 0.04059 
0.5 2 1 0.1 0.2 0.1 5 19 25 0.34978 0.02107 0.00163 1.74892 0.40040 0.04065 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.34978 0.02639 0.00161 1.74892 0.39580 0.04036 
0.5 2 1 0.1 0.2 0.1 5 15 26 0.34978 0.02639 0.00155 1.74892 0.39580 0.04039 
0.5 2 1 0.1 0.2 0.1 5 15 27 0.34978 0.02639 0.00150 1.74892 0.39580 0.04042 
0.5 2 1 0.1 0.2 0.1 5 15 28 0.34978 0.02639 0.00144 1.74892 0.39580 0.04045 
0.5 2 1 0.1 0.2 0.1 5 15 29 0.34978 0.02639 0.00140 1.74892 0.39580 0.04047 

 
*= Seconds, $ = Multiplication of 10,000 Packets/sec 
     

      

              

      

        
   Figure 1 : The relationship between Utilization, 
Throughput and various other parameters 

 
From equations (3.8), (3.10), (3.12), (3.23) and (3.18), 
(3.20), (3.22),  the mean number of packets in the buffers 
and in the network, mean delay in transmission of three 
nodes are computed for different values of t, λ , α, θ, π, µ1, 
µ2, and µ3 and presented in table 2. The relationship 
between the parameters and the performance measure are 
shown in the figure 2. 
It is observed that as time (t) varies from 0.1 second to 5 
seconds, the mean number of packets in the three buffers 
and in the network are increasing when other parameters 
are fixed. When the parameter (λ) varies from 3x104 
packets/sec to 7x104 packets/sec, the mean numbers of 
packets in the first, second and third buffers and in the 
network are increasing when other parameters remain 
fixed. When the parameter (α ) varies from -0.5 to 1.5, the 
mean number of packets in the first, second and third 
buffers and in the network are increasing when other 
parameters remain fixed. When the parameter (θ) varies 
from 0.1 to 0.9, the mean number of packets in the first 
buffer is constant, second and third buffers and in the 
network are increasing when other parameters remain 
fixed. When the parameter (є) varies from 0.2 to 0.6, the 
mean number of packets in the first buffer is constant, 
second and third buffers and in the network are increasing 
when other parameters remain fixed. When the parameter 
(π) varies from 0.1 to 0.9, the mean number of packets in 
the first and second buffers are fixed and in the third buffer 
and in the network are increasing when other parameters 
remain fixed.  

 
 
 

Table 2 
Values of mean number of packets and mean delay of the 
communication network with DBA and NHP Arrivals 
t* λ$ α Θ є π μ 1

$ μ 2
$ μ 3

$ L1 (t) L2 (t) L3 (t) W1 (t) W2 (t) W3 (t) Ln(t) 
0.1 2 1 0.1 0.2 0.1 5 15 25 0.16165 0.01310 0.00092 0.21660 0.06710 0.04002 0.17567 
0.3 2 1 0.1 0.2 0.1 5 15 25 0.33967 0.02280 0.00143 0.23589 0.06743 0.04003 0.36390 
0.5 2 1 0.1 0.2 0.1 5 15 25 0.43045 0.02674 0.00162 0.24612 0.06756 0.04003 0.45881 
0.7 2 1 0.1 0.2 0.1 5 15 25 0.48913 0.02901 0.00173 0.25288 0.06764 0.04003 0.51988 
0.9 2 1 0.1 0.2 0.1 5 15 25 0.53600 0.03069 0.00183 0.25837 0.06769 0.04004 0.56852 
2.0 2 1 0.1 0.2 0.1 5 15 25 0.75998 0.03822 0.00228 0.28553 0.06795 0.04005 0.80048 
5.0  2 1 0.1 0.2 0.1 5 15 25 1.36000 0.05822 0.00348 0.36592 0.06863 0.04007 1.42170 
0.5  3 1 0.1 0.2 0.1 5 15 25 0.61403 0.03259 0.00202 0.26765 0.06776 0.04004 0.64864 
0.5  4 1 0.1 0.2 0.1 5 15 25 0.79762 0.03844 0.00241 0.29025 0.06796 0.04005 0.83847 
0.5  5 1 0.1 0.2 0.1 5 15 25 0.98120 0.04428 0.00281 0.31391 0.06815 0.04006 1.02830 
0.5  6 1 0.1 0.2 0.1 5 15 25 1.16478 0.05013 0.00321 0.33859 0.06835 0.04006 1.21813 
0.5  7 1 0.1 0.2 0.1 5 15 25 1.34836 0.05598 0.00361 0.36426 0.06855 0.04007 1.40796 
0.5  2 -0.5 0.1 0.2 0.1 5 15 25 0.33552 0.02416 0.00150 0.23543 0.06748 0.04003 0.36119 
0.5  2 0 0.1 0.2 0.1 5 15 25 0.36717 0.02502 0.00154 0.23896 0.06750 0.04003 0.39373 
0.5  2 0.5 0.1 0.2 0.1 5 15 25 0.39881 0.02588 0.00158 0.24252 0.06753 0.04003 0.42627 
0.5  2 1 0.1 0.2 0.1 5 15 25 0.43045 0.02674 0.00162 0.24612 0.06756 0.04003 0.45881 
0.5  2 1.5 0.1 0.2 0.1 5 15 25 0.46209 0.02760 0.00165 0.24976 0.06759 0.04003 0.49135 
0.5  2 1 0.1 0.2 0.1 5 15 25 0.43045 0.02674 0.00162 0.24612 0.06756 0.04003 0.45881 
0.5  2 1 0.3 0.2 0.1 5 15 25 0.43045 0.05357 0.00325 0.24612 0.06847 0.04006 0.48727 
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0.5  2 1 0.5 0.2 0.1 5 15 25 0.43045 0.08040 0.00488 0.24612 0.06938 0.04010 0.51573 
0.5  2 1 0.7 0.2 0.1 5 15 25 0.43045 0.10723 0.00651 0.24612 0.07030 0.04013 0.54419 
0.5  2 1 0.9 0.2 0.1 5 15 25 0.43045 0.13406 0.00814 0.24612 0.07124 0.04016 0.57265 
0.5  2 1 0.1 0.2 0.1 5 15 25 0.43045 0.02674 0.00162 0.24612 0.06756 0.04003 0.45881 
0.5  2 1 0.1 0.3 0.1 5 15 25 0.43045 0.03340 0.00202 0.24612 0.06779 0.04004 0.46587 
0.5  2 1 0.1 0.4 0.1 5 15 25 0.43045 0.04007 0.00242 0.24612 0.06801 0.04005 0.47293 
0.5  2 1 0.1 0.5 0.1 5 15 25 0.43045 0.04673 0.00282 0.24612 0.06824 0.04006 0.47999 
0.5  2 1 0.1 0.6 0.1 5 15 25 0.43045 0.05339 0.00322 0.24612 0.06846 0.04006 0.48706 
0.5  2 1 0.1 0.2 0.1 5 15 25 0.43045 0.02674 0.00162 0.24612 0.06756 0.04003 0.45881 
0.5  2 1 0.1 0.2 0.3 5 15 25 0.43045 0.02674 0.00485 0.24612 0.06756 0.04010 0.46204 
0.5  2 1 0.1 0.2 0.5 5 15 25 0.43045 0.02674 0.00808 0.24612 0.06756 0.04016 0.46527 
0.5  2 1 0.1 0.2 0.7 5 15 25 0.43045 0.02674 0.01131 0.24612 0.06756 0.04023 0.46850 
0.5  2 1 0.1 0.2 0.9 5 15 25 0.43045 0.02674 0.01454 0.24612 0.06756 0.04029 0.47173 
0.5  2 1 0.1 0.2 0.1 5 15 25 0.43045 0.02674 0.00162 0.24612 0.06756 0.04003 0.45881 
0.5  2 1 0.1 0.2 0.1 6 15 25 0.37368 0.02743 0.00165 0.19974 0.06759 0.04003 0.40275 
0.5  2 1 0.1 0.2 0.1 7 15 25 0.32872 0.02790 0.00167 0.16762 0.06760 0.04003 0.35829 
0.5  2 1 0.1 0.2 0.1 8 15 25 0.29258 0.02823 0.00168 0.14418 0.06761 0.04003 0.32250 
0.5  2 1 0.1 0.2 0.1 9 15 25 0.26310 0.02847 0.00170 0.12637 0.06762 0.04003 0.29326 
0.5  2 1 0.1 0.2 0.1 5 15 25 0.43045 0.02674 0.00162 0.24612 0.06756 0.04003 0.45881 
0.5  2 1 0.1 0.2 0.1 5 16 25 0.43045 0.02514 0.00162 0.24612 0.06329 0.04003 0.45721 
0.5  2 1 0.1 0.2 0.1 5 17 25 0.43045 0.02372 0.00162 0.24612 0.05952 0.04003 0.45579 
0.5  2 1 0.1 0.2 0.1 5 18 25 0.43045 0.02244 0.00162 0.24612 0.05618 0.04003 0.45452 
0.5  2 1 0.1 0.2 0.1 5 19 25 0.43045 0.02130 0.00163 0.24612 0.05319 0.04003 0.45338 
0.5  2 1 0.1 0.2 0.1 5 15 25 0.43045 0.02674 0.00162 0.24612 0.06756 0.04003 0.45881 
0.5  2 1 0.1 0.2 0.1 5 15 26 0.43045 0.02674 0.00155 0.24612 0.06756 0.03849 0.45874 
0.5  2 1 0.1 0.2 0.1 5 15 27 0.43045 0.02674 0.00150 0.24612 0.06756 0.03706 0.45869 
0.5  2 1 0.1 0.2 0.1 5 15 28 0.43045 0.02674 0.00145 0.24612 0.06756 0.03574 0.45864 
0.5  2 1 0.1 0.2 0.1 5 15 29 0.43045 0.02674 0.00140 0.24612 0.06756 0.03451 0.45859 

* = Seconds, $ = Multiplication of 10,000 Packets/sec 
  

     

       

        

      
  Figure 2 : The relationship between mean no. of packets, 
mean delay and various parameters  
When the transmission rate (µ1) varies from 5x104 
packets/sec to 9x104 packets/sec, the mean number of 
packets in the first buffer and in the network are decreasing 
and in the second and third buffers are increasing when 
other parameters remain fixed. Similarly the transmission 
rate (µ2) varies from 15x104 packets/sec to 19x104 
packets/sec, the mean number of packets in the first buffer 
remains fixed and the mean number of packets in the 
second buffer and in the network are decreasing and the 
mean number of packets in the third buffer is increases, 
when other parameters remain fixed. Similarly the 
transmission rate (µ3) varies from 25x104 packets/sec to 
29x104 packets/sec, the mean number of packets in the first 
and second buffers remains constant and the mean number 
of packets in the third buffer and in the network are 
decreasing when other parameters remain fixed.  

It is observed that as time (t) and the parameter (λ) are 
increasing, the mean delay in buffers are increasing for 
fixed values of the other parameters. It is also observed 
that as parameter (α) varies the mean delay in buffers are 
increasing for fixed values of the other parameters. The 
parameter (θ) varies the mean delay in first buffer remains 
constant and second and third buffers are increasing for 
fixed values of the other parameters. The parameter (є) 
varies the mean delay in first node is constant and second 
and third nodes are increasing for fixed values of other 
parameters. The parameter (π) varies the mean delay in 
first and second buffers remain fixed and third buffer is 
increases for fixed values of the other parameters. When 
the transmission rate (µ1) increases, the mean delay in the 
first buffer decreases and in the second and third  buffers 
increasing when the other parameters remain fixed. 
Similarly, the transmission rate (µ2) increases the mean 
delay in the first buffer remains fixed, second buffer 
decreases, and third buffer increases when other parameter 
remains fixed. Similarly, the transmission rate (µ3) 
increases the mean delay in the first and second buffers are 
fixed and the third buffer are decreasing, when other 
parameter remain fixed.   
From this analysis it is observed that the dynamic 
bandwidth allocation strategy has a significant influence on 
all performance measures of the network. It is further 
observed that the performance measures are highly 
sensitive towards smaller values of time. Hence, it is 
optimal to consider dynamic bandwidth allocation under 
and non-homogeneous Poisson arrivals and evaluate the 
performance of the network under transient conditions. It is 
also to be observed that the congestion in buffers and 
delays in transmission got reduced to a minimum level by 
adopting dynamic bandwidth allocation.  
5 SENSIVITY ANALYSIS: 

Sensitivity analysis of the model is performed to 
steady the effect of changes in the parameters t, λ, α, θ, є, 
π, µ1, µ2, µ3 on the mean number of packets, the utilization 
of transmitters, the mean delay in transmitters and the 
throughput of the first, second and third nodes. 
The following data  has been considered for the sensitivity 
analysis, t = 0.5 sec, λ = 2x104 packets/sec, α=1, θ = 0.1, є 
=0.2, π = 0.1, µ1 = 5x 104 packets/sec, µ2 = 15x 104 
packets/sec, and µ3 =25x104 packets/sec. 
The mean number of packets, the utilization of nodes, the 
mean delay, and the throughput of the first, second and 
third buffers are computed with variation of -15%,-10%, -
5%, 0%, +5%, +10% and +15% on the model parameters 
and presented in table 3.  

Table 3: Sensitivity Analysis of the model 
Parameter Performance                 % change in Parameter   
  Measures -15 -10 -5 0 5 10 15 
  L1(t) 0.40200 0.41206 0.42151 0.43045 0.43892 0.44699 0.45469 
  L2(t) 0.01891 0.01932 0.01971 0.02008 0.02042 0.02074 0.02104 
  L3(t) 0.00231 0.00236 0.00239 0.00243 0.00247 0.00250 0.00253 
  U1(t) 0.33102 0.33771 0.34395 0.34978 0.35527 0.36045 0.36536 
  U2(t) 0.01873 0.01914 0.01952 0.01988 0.02021 0.02052 0.02082 
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t=0.5 U3(t) 0.00231 0.00235 0.00239 0.00243 0.00246 0.00250 0.00253 
  W1(t) 0.24289 0.24403 0.24510 0.24612 0.24709 0.24802 0.24890 
  W2(t) 0.06730 0.06731 0.06733 0.06734 0.06735 0.06736 0.06737 
  W3(t) 0.04005 0.04005 0.04005 0.04005 0.04005 0.04005 0.04005 
  Thp1 1.65511 1.68856 1.71974 1.74892 1.77634 1.80224 1.82678 
  Thp2 0.28092 0.28709 0.29282 0.29817 0.30317 0.30787 0.31230 
  Thp3 0.05780 0.05883 0.05980 0.06071 0.06157 0.06239 0.06317 
  L1(t) 0.37537 0.39373 0.41209 0.43045 0.44881 0.46717 0.48552 
  L2(t) 0.01832 0.01891 0.01949 0.02008 0.02066 0.02125 0.02183 
  L3(t) 0.00219 0.00227 0.00235 0.00243 0.00251 0.00259 0.00267 
  U1(t) 0.31297 0.32547 0.33774 0.34978 0.36161 0.37322 0.38463 
  U2(t) 0.01816 0.01873 0.01930 0.01988 0.02045 0.02102 0.02160 
λ=2 U3(t) 0.00219 0.00227 0.00235 0.00243 0.00251 0.00259 0.00267 
  W1(t) 0.23988 0.24195 0.24403 0.24612 0.24823 0.25034 0.25247 
  W2(t) 0.06728 0.06730 0.06732 0.06734 0.06736 0.06738 0.06740 
  W3(t) 0.04004 0.04005 0.04005 0.04005 0.04005 0.04005 0.04005 
  Thp1 1.56484 1.62733 1.68868 1.74892 1.80806 1.86612 1.92313 
  Thp2 0.27235 0.28096 0.28957 0.29817 0.30676 0.31535 0.32393 
  Thp3 0.05473 0.05672 0.05872 0.06071 0.06270 0.06469 0.06668 
  L1(t) 0.42096 0.42412 0.42729 0.43045 0.43361 0.43678 0.43994 
  L2(t) 0.01982 0.01991 0.01999 0.02008 0.02016 0.02025 0.02034 
  L3(t) 0.00241 0.00242 0.00242 0.00243 0.00244 0.00245 0.00245 
  U1(t) 0.34358 0.34566 0.34772 0.34978 0.35184 0.35388 0.35593 
  U2(t) 0.01962 0.01971 0.01979 0.01988 0.01996 0.02005 0.02013 
α=1 U3(t) 0.00241 0.00241 0.00242 0.00243 0.00244 0.00244 0.00245 
  W1(t) 0.24504 0.24540 0.24576 0.24612 0.24649 0.24685 0.24721 
  W2(t) 0.06733 0.06733 0.06734 0.06734 0.06734 0.06734 0.06735 
  W3(t) 0.04005 0.04005 0.04005 0.04005 0.04005 0.04005 0.04005 
  Thp1 1.71791 1.72828 1.73861 1.74892 1.75919 1.76942 1.77963 
  Thp2 0.29437 0.29564 0.29690 0.29817 0.29943 0.30069 0.30196 
  Thp3 0.06013 0.06032 0.06051 0.06071 0.06090 0.06109 0.06129 
  L1(t) 0.43045 0.43045 0.43045 0.43045 0.43045 0.43045 0.43045 
  L2(t) 0.01807 0.01874 0.01941 0.02008 0.02075 0.02142 0.02209 
  L3(t) 0.00219 0.00227 0.00235 0.00243 0.00251 0.00259 0.00268 
  U1(t) 0.34978 0.34978 0.34978 0.34978 0.34978 0.34978 0.34978 
  U2(t) 0.01790 0.01856 0.01922 0.01988 0.02053 0.02119 0.02185 
θ=0.1 U3(t) 0.00218 0.00227 0.00235 0.00243 0.00251 0.00259 0.00267 
  W1(t) 0.24612 0.24612 0.24612 0.24612 0.24612 0.24612 0.24612 
  W2(t) 0.06727 0.06729 0.06732 0.06734 0.06736 0.06738 0.06741 
  W3(t) 0.04004 0.04005 0.04005 0.04005 0.04005 0.04005 0.04005 
  Thp1 1.74892 1.74892 1.74892 1.74892 1.74892 1.74892 1.74892 
  Thp2 0.26855 0.27843 0.28830 0.29817 0.30802 0.31787 0.32772 
  Thp3 0.05460 0.05664 0.05867 0.06071 0.06274 0.06478 0.06681 

 
The performance measures are highly affected by the 
changes in the values of time (t) and parameter (λ), (α), (θ), 
(є) and (π). As t increases from -15% to +15% the average 
number of packets in the three buffers and in the network 
are increasing along with an increase in the mean delay in 
buffers, the utilization of transmitters and throughput of the  
three nodes.  As the parameter (λ)  increases  from  -15% 
to +15% the average number of packets in the three buffers 
and in the network are increasing along with an increase in 
the mean delay, the utilization of transmitters and the 
throughput of the three nodes. Similarly, for the parameter 
(α), the utilization of transmitters and the throughput of 
nodes are increasing in the communication network. 
Overall analysis of the parameters reflects that the dynamic 
bandwidth allocation strategy for congestion control will 
tremendously reduce the delay in communication and 
improve the voice quality by reducing burstness in buffers. 
 
6  COMPARATIVE STUDY 

To study the effect of non homogeneous Poisson 
arrival assumption on the communication network a 
comparative study between the performance measures of 
the network models with non homogeneous Poisson 
arrivals and Poisson arrivals is  performed. The 
performance measures of both models are computed with 
fixed values of the parameters (λ , α, θ, є, π, µ1, µ2, µ3) and 

different values of t = 0.3, 0.5, 2, 5 seconds are presented 
in  table 4.  

Table 4 
Comparative study of models with Non-Homogeneous and 
Homogeneous Poisson arrivals  
Time (t) Parameters Model with Model With   
Sec Measured NHP α=1 HP α=0 Difference % Variation 

t=0.3 

 

L1 (t) 0.3396 0.3107 0.0289 4.45 
L2 (t) 0.0227 0.0221 0.0006 1.48 
L3 (t) 0.0014 0.0014 0.0000 0.01 
U1 (t) 0.2879 0.2671 0.0208 3.76 
U2 (t) 0.0225 0.0218 0.0006 1.47 
U3 (t) 0.0014 0.0014 0.0001 0.01 
W1 (t) 0.2358 0.2326 0.0032 0.68 
W2 (t) 0.0674 0.0674 0.0001 0.02 
W3 (t) 0.0400 0.0399 0.0001 0.03 
Thp1 1.4399 1.3355 0.1044 3.76 
Thp2 0.3380 0.3283 0.0097 1.47 
Thp3 0.0356 0.0356 0.0001 0.01 

t=5 

 

L1 (t) 1.3600 0.4000 0.9600 54.55 
L2 (t) 0.0516 0.0200 0.0316 44.10 
L3 (t) 0.0062 0.0024 0.0038 43.89 
U1 (t) 0.7433 0.3297 0.4137 38.55 
U2 (t) 0.0502 0.0198 0.0304 43.47 
U3 (t) 0.0061 0.0024 0.0037 43.81 
W1 (t) 0.3659 0.2427 0.1233 20.25 
W2 (t) 0.0684 0.0673 0.0011 0.78 
W3 (t) 0.0401 0.0400 0.0001 0.09 
Thp1 3.7167 1.6484 2.0683 38.55 
Thp2 0.7537 0.2970 0.4567 43.47 
Thp3 0.1534 0.0599 0.0935 43.81 

 
As t increases the percentage variation of performance 
measures between the two models is increasing. For the 
model with non-homogeneous Poisson arrivals with 
dynamic bandwidth allocation has more utilization 
compared to that of the model with Poisson arrivals with 
dynamic bandwidth allocation. From this analysis it is 
observed that the assumption of non-homogeneous 
Poisson arrivals have a significant influence on all the 
performance measures of the network.  This model also 
includes the two node tandem communication network 
model when μ3 is zero.  

 
7. CONCLUSIONS: 

In this paper a novel and new communication 
model which is much useful for analyzing the 
communication systems more effectively and efficiently is 
developed and analyzed. The work presented in this paper 
focus on the improvement of three node tandem 
communication network with Dynamic Bandwidth 
Allocation and modified phase type transmission having 
NHP arrivals for first node and Poisson arrivals for second 
node. The variable traffic conditions (bursty traffic/ time 
dependent traffic) is characterized by non homogeneous 
Poisson process with time dependent arrival rates. It is 
shown that the dynamic bandwidth allocation can reduce 
congestion in buffers and delay in transmission by utilizing 
iid bandwidth. The developed network model much useful 
for the evaluating the performance of several networks like 
LAN, WAN, MAN and Computer Communication 
Systems under variable traffic conditions by predicting 
performance measures more close to the reality. This mode 
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also includes some of the earlier models as particular cases 
for specific values of the parameters. 

 
 8. REFERENCES:  

1 ] Feldmann A, (2000), Characteristics of TCP connection 
arrivals, Chapter 15, self similar network traffic and 
performance evaluation, edited by K.Park, W.willinger, 
John Wiley & Sons Inc. 

2 ] Gaujal, B. and Hyon, E.(2002), Optimal routing 
policies in deterministic queues in tandem, Proceedings 
of Sixth International Workshop on Discrete Event 
Systems (WODES’02),pp 251-257. 

3 ] IEEE Communications Society(2002), A Brief History 
of Communications, Report by IEEE Communications 
Society. 

4 ] Nageswara Rao K., Srinivas Rao K, Srinivasa Rao P 
(2010) “A tandem communication Network with 
Dynamic Bandwidth Allocation and modified phase 
type transmission having Bulk arrivals” in International 
Journal of Computer science Issues, vol.7, no.3, pp 18-
26. 

5 ] Nageswara Rao et al (2011) Performance Evaluation of 
Two node Tandem Communication Network with 
Dynamic Bandwidth Allocation having Two Stage 
Direct Bulk Arrivals, Vol.8, Issue 1, pp.122-130 

6 ] Padmavathi G., K. Srinivas Rao, KVVS Reddy (2009), 
“Performance Evaluation of parallel and series 
communication Network with Dynamic Bandwidth 
Allocation”, CIIT International Journal of Networking 
and communication Engineering Vol.1, No. 7, pp.410-
421. 

7 ] Parthasarathy, P.R. and Selvraju, N. (2001), Transient 
analysis of a Queue where potential customers are 
Discouraged by Queue length. Mathematical Problems 
in Engineering, Vol.7,  pp.433-454 

8 ] Rakesh Singhai, Shiv Dutt Joshi and Rajendra K P 
Bhatt (2007), A Novel Discrete distribution and 
process to model self similar traffic, 9th IEEE 
international conference on Telecommunication-
CONTEL 2007, Zagredb Croatia, pp.167-171 

9 ] Srinivasa Rao, K., Vasanta, M.R., and Vijaya Kumar, 
C.V.R.S.,(2000), On an interdependent Communication 
Network, Opsearch Vol.37, No.2, pp 134-143. 

10 ] Sriram, K. (1993), Methodologies for bandwidth 
allocation, transmission scheduling and congestion 
avoidance in broadband ATM networks, Computer 
Network, ISDN System, J.26, pp 43-59. 

11 ] Suresh Varma, P. and Srinivasa Rao, K. (2007), A 
Communication Network with load dependent 
Transmission, to appear in International Journal of 
Mathematical Sciences.Vol.6, No.2, pp.199-210 

 

Mrs.M.V.Rama Sundari is working as Associate 
Professor, Department of IT, Aditya Engineering College, 
Surampalem, East Godavari, Andhra Pradesh.  
 
Dr.K.Srinivas Rao is presently working as Professor, 
Department of Statistics, Andhra University, 
Visakhapatnam. He is elected as chief editor of Journal of 
ISPS and elected as Vice-President of Operation Research 
of India during 2009-10. He guided 28 students for Ph.D. 
in Statistics, Computer Science, Electronics and 
Communications and Operations Research. He published 
92 research papers in national and international journals 
with high reputation. His research interests are 
communication systems, Data Mining and stochastic 
models 
 
Dr.Peri Srinivasa Rao is presently working as Professor 
in the Department of Computer Science and Systems 
Engineering, Andhra University, Visakhapatnam. He got 
his Ph.D. degree from Indian Institute of Technology, 
Kharagpur in Computer Science in 1987. He published 
several research papers and delivered invited lectures at 
various conferences, seminars and workshops. He guided a 
large number of students for their M.Tech degrees in 
Computer Science and Engineering and Information 
Technology. His current research interests are 
Communication Networks, Data Mining and Computer 
Morphology 
 
P.Suresh Varma is presently working as Professor in the 
Department of Computer Science, Adikavi Nannaya 
University, Rajahmundry. He published several research 
papers in national and international journals and presented 
papers at various conferences, seminars and workshops. 
He guided a large number of students for their M.Tech, 
MCA degrees in Computer Science and Engineering and 
Information Technology. His current research interests are 
Communication Networks, Data Mining and Cloud 
Computing. 
 
 
 
 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 144



A Graphical Password Based System for Small Mobile 
Devices 

 
Wazir Zada Khan1, Mohammed   Y Aalsalem2 and Yang Xiang3 

 
 1 School of Computer Science, University of Jazan 

Jazan, PoBox # 114, Kingdom of Saudi Arabia 
 
 

2 School of Computer Science, University of Jazan 
Jazan, PoBox # 114, Kingdom of Saudi Arabia 

 
 

3 School of Information Technology, Deakin University, Australia 
221 Burwood Highway, Burwood, VIC 3125, Australia  

 
Abstract  

Passwords provide security mechanism for authentication and 
protection services against unwanted access to resources. A graphical 
based password is one promising alternatives of textual passwords. 
According to human psychology, humans are able to remember pictures 
easily. In this paper, we have proposed a new hybrid graphical 
password based system, which is a combination of recognition and 
recall based techniques that offers many advantages over the existing 
systems and may be more convenient for the user. Our scheme is 
resistant to shoulder surfing attack and many other attacks on graphical 
passwords. This scheme is proposed for smart mobile devices (like 
smart phones i.e. ipod, iphone, PDAs etc) which are more handy and 
convenient to use than traditional desktop computer systems.  
Keywords: Smart Phones, Graphical Passwords, Authentication, 
Network Security. 

 1. Introduction 

One of the major functions of any security system is the control 
of people in or out of protected areas, such as physical buildings, 
information systems, and our national borders. Computer 
systems and the information they store and process are valuable 
resources which need to be protected. Computer security 
systems must also consider the human factors such as ease of a 
use and accessibility. Current secure systems suffer because they 
mostly ignore the importance of human factors in security [1]. 
An ideal security system considers security, reliability, usability, 
and human factors. All current security systems have flaws 
which make them specific for well trained and skilled users 
only. A password is a secret that is shared by the verifier and the 
customer. ”Passwords are simply secrets that are provided by the 
user upon request by a recipient.” They are often stored on a 
server in an encrypted form so that a penetration of the file 
system does not reveal password lists [2]. Passwords are the 
most common means of authentication because they do not 
require any special hardware. Typically passwords are strings of 
letters and digits, i.e. they are alphanumeric. Such passwords 
have the disadvantage of being hard to remember [3]. Weak 
passwords are vulnerable to dictionary attacks and brute force  

 
attacks where as Strong passwords are harder to remember. To 
overcome the problems associated with password based 
authentication systems, the researchers have proposed the 
concept of graphical passwords and developed the alternative 
authentication mechanisms. Graphical passwords systems are 
the most promising alternative to conventional password based 
authentication systems. 

 
Graphical passwords (GP) use pictures instead of textual 
passwords and are partially motivated by the fact that humans 
can remember pictures more easily than a string of characters 
[4]. The idea of graphical passwords was originally described by 
Greg Blonder in 1996 [62]. An important advantage of GP is 
that they are easier to remember than textual passwords. Human 
beings have the ability to remember faces of people, places they 
visit and things they have seen for a longer duration. Thus, 
graphical passwords provide a means for making more user-
friendly passwords while increasing the level of security. 
Besides these advantages, the most common problem with 
graphical passwords is the shoulder surfing problem: an 
onlooker can steal user’s graphical password by watching in the 
user’s vicinity. Many researchers have attempted to solve this 
problem by providing different techniques [6]. Due to this 
problem, most graphical passwords schemes recommend small 
mobile devices (PDAs) as the ideal application environment. 
Another common problem with graphical passwords is that it 
takes longer to input graphical passwords than textual passwords 
[6]. The login process is slow and it may frustrate the impatient 
users. Graphical passwords serve the same purpose as textual 
passwords differing in consisting of handwritten designs 
(drawing), possibly in addition to text. The exploitation of smart 
phones like ipod and PDA’s is increased due to their small size, 
compact deployment and low cost.  
 
In this paper, considering the problems of text based password 
systems, we have proposed a new graphical password scheme 
which has desirable usability for small mobile device. Our 
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proposed system is new graphical passwords based hybrid 
system which is a combination of recognition and recall based 
techniques and consists of two phases. During the first phase 
called Registration phase, the user has to first select his 
username and a textual password. Then objects are shown to the 
user to select from them as his graphical password. After 
selecting the user has to draw those selected objects on a touch 
sensitive screen using a stylus. During the second phase called 
Authentication phase, the user has to give his username and 
textual password and then give his graphical password by 
drawing it in the same way as done during the registration phase. 
If they are drawn correctly the user is authenticated and only 
then he/she can access his/her account. For practical 
implementation of our system we have chosen i-mate JAMin 
smart phone which is produced by HTC, the Palm Pilot, Apple 
Newton, Casio Cassiopeia E-20 and others which allow users to 
provide graphics input to the device. It has a display size of 
240x320 pixels and an important feature of Handwriting 
recognition. The implementation details are out of the scope of 
this paper. 
 
The structure of our paper is organized as follows. In Section II, 
the classification of all existing authentication methods is 
described. In Section III, all existing graphical password based 
schemes are classified into three main categories. Section IV 
reviews existing research and schemes which are strongly 
related to our work. Section V discusses the problems of all 
existing graphical password based schemes. In Section VI our 
proposed system is described in detail. In Section VII we have 
compared our proposed system with existing schemes by 
drawing out the flaws in existing schemes. Section VIII provides 
discussion. Finally Section IX concludes the paper.   

2. Classification of Current Authentication      
Methods 

Due to recent events of thefts and terrorism, authentication has 
become more important for an organization to provide an 
accurate and reliable means of authentication [14]. Currently the 
authentication methods can be broadly divided into three main 
areas. Token based (two factor), Biometric based (three factor), 
and Knowledge based (single factor) authentication [7], also 
shown in the Figure 1.  
 
2.1 Token Based Authentication: 

It is based on “Something You Possess”. For example Smart 
Cards, a driver’s license, credit card, a university ID card etc. It 
allows users to enter their username and password in order to 
obtain a token which allows them to fetch a specific resource - 
without using their username and password. Once their token 
has been obtained, the user can offer the token - which offers 
access to a specific resource for a time period - to the remote site 

[15]. Many token based authentication systems also use 
knowledge based techniques to enhance security [7]. 
 
2.2 Biometric Based Authentication:  
 
Biometrics (ancient Greek: bios ="life", metron ="measure") is 
the study of automated methods for uniquely recognizing 
humans based upon one or more intrinsic physical or behavioral 
traits [9]. It is based on “Something You Are” [8]. It uses 
physiological or behavioral characteristics like fingerprint or 
facial scans and iris or voice recognition to identify users. A 
biometric scanning device takes a user's biometric data, such as 
an iris pattern or fingerprint scan, and converts it into digital 
information a computer can interpret and verify.  
 

 
Fig. 1 Classification of Authentication Methods 

A biometric-based authentication system may deploy one or 
more of the biometric technologies: voice recognition, 
fingerprints, face recognition, iris scan, infrared facial and hand 
vein thermo grams, retinal scan, hand and finger geometry, 
signature, gait, and keystroke dynamics [19]. Biometric 
identification depends on computer algorithms to make a yes/no 
decision. It enhances user service by providing quick and easy 
identification [20]. 
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2.3 Knowledge Based Authentication: 
 
Knowledge based techniques are the most extensively used 
authentication techniques and include both text based and 
picture based passwords [7]. Knowledge-based authentication 
(KBA) is based on “Something You Know” to identify you For 
Example a Personal Identification Number (PIN), password or 
pass phrase. It is an authentication scheme in which the user is 
asked to answer at least one "secret" question [17]. KBA is often 
used as a component in multifactor authentication (MFA) and 
for self-service password retrieval. Knowledge based 
authentication (KBA) offers several advantages to traditional 
(conventional) forms of e-authentication like passwords, PKI 
and biometrics [16].  

3. Classification of Graphical Password Based      
Systems 

 
Graphical based passwords schemes can be broadly classified 
into four main categories: First is Recognition based Systems 
which are also known as Cognometric Systems or Searchmetric 
Systems. Recognition based techniques involve identifying 
whether one has seen an image before. The user must only be 
able to recognize previously seen images, not generate them 
unaided from memory. Second is Pure Reacll based systems 
which are also known as Drwanmetric Systems. In pure recall-
based methods the user has to reproduce something that he or 
she created or selected earlier during the registration stage. Third 
is Cued Recall based systems which are also called Iconmetric 
Systems. In cued recall-based methods, a user is provided with a 
hint so that he or she can recall his his/her password. Fourth is  
Hybrid systems which are typically the combination of two or 
more schemes. Like recognition and recall based or textual with 
graphical password schemes. Detailed classification of systems, 
involved in these four categories is shown in Figure 2. 

4. Related Work 
Haichang Gao et al. [55] have proposed and evaluated a new 
shoulder-surfing resistant scheme called Come from DAS and 
Story (CDS) which has a desirable usability for PDAs. This 
scheme adopts a similar drawing input method in DAS and 
inherits the association mnemonics in Story for sequence 
retrieval. It requires users to draw a curve across their password 
images (pass-images) orderly rather than click directly on them. 
The drawing method seems to be more compatible with people’s 
writing habit, which may shorten the login time. The drawing 
input trick along with the complementary measures, such as 
erasing the drawing trace, displaying degraded images, and 
starting and ending with randomly designated images provide a 
good resistance to shoulder surfing. A user study is conducted to 
explore the usability of CDS in terms of accuracy, efficiency and 
memorability, and benchmark the usability against that of a 

Story scheme. The main contribution is that it overcomes a 
drawback of recall-based systems by erasing the drawing trace 
and introduces the drawing method to a variant of Story to resist 
shoulder-surfing. 
 

 
 

Fig. 2 Classification of Graphical Password Based Systems 

P.C.van Oorshot and Tao Wan [59] have proposed a hybrid 
authentication approach called Two-Step. In this scheme users 
continue to use text passwords as a first step but then must also 
enter a graphical password. In step one, a user is asked for her 
user name and text password. After supplying this, and 
independent of whether or not it is correct, in step two, the user 
is presented with an image portfolio. The user must correctly 
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select all images (one or more) pre-registered for this account in 
each round of graphical password verification. Otherwise, 
account access is denied despite a valid text password. Using 
text passwords in step one preserves the existing user sign-in 
experience. If the user’s text password or graphical password is 
correct, the image portfolios presented are those as defined 
during password creation. Otherwise, the image portfolios 
(including their layout dimensions) presented in first and a next 
round are random but respectively a deterministic function of the 
user name and text password string entered, and the images 
selected in the previous round.  

5. Problem Domain 
There are many problems with each of the graphical based 
authentication methods. These are discussed below: 
 
5.1 Problems of Recognition Based Methods: 
 
Dhamijia and Perrig proposed a graphical password based 
scheme Déjà Vu, based on Hash Visualization technique [11]. 
The drawback of this scheme is that the server needs to store a 
large amount of pictures which may have to be transferred over 
the network, delaying the authentication process. Another 
weakness of this system is that the server needs to store the 
seeds of portfolio images of each user in plaintext. Also, the 
process of selecting a set of pictures from picture database can 
be tedious and time consuming for the user [7]. This scheme was 
not really secure because the passwords need to store in database 
and that is easy to see.  
Sobrado and Birget developed a graphical password technique 
that deals with the shoulder surfing problem [3]. In their first 
scheme the system displays a number of pass-objects (pre-
selected by user) among many other objects as shown in Fig: 3. 
To be authenticated, a user needs to recognize pass-objects and 
click inside convex hull formed by all the pass objects. They 
developed many schemes to solve the shoulder surfing problem 
but the main drawback of these schemes is that log in process 
can be slow.  
Another recognition based technique is proposed by Man et al 
[63]. He proposed a shoulder-surfing resistant algorithm which 
is similar to that developed by Sobrado and Birget. The 
difference is that Man et al has introduced several variants for 
each pass-object and each variant is assigned a unique code. 
Thus during authentication the user recognize pre-selected 
objects with an alphanumeric code and a string for each pass-
object. Although it is very hard to break this kind of password 
but this method still requires the user to memorize alphanumeric 
codes for each pass-object variants.  
“Passface” is another recognition based system. It is argued by 
its developer that it is easy for human beings to remember 
human faces than any other kind of passwords. But Davis et al 
[12] have found that most users tend to choose faces of people 
from the same race. This makes the Passface password 

somewhat predictable.  Furthermore, some faces might not be 
welcomed by certain users and thus the login process will be 
unpleasant. Another limitation of this system is that it cannot be 
used by those people who are face-blind [6]. 
 
5.2 Problems of Recall Based Methods: 
 
The problem with the Grid based methods is that during 
authentication the user must draw his/her password in the same 
grids and in the same sequence. It is really hard to remember the 
exact coordinates of the grid. The problem with Passlogix is that 
the full password space is small. In addition a user chosen 
password might be easily guessable [6]. DAS scheme has some 
limitations like it is vulnerable to shoulder surfing attack if a 
user accesses the system in public environments, there is still a 
risk for the attackers to gain access to the device if the attackers 
obtained a copy of the stored secret, and, brute force attacks can 
be launched by trying all possible combinations of grid 
coordinates, ) Drawing a diagonal line and identifying a starting 
point from any oval shape figure using the DAS scheme itself 
can be a challenge for the users, and finally Difficulties might 
arise when the user chooses a drawing which contains strokes 
that pass too close to a grid-line, thus, the scheme may not be 
able to distinguish which cell the user is choosing. 
“PassPoints” is the extended version of Blonder’s idea by 
eliminating the predefined boundaries and allowing arbitrary 
images to be used. Using this scheme it takes time to think to 
locate the correct click region and determine precisely where to 
click. Another problem with these schemes is that it is difficult 
to input a password through a keyboard, the most common input 
device; if the mouse doesn’t function well or a light pen is not 
available, the system cannot work properly [6]. Overall, with 
both “PassPoints” and “Passlogix”, looking for small spots in a 
rich picture might be tiresome and unpleasant for users with 
weak vision.  
In Viskey’s scheme the main drawback is the input tolerance. 
Pointing to the exact spots on the picture has proven to be quite 
hard thus Viskey accepts all input within a certain tolerance area 
around it. It also allows users to set the size of this area in 
advance. However, some caution related to the input precision 
needs to be taken, since it will directly influence the security and 
the usability of the password. In order to practically set 
parameters, a four spot VisKey theoretically provides 
approximately 1 billion possibilities for defining a password. 
Unfortunately this is not large enough to prevent off-line attacks 
from a high-speed computer. Therefore no less than seven 
defined spots are required to overcome the likelihood of brute 
force attacks. 

6. Proposed System 
Taking into account all the problems and limitations of graphical 
based schemes, we have proposed a hybrid system for 
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authentication. This hybrid system is a mixture of both 
recognition and recall based schemes. 

     
 

Fig. 3 A shoulder surfing resistant graphical password scheme [3]. 
 
Our proposed system is an approach towards more reliable, 
secure, user-friendly, and robust authentication. We have also 
reduced the shoulder surfing problem to some extent. 
 
6.1 Working of Proposed System: 
 
Our proposed system comprises of 9 steps out of which steps 1-3 
are registration steps and steps 4-9 are the authentication steps. 

Step 1 

The first step is to type the user name and a textual password 
which is stored in the database. During authentication the user 
has to give that specific user name and textual password in order 
to log in. 

Step 2 

In this second step objects are displayed to the user and he/she 
selects minimum of three objects from the set and there is no 
limit for maximum number of objects. This is done by using one 
of the recognition based schemes. The selected objects are then 
drawn by the user, which are stored in the database with the 
specific username. Objects may be symbols, characters, auto 
shapes, simple daily seen objects etc. Examples are shown in 
Figure 4. 

Step 3 

During authentication, the user draws pre-selected objects as his 
password on a touch sensitive screen (or according to the 
environment) with a mouse or a stylus. This will be done using 
the pure recall based methods. 

Step 4 

In this step, the system performs pre-processing 

Step 5 

In the fifth step, the system gets the input from the user and 
merges the strokes in the user drawn sketch.  

Step 6 

After stroke merging, the system constructs the hierarchy. 

Step 7 

Seventh step is the sketch simplification. 

Step 8 

In the eighth step three types of features are extracted from the 
sketch drawn by the user. 

Step 9 

The last step is called hierarchical matching.  

Graphical Representation of our proposed system is shown in 
Figure 5. 

 
Fig. 4 Some examples of objects shown to the user 

During registration, the user selects the user name and a textual 
password in a conventional manner and then chooses the objects 
as password. The minimum length for textual password is L=6. 
Textual password can be a mixture of digits, lowercase and 
uppercase letter. After this the system shows objects on the 
screen of a PDA to select as a graphical password. After 
choosing the objects, the user draws those objects on a screen 
with a stylus or a mouse. Objects drawn by the user are stored in 
the database with his/her username. In object selection, each 
object can be selected any number of times. Flow chart of 
registration phase is shown in Figure 6. 

During authentication, the user has to first give his username and 
textual password and then draw pre-selected objects. These 
objects are then matched with the templates of all the objects 
stored in the database. Flow chart of authentication phase is 
shown in Figure 7. The phases during the authentication like the 
pre-processing, stroke merging, hierarchy construction, sketch 
simplification, feature extraction, and hierarchical matching are 
the steps proposed by Wing Ho Leung and Tsuhan Chen in their 
paper [13]. They propose a novel method for the retrieval of 
hand drawn sketches from the database, finally ranking the best 
matches. In the proposed system, the user will be authenticated 
only if the drawn sketch is fully matched with the selected 
object’s template stored in the database. Pre-processing of hand 
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drawn sketches is done prior to recognition and normally 
involves noise reduction and normalization. The noise occur in 
the image by user is generally due to the limited accuracy of 
human drawn images. [14]. A number of techniques can be used 
to reduce noise that includes Smoothing, filtering, wild point 
correction etc. Here in the proposed system Gaussian smoothing 
is used which eliminates noise introduced by the tablet or shaky 
drawing. 

 

or specifically in two dimensions 

 

Where r is the blur radius (r2 = u2 + v2), and σ is the standard 
deviation of the Gaussian distribution. 

 

 
Fig. 5 Graphical Representation of Proposed System 

In case, if user draws very large or a very small sketch then the 
system performs size normalization which adjusts the symbols 
or sketches to a standard size. The Stroke merging phase is use 
to merge the strokes which are broken at end points. If the end 
points are not close, then that stroke is considered as open stroke 
and it may be merged with another open stroke if the end point 
of one stroke is close to the end point of the other. The strokes 
are then represented in a hierarchy to simplify the image and to 
make it meaningful for further phases [13]. In the next step of 
sketch simplification, a shaded region is represented by a single 
hyper-stroke. After sketch simplification three types of features 
are extracted from the user re-drawn sketch. These features are 
hyper stroke features, Stroke features, and bi-stroke features.  

In the last step of hierarchical matching, the similarity is 
evaluation the top to bottom hierarchical manner. The user is 
allowed to draw in an unrestricted manner. The overall process 
is difficult because free hand sketching is a difficult job. The 
order in which the user has selected the objects does matter in 
our proposed system i.e. during the authentication phase, the 
user can draw his pre-selected objects in the same order as he 
had selected during the registration phase. So, in this way the 
total combinations of each password will be 2n –1, ‘n’ being the 
number of objects selected by the user as password during the 
registration phase.  

                 
                     Fig. 6 Flow chart for Registration Phase 
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7. Comparison of Proposed System with Existing 
Schemes 

Our system offers many advantages over other existing systems 
as discussed below: 

Comparing to the “Passface” system, our system can also be 
used for those who are face-blind. We have used objects instead 
of human faces for selecting as password because later on during 
the authentication phase, the user has to draw his/her password 
and it is a much more difficult task to draw human faces than 
simple objects. Also we believe that as compared to human 
faces, objects are easier to remember which are in daily use. Our 
system has eliminated the problems with grid based techniques 
where the user has to remember the exact coordinates which is 
not easy for the user. Our system just compares the shapes of the 
objects drawn by the user during authentication. 

 
Fig. 7 Flow Chart for Authentication Phase 

 
Our scheme is less vulnerable to Brute force attack as the 
password space is large. It is also less vulnerable to online and 
offline dictionary attacks. Since stylus is used, it provides ease 
to the user for drawing objects and also it will be impractical to 
carry out dictionary attack. Our scheme is better than Man et al 

scheme. This is because in his scheme the user has to remember 
both the objects and string and the code. In our method the user 
has to remember the objects he selected for password and also 
the way he has drawn the objects during registration.  
 
Comparing to Van Oorschot’s approach, our system is more 
secure since users not only select graphical password but also 
draw their password, making it difficult to hack. In our proposed 
system, even if the textual password is compromised, the 
graphical password cannot be stolen or compromised since the 
user is also drawing the graphical password. Our proposed 
system differs from CDS in that the user has to first select a 
textual password and then a graphical password, making it more 
secure.  Comparing to Two Step Authentication system, our 
proposed system works in the same way as Two Step 
Authentication system i.e the user has to choose a textual 
password before choosing a graphical password but difference is 
that in our system during authentication, after giving the 
username and textual password, the user has to draw his 
graphical password which is matched with its stored template 
drawn by the user during the registration phase. This approach 
protects from hacking the password and prevents them from 
launching different attacks. Thus our system is more secure and 
reliable than two step authentication system. As with all 
graphical based systems our system will also be slow. The 
normalization and matching will take time. An important issue 
of our system is that it is somewhat user dependent during 
authentication. It depends upon the user’s drawing ability. Thus, 
the system may not be able to verify the objects drawn by the 
user and as a result the actual user may not be authenticated.  
 
The possible attacks on graphical passwords are Brute force 
attack, Dictionary attacks, Guessing, Spy-ware, Shoulder surfing 
and social engineering. Graphical based passwords are less 
vulnerable to all these possible attacks than text based passwords 
and they believe that it is more difficult to break graphical 
passwords using these traditional attack methods. Our System is 
resistant to almost all the possible attacks on graphical 
passwords. The comparison of our system to existing schemes 
and systems in resisting attacks on graphical passwords is shown 
in table 1.  
 
8. Conclusion & Future Work 

The core element of computational trust is identity. Currently 
many authentication methods and techniques are available but 
each with its own advantages and shortcomings. There is a 
growing interest in using pictures as passwords rather than text 
passwords but very little research has been done on graphical 
based passwords so far. In view of the above, we have proposed 
authentication system which is based on graphical password 
schemes. Although our system aims to reduce the problems with 
existing graphical based password schemes but it has also some 
limitations and issues like all the other graphical based password 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 151



 
techniques. To conclude, we need our authentication systems to 
be more secure, reliable and robust as there is always a place for 
improvement. Currently we are working on the System 
Implementation and Evaluation. In future some other important 
things regarding the performance of our system will be 
investigated like User Adoptability and Usability and Security of 
our system. 
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Abstract 
Crucial information barely visible to the human eye is often 
embedded in a series of low-resolution images taken of the same 
scene. Super-resolution enables the extraction of this information 
by reconstructing a single image, at a high resolution than is 
present in any of the individual images. This is particularly useful 
in forensic imaging, where the extraction of minute details in an 
image can help to solve a crime. Super-resolution image 
restoration has been one of the most important research areas in 
recent years which goals to obtain a high resolution (HR) image 
from several low resolutions (LR) blurred, noisy, under sampled 
and displaced images. Relation of the HR image and LR images 
can be modeled by a linear system using a transformation matrix 
and additive noise. However, a unique solution may not be 
available because of the singularity of transformation matrix. To 
overcome this problem, POCS method has been used. However, 
their performance is not good because the effect of noise energy 
has been ignored. In this paper, we propose an adaptive 
regularization approach based on the fact that the regularization 
parameter should be a linear function of noise variance. The 
performance of the proposed approach has been tested on several 
images and the obtained results demonstrate the superiority of 
our approach compared with existing methods.   
Keywords: Super resolution, POCS, regularization. 

1. Introduction 

Super-resolution image reconstruction is useful (sometimes 
essential) to enhance the image resolution in many 
practical cases such as medical imaging, satellite imaging, 
and video applications, where several low resolution 
images of the same content can be obtained. Signal 
processing techniques are often used to obtain HR images 
[1, 10]. In these techniques, the fusion of all kinds of 
information obtained from various LR images is used to 
enhance the resolution. The most successful methods are 

stochastic approaches in spatial domain such as ML 
(Maximum Likelihood), MAP (Maximum A-Posteriori), 
and POCS (Projection onto Convex Sets) [3]. In these 
methods, based on a linear model describing the relation of 
HR and LR images, a cost function is introduced and the 
HR image is estimated. POCS algorithm has been widely 
used because it is simple, can be applied to the occasion 
with any smooth movement, linear variable airspace vague 
and non-uniform additive noise and can easily join in the 
prior information. But POCS algorithm is strict to the 
accuracy of movement estimation. So in order to improve 
the stability of the algorithm, the relaxation operator will 
be used to replace ordinary projector operator, at the same 
time it is not conducive to the resumption of the edge and 
details of images [4].  However, the linear model used in 
these methods is an ill-posed problem in the sense that its 
transformation matrix may be singular and consequently a 
unique solution cannot be achieved [5,11]. In this paper, 
the problem of reconstructing an HR image is solved by 
choosing an adaptive regularization parameter to stabilize 
the inversion of ill-posed problem and to consider the 
effect of the noise. The obtained results show the 
performance of this new approach. 

2. POCS Super-Resolution 

K low resolution (LR) images can be seen as a high 
resolution (HR) after geometric distorting, fuzzy linear 
space, down sample and additional noise. Therefore, the 
imaging process can be written as [4] 
G k   =   D k B k Mk F k+ ξ k                   (1) 
Gk is the observed image, size is   M X M  
D k is down sample matrix, size is   M X L  
M k is geometric distortion matrix, size is LX L  
B k is fuzzy linear space matrix, size is   L X L  
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 F   is the original high-resolution image, size is L X M 
ξ  k  is Gaussian white noise, size is M ×M  
 
Different observed images are obtained from different 
geometric distortion, spatial ambiguity, down sampling and 
additional noise to ideal images. The model above can be 
expressed as follows: 
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3. POCS Algorithm 

The POCS approach to the SR reconstruction problem has 
been proposed in [7]. Let the motion information be 
provided. Then, a data consistency constraint set based on 
the acquisition model (2) can be defined for each pixel 
with each low-resolution (LR) image. The convex sets in 
any LR image are given by: 
 

Where the value at each pixel is constrained such that it’s 
associated residual 
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determined from the statistics of noise, the ideal image 
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Additional constraints such as bounded energy, positivity, 
and limited support may be utilized to improve the results. 
A generally utilized altitude constraint set is 
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4. Regularization Approach 

One of the difficulties in solving Eq. (1) is inverting the 
forward model without amplifying the effect of  noise. In 
addition, the minimizing process should make the solution 
insensitive to noise. Because the  transformation matrix   ( 
H ) is ill-conditioned, the obtained result may not be the 
best one. Thus some forms of regularization must be 
included in the cost function to solve the problem and to 
minimize the effect of the noise. The regularization is 
indeed some sort of constraints imposed on the space of 
possible solutions and is often independent of measured 
data [8]. 

2
( ) ( )J X Y HX p Xλ= − +  

The function p(X) poses a constraint on the unknown X to 
direct it to a stable solution, and the 
coefficientλrepresents the strength of this constraint.  
One of the most common forms for p(X) is Tikhonov 
regularization; p(X ) = ||TX||2 , in which T is a matrix 
determined according to some aspects of the desired image 
such as energy or smoothness. 

4.1 Proposed Algorithm 

In this paper, we take T = I (identity matrix) which is 
minimal energy regularization and leads to a stable and 
unique solution [8]. 

2 2
( )J X Y HX Xλ= − +  

Another important issue is the proper choice of λ. λ 
is regularization parameter that controls a trade-off 
between the fidelity to data (expressed by ||Y-HX||2) and 
the energy of the solution (expressed by || X||2). Larger 
values of λare useful when small number of LR images 
are available or the fidelity of data is low, which is caused 
by registration error and noise. On the other hand, smaller 
values of λ are helpful whenever we have large number 
of LR images and noise is small [1]. As a result, larger 
noise variances lead to larger values of λand vice versa. 
 
Based on above observation, we can conclude that there is 
a linear relation between λ and noise variance as the 

form of cm += 2σλ , where 2σ   is the noise variance, 
m represents the weight of noise energy and c is an offset. 
This is an adaptive regularization model that more 

{ }1 2, ; , 1 2 1 2 0

1 2

( , ) : ( , ) (3)

0 , 1, 1,2,.....,

jx
n n i k i kC x m m r n n

n n N k L

φ= ≤

≤ ≤ − =

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 156



 

 

efficiently minimizes Eq. (11) with respect to the effect of 
the noise.  
It is important to note that although like regularization 
approaches an extra term is included in POCS estimator, 
because we do not have enough data to accurately estimate 
correlation matrix of X, C cannot be a precise estimation. It 
is the reason that our proposed regularization approach 
with adaptive regularization parameter can lead to better 
results. 

5. Simulation Result 

In our simulations LR images have been obtained by 
random displacement with uniform distribution over -10 
and 10 pixels, blurring using linear motion by 5 pixels with 
an angle of 5 degrees, and the decimation with L1 =L2 = 
2 . Moreover, LR images have been corrupted by noise 
(AWGN) with SNR = 20 dB . Fig. 1 shows the original 
test image of Lena and its LR images. 
To quantitatively evaluate the performance of the 
algorithms, we computed the PSNR using the original and 
reconstructed images. PSNR in dB is defined as [5] 

2

2
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X X
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=  
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Where N is the total number of pixels, X is the original image, 

and X̂  is the reconstructed image [9]. 
 
Firstly, in order to select the best linear model, many 
values of weight (m) and offset (c) have been tested. Table 
I shows the results on three well-known test images. The 
best results were achieved using m =10-10 and c = 0. 
 
Secondly, the performance of POCS and the proposed 
algorithm has been evaluated and compared using different 
test images. Table II shows PSNR values for different 
images using POCS, and proposed algorithm with m = 
10-10   and c= 0. 

 
(a) 

 
 

(b)  
Figure 1   (a) original image (twice the real size), (b) four frames 

of LR images used to estimate the high resolution image. 

Table I. Comparison Of Psnr Values For Different Images And Different 
Weights Withc=0 (Psnr In Db) 

(a)                                 (b) 

Figure 2. Column (a) shows the original images and column, Column (b) 
shows the reconstructed images using proposed algorithm for Lena, 

Barbara and  Peppers . 

Table II.  Quantitative Performance Comparison  Of  POCS Algorithms 
Using PSNR    

It can be seen that the proposed algorithm significantly 
improves    the quality of the reconstructed high resolution 
images for all tested images compared with POCS 
algorithm.   
 

4. Conclusions 

This paper deals with achieving a high resolution image 
from several low resolution images of the same content. 
Specifically, we propose an adaptive regularization 
approach  based on our observation that the noise energy 
should affect the regularization process. We have tested 
our approach on a variety of different images with different 
resolutions, and provided superior performance compared 

Tested 
images 

Different values of m 
10-1 10-3 10-5 10-10 10-12 

Lena 8.65 28.22 67.39 72.54 71.54 

Peppers 6.58 25.32 61.76 65.26 64.26 
Barbara 8.10 29.74 66.37 69.20 68.20 

Tested Image Size 
LR 
image 

POC
S 

Proposed 
Algorithm 

lena 128x128 4 54.32 69.80 
Barbara 128X128 4 55.92 69.95 
Peppers 128X128 4 47.58 67.90 
Test 1 30X30 15 63.81 73.04 
Test 2 40X40 15 74.55 80.94 
Test 3 50X50 15 48.33 62.70 
Test 4 100X100 15 69.73 71.52 
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with other existing stochastic methods. The quantitative 
evaluation of the algorithms is based on PSNR which 
allows a good performance assessment. 
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Abstract 
This study uses data mining modeling techniques to examine 
the blood donor classification and extending this to facilitate 
the development of realtime blood donor management using 
dashboards with blood profile and geo-location data. This 
enables decision makers the ability to manage and plan the 
blood donation activities based on key metrics. This capability 
provides the ability to plan effective targeted blood donation 
campaigns. The scoring algorithm implemented for the 
dashboard also helps in the optimized deployment of budget 
resources and budget allocation determination for blood 
donation campaigns.  
Keywords: Dashboards, Blood bank, blood transfusion, 
blood donor,  data mining, classification algorithms, 
Decision support, blood bank information systems 

1. Introduction 

It is essential for healthcare systems to have a constant 
balance of supply and demand for blood products. These 
play a critical role in the saving and the extension of life. 
Dashboards are of critical importance to help achieve 
these objectives. There are two critical aspects of these 
dashboards that will be covered in this paper. Firstly the 
ability to have realtime data that identifies the donor 
profiles based on their patterns of donorship. Secondly 
rolling up the profile to demographic level both summary 
and detail level. In specific the linkage to geo-location 
will be demonstrated. This paper dwells into the effective 
dashboard creation using data mining techniques coupled 
with geo-locational linkage. The    objective of this 
research is to effectively translate data mining derived 
models to enable decision making with the help of 
dashboards.  

 
This paper is organized as follows. Section two deals 
with the introduction to blood donorship and relevant 
peer research in the context of this paper. Section three 
describes details with reference to the dataset and 
analysis. The conclusion is given in the final section. 

2. Blood Donorship 

Major headings are to be column centered in a bold font 
without underline. A donation is when a donor gives 
blood for storage at a blood bank for transfusion to an 
unknown recipient. These can occur at a number of 
locations including blood donation centers,mobile camps, 
mobile vans,etc. There a number of types of blood 
donations such as voluntary blood donation programme. 
This is the foundation for safe and quality blood 
transfusion service as the blood collection from voluntary 
non-remunerated blood donors is considered to be the 
safest. In order to augment voluntary blood donation in 
developing countries like India[1] is based on well 
defined frameworks and operational guide for 
organizations for this important activity. International 
healthcare research bodies have extensive frameworks 
that address context of blood management[2]. In 
developed countries there are dedicated organizations 
that have effective blood donor management processes. 
One such example is the U.S. department of defense 
(DOD) , which uses an enterprise blood Management 
software that will manage the blood supply chain 
including donor management, blood collections, testing, 
distribution and transfusion. Additionally this also 
provides a proactive delivery of information and services 
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through a web portal[3]. 

2.1 Relevant Peer Research 

Santhanam et al[4][5] extended the nominal definition 
based on a standard dataset to derive a CART[6] based 
decision tree model based on standard donorship. This 
analysis helped identify the attributes that classify a 
regular voluntary donor (RVD) in the context of a 
standard dataset. This provided  an extended RVD 
definition based on the donor definition (along with the 
application of CART) provides a standard model to 
determine the donor behavior and provides the capability 
to build a classification model. This additional nominal 
class can be easily computed based on the statistical 
definitions and help assist in  decision making. 
 

Chau et al[7]  have extensively  analyzed the linkages 
related to the blood donation to the location of the blood 
donation centers.This research was carried out using 
donor's past donation profiles  to help setup a new blood 
donation center for the Hong Kong Red Cross.Their 
findings provide correlations between spatial distance 
and the incentive for the blood donors which is the 
uniqueness of this research. This specifically helps in the 
effective setup of centers with maximal donorship 
potential. 

Saberton et al[8]  have extensively  analyzed the linkages 
related to the blood donation to the location of the blood 
donation centers.Their findings provide correlations 
between spatial distance and the incentive for the blood 
donors. This specifically helps in the effective setup of 
centers with maximal donorship potential. 

Bing et al[9] have extensively analyzed the working and 
implementation of blood bank information systems. Their 
research provides an extensive background of blood bank 
information systems. The research also talks about the 
importance of the decision making capability that is 
required for effectively running the operations in blood 
banks. The research also identifies various critical areas 
that are required for the systems to also have in order to 
enable decision making. 

3. Analysis 

3.1 About the Dataset 

The blood transfusion dataset (taken from the UCI ML 
repository)[10] is based on donor database of Blood 

Transfusion Service Center in Hsin-Chu City in Taiwan. 
The center passes their blood transfusion service bus to 
one university in Hsin-Chu City to gather blood donated 
about every three months. This dataset is derived from  I-
Cheng Yeh[11]. 
 
The data set consists of 748 donors at random from the 
donor database. These 748 donor data, each one included 
R (Recency - months since last donation), F (Frequency - 
total number of donation), M (Monetary - total blood 
donated in c.c.), T (Time - months since first donation), 
and a binary variable representing whether he/she 
donated blood in March 2007 (1 stand for donating 
blood; 0 stands for not donating blood).  There is an 
imbalance in  that the people who have donated blood in 
2007 accounts for only 24%  in the dataset.  
 
This dataset has been extended to accommodate the 
following attributes. RVD a boolean attribute that is 
computed based on the original attributes along with 
definitions[1]. Additionally a geo-location information 
was added in the syntax of latitude:longitude. This was 
randomly assigned to locations in India for analysis. 
Please note the data used is to be considered only for 
demonstrative purposes.  

3.2 Analysis 

The past research of [5] resulted in creating an extended 
RVD definition based on the donor definition (along with 
the application of CART) provides a standard model to 
determine the donor behavior and provides the capability 
to build a classification model. The ability to easily 
compute this based on statistical and definition data 
provided by frameworks[1]. additional nominal class can 
be easily computed based on the definition. The results of 
the decision tree help refractor the definitions of the 
RVD with the following offsets. These have had been 
defined using suggestive definitions[5]. The dataset is 
now corrected to these offsets and used for this analysis. 
 
IF ( (Frequency > 18.5 ( times)  AND  
Recency < 8.5 (months)  ) 
 RVD = TRUE 
ELSE 
 RVD = FALSE 
 
This results in a finer refinement to the RVD model. The 
RVD confusion matrix(using the tool weka[12]) post this 
is provided in the following table.
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Table 1:  Revised RVD confusion matrix  

 
TP 

Rate 
FP 

Rate 
Precision Recall 

F-
Measure 

ROC 
Area 

Class 0   
(not 

RVD) 
0.92 0 1 0.92 0.96 0.96 

Class 1 
(RVD) 

1 0.08 1 1 1 0.96 

Weighte
d Avg. 

1 0.08 1 1 1 0.96 

Table 2:  Previous RVD confusion matrix  

 
TP 

Rate 
FP 

Rate 
Precision Recall F-

Measure 
ROC 
Area 

Class 0 
(not 

RVD) 

1 0.06 0.99 0.92 0.99 0.97 

Class 1 
(RVD) 

1 0.08 1 1 1 0.96 

Weighte
d 

Average 

1 0.08 1 1 1 0.96 

 

The comparison between the RVD before the offset and 
with it indicate an overall stability to the model with delta 
change to a better true positive rate for a non RVD and 
also small increase in the FP rate the non RVD.The 
inclusion of geospatial location along with the donor data 
provides critical indicative identification of the RVD. 
This allows the capability to search by geo-locational 
attributes which enables targeted blood donation program 
management including aspects related to logistics and 
infrastructure linkages. Additional linking to census  and 

demographic information[8] allows the effective 
determination of blood donor profiles with capabilities to 
drill-down to the appropriate levels. 
 
Please note the this analysis has been developed using 
random geo-locational values (dummy values) which 
have helped to provide a meaningful endpoint of this 
analysis.
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Fig. 1  RVD Geo-locational profiles. 

 

 
This is further analyzed by a perspective at the overall 
dashboard across the the indicators and ranking the  
locations by scores. The algorithm for the dashboard is 
indicated as follows. Figure 2 provides the 
implementation of this algorithm. 
 
Geo-location RVD Scoring Algorithm  
Step 1: Loop through each unique location L 
(latitude,longitude) based on geographic division (such 
as state, district and city). 
Step 2: For each location L compute the average 
frequency,average recency and total RVD count.  
Step 3: Calculation of Location level summary scores for 

the recency,frequency and RVD across the locations. 
The RecencyScore (location) is computed as the Rank in 
descending. 
The FrequencyScore (location) is computed as the Rank 
in ascending. 
The RVDScore (location) is computed as the Rank in 
ascending. 
Step 4: Plot the this score in the chart with scores on the  
X – Axis and locations on the Y-axis.

 
 

 

 

 

 

 

 

 

 

 

Fig. 2  Location-wise indicator patterns. 

 

The results in comparison with the earlier model [5] 
reveal an improvement in the true positive rate for RVD 
class along with a delta increase in the false positive rate. 

4. Conclusions 

The dashboard indicated in figure 2 provide a quick and 
relevant score of the the geographic locations based on 
the RVD profile key indicators. The geo-location RVD 
scoring algorithm can be modified to rollup to additional 
attributes as well as handle the requisite geographic 
division strategy. This capability enables this to be linked 
effectively to the  census tracts as well as health profile 
systems that enable drill-down to finite levels of 
information for effective blood donor management. This 

paper provides a complimentary capability to the recent 
research[7][8][9]. The application of this across a larger 
dataset and linkage to both demographic and census 
tracts will enable the ability to identify meaningful 
patterns of blood donorship that will assist in the better 
management. 
 

This provide critical decision makers the ability to make 
planned decisions. This demonstrates a viable  
mechanism to manage blood donorship.  In specific this 
helps address the optimized deployment of  budget 
resources related to blood donations drives. This also 
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assists policy makers plan the required budget allocation 
for overall blood donation related activities in a 
addressing targeted goals. Such techniques assist in the 
decision support for healthcare organizations. 

Future work will be focused on further enhancing these 
models to allow integration with blood donor 
management systems including innovative ways of 
visualization. The current implementation of the RVD 
model can also be implemented with other relevant 
attributes. Similar strategies can also be adopted for other 
healthcare domains. 
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Abstract: A Comparison of Performance in terms of Energy conservation in Wireless Sensor Networks using different 
Flooding mechanism has been analyzed. The following flooding mechanisms analyzed are Classical Flooding, 
Location Aided Flooding, Adaptive Location Aided Flooding; Diagonal arc based Location Aided Flooding, Diagonal 
arc based Location Aided Flooding with reliability is considered for the study. The various mechanisms save energy 
when compared to conventional flooding schemes. 
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1. Introduction:  
 
Sensor networks are composed of a large number of 
sensor nodes that are densely deployed either inside 
the phenomenon or very close to it [1]. The position of 
sensor nodes need not be engineered or predetermined. 
This allows random deployment in inaccessible 
terrains or disaster relief operations. On the other 
hand, this also means that sensor network protocols 
and algorithms must possess self-organizing 
capabilities [2]. Another unique feature of sensor 
networks is the cooperative effort of sensor nodes [1]. 
Sensor nodes are fitted with an onboard processor. 
Instead of sending the raw data to the nodes 
responsible for the fusion, they use their processing 
abilities to locally carry out simple computations and 
transmit only the required and partially processed data. 
 
Conventional protocols use classical flooding [] for 
disseminating data in a sensor network. Flooding [11] 
is also used as a preprocessing step in many routing 
protocols in networks for disseminating route 
discovery requests. Information dissemination 
protocols are used in networks for distributing the link 
state information. Routers in the Internet periodically 
use flooding to update link state information at other 
nodes. 
 
Despite many of its uses, flooding suffers from 
disadvantages such as the broadcast storm problem 
[12]. There are situations when duplicated messages 
are sent to the same node and also if two nodes share 
the same observing region, neighbor nodes receive 
duplicated messages. The flooding protocol does not 
take into account of the available energy resources.  
 

 
Sensor nodes are typically characterized by small 
form-factor, limited battery power, and a small amount 
of memory. So there is a need for an energy-efficient 
flooding mechanism for information dissemination in 
distributed sensor networks.  
 
2. Adaptive location aided flooding (ALAF) 

To overcome the above issues, the concept of 
integrating non-uniform virtual grids into location 
aided flooding to form Adaptive Location Aided 
Flooding (ALAF) is proposed. In ALAF [3], the grids 
with dense deployment are further sub-divided into 
smaller grids thereby non-uniform grids of dissimilar 
grid sizes are present in the sensor network. The node 
list is frequently stripped off avoiding excessive 
increase in its size, which in turn conserves 
appreciable amount of energy on location aided 
flooding for information transfer to neighbor nodes or 
to the sink. The description of ALAF structural 
formation, functional design, its operation and energy 
conservation principals are presented in this chapter.  
 
                   
 
 
 
 
 
   
 
            Fig. 1   Block Diagram of ALAF                                
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In ALAF, the LAF[2] mode with densely populated 
sensor nodes are converted into non-uniform virtual 
grids for location aided flooding as shown in Fig 1. 
The virtual grid formation varies as and when the node 
density increases in the specific location. If the 
number of nodes in a grid exceeds a certain threshold, 
then the grid is further split into grids of smaller 
dimensions. Each node associates itself with a virtual 
grid and is classified as either gateway node or internal 
node. 
 
 
 
 
 
 
 
 
 
 
 
 
\ 
Fig. 2   Non Uniform Grid Formation in ALAF 
 
A source node starting the ALAF broadcasts the 
packet to all its neighbors. The receiving node does 
further broadcasts. When a gateway node receives a 
packet from within its virtual grid, it checks to see if 
any of its neighbors within the same virtual grid have 
not yet received the packet. This is done by comparing 
the node list of the packet with the neighbor list of the 
node. If such nodes exist, then the gateway node 
appends the ids of those nodes to the node list of the 
packet and forwards it to the neighbor nodes that still 
have not received the message. When a gateway node 
receives a packet from another gateway node, it strips 
the packet of its node list and adds its own id and all 
its neighbors’ ids and forwards the packet to all its 
neighbors. Thus, the packet becomes shorter as it 
moves across the virtual grids and increases in size as 
it moves within a virtual grid. When an internal node 
receives a packet, it modifies the node list of the 
packet. It includes the ids of all its neighbors in the 
node list and forwards it to its neighbors if they have 
not already received a message.  
 
The algorithm for grid formation and node 
classification is given below: 

1. Divide the sensor field into grids 
based on topography and grid size. 
2. For each node, 

• Based on its location in one of the 
grids formed, set the grid id and maintain the 
node count in each   grid. 
• If the node count of the grid exceeds 
threshold value,  
• Get the dimensions of the grid and the new 
grid size. 
• Split the grid based on the input parameters. 
• Maintain the count of number of grids formed. 

• Set new grid id for the node based on its 
location in one of the new grids formed. 
• Identify the neighbors and store in 
the neighbor list. 

• Classify the node 
• If all of its neighbors belong to the same grid 

as that of the node, then set its node type as 
internal. 

• If any of its neighbors belong to a different 
grid than that of the   node, then set its node 
type as gateway. 

 
3.1. DATA DISSEMINATION: 
A source node start broadcasts the packet to all its 
neighbors. The receiving node does further broadcasts 
in one of the following ways: 
When a gateway node receives a packet from within 
its virtual grid, it checks to see if any of its neighbors 
within the same virtual grid have not yet received the 
packet. This is done by comparing the node list of the 
packet with the neighbor list of the node. If such nodes 
exist, then the gateway node appends the ids of those 
nodes to the node list of the packet and forwards it to 
the neighbor nodes that still have not received the 
message.  

 
 
When a gateway node receives a packet from another 
gateway node, it strips the packet of its node list and 
adds its own id and all its neighbors’ ids and forwards 
the packet to all its neighbors. Thus, the packet 
becomes shorter as it moves across the virtual grids 
and increases in size as it moves within a virtual grid. 
When an internal node receives a packet, it modifies 
the node list of the packet. It includes the ids of all its 
neighbors in the node list and forwards it to its 
neighbors.  
 
 
 
 

                 Fig 3. Data Dissemination in ALAF  
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The proposed algorithm for data dissemination is 
given below: 

1. The source node creates a packet 
with its id, sequence number, node list, grid 
id, node type, node list length. The node list 
contains its id and the ids of all its neighbors.   
2. The source node broadcasts the 
packet to its neighbors. 
3. The receiving node checks to see 
whether the packet’s sequence number is 
already in its received list of sequence 
numbers.   

a. If so, it drops the packet. 
b. Else, it stores the sequence 
number of the packet it receives and 
sets its id, grid id, node type in the 
packet. 

i.If it is an internal node, it compares 
its neighbor list with the node list in 
the packet. 

1. If there are nodes in the neighbor list 
not present in the node list, it adds those 
nodes to the node list and broadcasts the 
packet to its neighbors. 
2. Else, it drops the packet. 

ii.If it is a gateway node, it checks the node 
type in the received packet. 

1. If it has received from an internal 
node, it compares its neighbor list with 
the node list in the packet. 

a. If there are nodes in the 
neighbor list not present in the node 
list, it adds those nodes to the node 
list and broadcasts the packet to its 
neighbors. 

b. Else, it drops the packet. 
2. If it has received from a gateway 
node, it checks the grid id in the received 
packet. 

a. If it has received from a 
node in the same grid, it compares 
its neighbor list with the node list in 
the packet. 

i.If there are nodes in the neighbor list 
not present in the node list, it adds 
those nodes to the node list and 
broadcasts the packet to its 
neighbors. 

ii.Else, it drops the packet. 
b. If it has received from a 
node in a different grid, it strips off 
the node list, adds all its neighbors 
to the node list and broadcasts the 
packet. 

 
    This method uses the concept of  non-uniform 
virtual grids to partition the sensor nodes into groups 
of gateway nodes and internal nodes. It exploits the 
location information available to sensor nodes to 
prolong the lifetime of sensor network by reducing the 
redundant transmissions that are inherent in flooding.  

 

 

 

 

 

 

 

 

 

Fig 4. Propagation Time vs  energy consumption in 
ALAF with other flooding techniques   

A Graph was plotted for the propagation time versus 
energy consumed . the above results states the energy 
consumed by ALAF was minimum than the other 
flooding schemes. However the non uniform grids 
some time causes non association of sensor nodes to 
any of the virtual grids, which in turn cause the lack of 
information transfer of those sensor nodes. The non 
uniform grids formed in the network created more 
virtual sub spaces, whose area cannot be monitored. 
The unmonitored subspace causes loss in share of 
information and increased energy consumption of the 
overall sensor network. These problems are addressed 
in the work  Diagonal-arc based ALAF (DALAF) 
model, which takes into account of available energy 
resources. The need for an energy-efficient flooding 
mechanism for information dissemination in 
distributed sensor networks is realized with DALAF. 

ALAF[] must make very conservative connectivity 
assumptions because it guesses at connectivity[] 
(based on a radio model) instead of directly measuring 
it. Being conservative requires more nodes to stay 
active than necessary, leading to less energy 
conservation. Therefore, a need of Flooding 
mechanism for energy conservation without relying on 
location information arises This motivates Diagonal 
based Energy Conservation (DALAF), which, unlike 
ALAF, does not rely on location information. Further, 
DALAF itself directly and adaptively measures 
network connectivity and thus can find network 
redundancy more accurately so that more energy can 
be conserved by nullifying subspace and initiate 
switch off the redundant node radio signal to reduce 
redundant transmissions, thereby saving energy.  
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4. Diagonal Arc based Adaptive Location Aided 
Flooding 
 
This paper has been motivated to develop a Diagonal 
based Energy Conservation flooding (DALAF) 
mechanism for energy conservation.  DALAF 
identifies network redundancy and measures network 
mobility more accurately so that more energy can be 
conserved by nullifying subspace and initiate switch 
off the redundant node radio signal. The  steps 
involved in DALAF algorithm is as  discussed below. 
 
4.1 Determining Network Redundancy  
 
DALAF organizes nodes into overlapping clusters that 
are interconnected to each other as shown in Figure 2. 
A cluster is defined as a subset of nodes that are 
mutually “reachable” in at most 2 hops. A cluster can 
be viewed as a circle around the cluster-head with the 
radius equal to the radio transmission range of the 
cluster-head. Each cluster is identified by one cluster-
head, a node that can reach all nodes in the cluster in 1 
hop. A gateway is a node that is a member of more 
than one cluster. The gateway nodes connect all 
clusters together to ensure overall network 
connectivity. A node is ordinary if it is neither a 
cluster head nor a gateway node and is thus redundant. 
 
 
 
 
 

 
 
 
  
 
 
 

 
 

Figure 5: Example of DALAF cluster formation.  
 
 
4.2 Distributed Cluster Formation 
 
In order to elect cluster-heads and gateway nodes, 
each node periodically broadcasts a discovery message 
that contains its node ID, its cluster ID, and its 
estimated lifetime. The circle around the cluster-head 
indicates the radio transmission range. A node’s 
estimated lifetime can be conservatively set by 
assuming the node will constantly consume energy at 
a maximum rate until it runs out of energy. While 
forming clusters, DALAF first elects cluster heads, 
then elects gateways to connect clusters 
 
 

 
 
4.3 Cluster -head Selection  
 
A node selects itself as a cluster-head if it has the 
longest lifetime of all its neighbor nodes, breaking ties 
by node ID. Each node can independently make this 
decision based on exchanged discovery messages. 
Each node sets its cluster ID to be the node ID of its 
cluster-head. 
 
4.4 Gateway Node Selection  
 
Among the gateway nodes, those nodes that can hear 
multiple cluster-heads are primary gateway nodes and 
those that can hear a combination of cluster heads and 
primary gateway nodes are secondary gateway nodes. 
When multiple gateway nodes exist between two 
adjacent clusters, DALAF suppresses some of them in 
order to conserve energy since these gateway nodes 
are redundant. Gateway selection is determined by 
several rules. First, primary gateway nodes have 
higher priority than secondary gateway nodes since at 
least two secondary gateway nodes, instead of just one 
primary gateway node, are needed to connect adjacent 
clusters. Second, gateway nodes with more cluster-
head neighbors have higher priority, since this will 
require fewer nodes to be kept awake. Third, gateway 
nodes with longer lifetimes have higher priority in 
order to balance node energy. Note that the gateway 
selection algorithm does not guarantee that only one or 
one pair of gateway nodes exists between adjacent 
clusters. In order to support gateway selection, 
DALAF extends the basic discovery message to 
include the IDs of the clusters that a gateway node can 
connect. 
 
Figure 5 shows an example of DALAF cluster 
formation in which all nodes have the same estimated 
network operational lifetime. Nodes 1 and 10 can 
directly decide they are the cluster-heads because they 
have the lowest ID of all of their neighbors. Node 7 
becomes a cluster-head after nodes 2 and 3 choose 
node 1 as their cluster-head. Nodes 2 and 3 are 
primary gateway nodes because they are neighbors of 
two cluster-heads: nodes 1 and 7. Note that one of 
nodes 2 and 3 is redundant. Nodes 9 and 11 are 
secondary gateway nodes between clusters 7 and 10. 
 
4.5 Adapting to Network Mobility 
With only a subset of the nodes active, it is possible 
that network mobility could cause a loss of 
connectivity. If a cluster-head moves then it might no 
longer be able to serve as a cluster-head. DALAF uses 
mobility prediction in order to maintain network 
connectivity. 
 
By estimating how soon a cluster-head will leave its 
current cluster and inform all nodes in the cluster of 
that time, the clustered nodes can power themselves on 
before the cluster-head leaves its cluster. This time is 
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estimated as R/s where s is the cluster-head’s current 
speed and R is its radio transmission range. 
 
Suppose if the R/s estimate is too large, the 
connectivity between the moving cluster-head and 
some nodes might be lost before this time. However, if 
this estimate is too small, DALAF will not be able to 
conserve any energy. In our DALAF implementation, 
we set the estimate as R/4s to balance energy 
conservation and connectivity. We extend the basic 
discovery message to include the predicted cluster-
leaving time. All nodes in a cluster should wake up to 
reconfigure clusters before the shorter of Ts and the 
cluster-leaving time of its current cluster-head. The 
cluster-leaving time estimate is used analogously in 
the gateway node selection process. 
 
ALAF uses a similar method for dealing with mobility 
but it anticipates hand-offs by using location 
information, whereas DALAF uses only local 
measurements. With such global information, ALAF 
may have more accurate mobility predications, but 
DALAF is more practical and localized in nature. 
DALAF algorithm used to achieve energy 
conservation has been summarized as follows: 
 
 
DALAF: ALGORITHM 
 
Step 1: Divide the sensor field into cone shaped grids 
based on topography and  
            grid size. 
Step 2: For each node, 
a. Based on its location in one of the 
grids formed, set the grid id and maintain the node 
count in each grid. 
b. If the node count of the grid exceeds 
threshold value,  

i. Get the dimensions of 
the grid and the new grid size. 

ii. Split the grid based on 
the input parameters. 

iii. Maintain the count of 
number of grids formed. 
c. Set new grid id for the node 
based on its location in one of the new grids formed. 
d. Identify the neighbors and store in 
the neighbor list. 
e. Classify the node 

i. If all of its neighbors 
belong to the same grid as that of the node, then set its 
node type as internal. 

ii. If any of its neighbors 
belong to a different grid than that of the  
   node, then set its node type as gateway. 

 
Step 3: The source node creates a packet with its 
id, sequence number, node list, grid id, node type, 
node list length. The node list contains its id and 
the ids of all its neighbors.   
Step 4: The source node broadcasts the packet to 
its neighbors. 

Step 5: The receiving node checks to see whether 
the packet’s sequence number is already in its 
received list of sequence numbers.   

c. If so, it drops the packet. 
d. Else, it stores the sequence number 
of the packet it receives and sets its id, grid id, node 
type in the packet 
 
 

  
  

CF  
in 

(mj) 

LAF 
in 

(mj) 

ALAF 
in(mj) 

DALAF 
in( mj) 

DALAF 
Single 
Path  

DALAF 
Multi  
Path 

2 0.068 0.423 0.282 0.221 0.221 0.156 
4 1.608 0.915 0.66 0.486 0.486 0.296 
6 1.849 1.402 1.07 0.822 0.822 0.524 
8 1.874 1.795 1.129 1.093 1.093 0.636 

10 1.996 1.834 1.131 1.146 1.146 0.951 
12 2.486 2.455 1.706 1.626 1.626 1.263 
14 2.498 2.475 1.971 1.79 1.79 1.334 
16 4.013 3.826 2.542 2.034 2.034 1.517 
18 4.106 3.836 3.144 2.765 2.765 1.639 
20 4.11 3.876 3.714 3.602 3.602 1.944 
22 4.204 3.878 3.801 3.771 3.771 2.249 
24 4.235 4.05 3.802 3.792 3.792 2.553 
26 4.241 4.05 4.01 3.986 3.989 2.98 
28 4.365 4.14 4.012 4.007 4.007 3.468 
30 4.572 4.404 4.028 4.015 4.015 3.773 

 
 

   
 

                                         
 
 
 
 
 
 
 
 
                        Figure 6. Propogation Time Vs. Energy 
Consumption 
 
DALAF algorithm which has been reported above has 
been tested and the evaluation of its performance has 
been reported in the subsequent section. 
 
5. Results and Findings 
 
We have developed a simulation environment in NS2 
to evaluate the performance of DALAF and compared 
it with ALAF algorithm for energy conservation. It 
was found that DALAF protocol achieves higher with 
reliable energy savings when compared with classical 
flooding, LAF and ALAF. We also found that the 
nodes with a higher degree (i.e., nodes with more one-
hop neighbors) disseminate more data per unit energy 
in both LAF and modified flooding compared to 
classical flooding. Thus, dense sensor networks are 
likely to benefit more from using the DALAF protocol 
for data   dissemination in terms of energy savings.  
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6. Conclusion and Future Directions 
 
Performance analysis in terms of energy consumption 
is taken and compared for the Classical flooding (CF), 
Location aided flooding(LAF),Adaptive location aided 
flooding(ALAF) and Diagonal Arc based Adaptive 
Location Aided Flooding with reliability,(DALAF) is 
presented . This mechanism DALAF is capable of 
measuring reliable network mobility and network 
redundancy more accurately so that more energy can 
be conserved by nullifying subspace and initiate 
switch off the redundant node radio signal. 
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Abstract 

Biometric scheme are being widely employed because 
their security merits over the earlier authentication system 
based on records that can be easily lost, guessed or forged. 
High scale employments and the related template storage 
have increased the requirement to guard the biometric data 
stored in the system. Theft of biometric information is a 
negotiation of the user’s privacy. In Addition, the stolen 
biometric information can be used to access other 
biometric systems that have the similar feature provided 
for the user. Several alternative functions have been 
identified in literature for creating revocable or non-
invertible biometric templates. Although, their security 
examination either disregards the distribution of biometric 
features or uses inefficient feature matching. This generally 
shows the way to unrealistic approximation of security. In 
this paper a novel approach for the Non-Invertible 
biometric system is proposed to secure the biometric 
template. Security of a feature transformation method can 
be assessed according to the two main factors: i) non-
invertibility, and ii) diversity. Non-invertibility represents 
the complexity in obtaining the original biometric when the 
secure template is provided and diversity represents the 
complexity in guessing one secure template when a 
different secure template created from the identical 
biometric is provided. The proposed Non-invertible Gabor 
transform possess both the non invertible and diversity 
features which enhances the security of the system to a 
large extent. The proposed approach is very much resistant 
to minor translation error and rotation distortion. The 
experimental result shows the better performance of the 
proposed technique compared to the existing system. 
Keywords: Non-Invertible Gabor Transform, Minutiae, 
Minucode  
 
1. Introduction 
consistent identity management technique is widely 
required in order to contest the increased growth in identity 

theft and to satisfy the increased security needs in a many 
applications ranging from international border crossings to 
securing data in databases. Finding the uniqueness of a 
person is an important process in any identity managing 
system. Proxy representations of uniqueness like 
passwords and ID cards are not adequate for trustworthy 
identity determination since they can be effortlessly 
misplaced, shared or stolen. Biometric recognition [11, 12] 
is the science of establishing the identity of an individual 
with the help of the anatomical and behavioral features. 
Commonly used biometric features are fingerprint, face, 
iris, hand geometry, voice, palmprint, handwritten 
signatures and gait. Biometric features [8] have a number 
of attractive properties with respect to their use as an 
authentication token [16], viz., reliability, convenience, 
universality etc. These features have lead to the wide usage 
of biometric authentication technique. But there are still 
some subjects regarding the security of biometric 
recognition systems that required to be addressed for 
ensuring the integrity and public acceptance of these 
systems. 
There are five main elements in a general biometric 
authentication system such as sensor, feature extractor, 
template database, matcher and decision module. Sensor is 
the interface between the user and the authentication 
system and it is used to scan the biometric feature of the 
individual. Feature extraction phase processes the scanned 
biometric trait to dig out the significant data (feature set) 
that is helpful in differentiation of various users. 
Sometimes the feature extractor is performed after the 
quality assessment phase that judges whether the scanned 
biometric trait is of adequate quality for future processing. 
When the enrollment phase is performed, the extracted 
feature set is stored in a database as a template (XT) [6] 
along with the user’s individuality data. As the template 
database can be physically distributed and enclose millions 
of records, preserving its security is not a minor work. The 
matcher module is generally an executable program that 
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accepts two biometric feature sets XT and XQ (from 
template and query, respectively) as inputs and outputs a 
match score (S) which represents the matching between the 
two sets. At last, the decision phase suggests the identity 
conclusion and reply to the query. 
Because of the fast growth in sensing and computing 
techniques, biometric systems have evolved to be 
reasonable and are effortlessly embedded in a various 
consumer devices and making this technology weaker for 
the malicious designs of terrorists and thefts. To avoid any 
possible security breaks, vulnerabilities of the biometric 
system must be found and addressed thoroughly. Several 
studies have analyzed possible security violations in a 
biometric system and existing techniques to handle those 
violations. Recognized techniques of vulnerability analysis 
like attack trees have also been helpful in examining how 
biometric system security can be compromised. 
This paper provides better solution to this problem. In this 
paper, initially the features are extracted from the 
fingerprint. Then the secure template is obtained from 
these features with the help of non-invertible transform 
called Non-Invertible Gabor Transform [9, 10]. Finally the 
anonymous matching is performed to identify the 
authenticated user. 

2. Related Work 

An Efficient Approach for Non-Invertible Cryptographic 
Key Generation from Cancelable Fingerprint Biometrics is 
proposed by Lalithamani et al., [1]. The main drawback of 
the conventional cryptographic algorithms is the 
preservation of their key's secrecy. Incorporating the users’ 
biometric features in the generation of strong and 
repeatable cryptographic keys has gained huge popularity 
among researchers. The randomness of the user's biometric 
features, incorporated into the generated cryptographic 
key, makes the key in order that it cannot be cracked by the 
attacker lacking noteworthy information of the user's 
biometrics. However, if a person's biometric is once 
missed, it will be helpful for the attackers everlastingly as 
it is naturally belong to the user. To deal with this problem, 
cancelable biometrics can be used as an effective answer 
for canceling and re-issuing biometric templates. Here, this 
paper presents an innovative and efficient technique to 
create a non-invertible cryptographic key from cancelable 
fingerprint templates. In the beginning, a one-way 
transformation is applied on the minutiae points obtained 
from the fingerprints to accomplish a set of transformed 
points. Consequently the transformed points are made use 
of to produce cancelable templates [14, 15]. The 
cancelable fingerprint templates [7] are then used to create 
a unique non-invertible key.  

Chulhan et al., [2] presents an Alignment-Free Cancelable 
Fingerprint Templates based on Local Minutiae 
Information. For every minutia, a rotation and translation 
invariant value is calculated from the orientation data of 
neighboring local regions around the minutia [13]. The 
invariant value is utilized as the input to two changing 
functions that output two values for the translational and 
rotational movements of the original minutia 
correspondingly, in the cancelable template. If a template 
is compromised, it is modified by a new template 
generated by various changing functions. The presented 
technique conserves the original geometric relationships 
among the enrolled and query templates after their 
transformation. As a result the transformed templates can 
be used to identify a person without requiring alignment of 
the input fingerprint images.  
Takahashi et al., [3] put forth a new technique for creating 
cancelable fingerprint templates with verifiable security 
based on the well-known chip matching algorithm for 
fingerprint verification and correlation-invariant random 
filtering for transforming templates. Ratha et al., [4] 
demonstrate different techniques to create multiple 
cancelable identifiers from fingerprint images. A client is 
given as much biometric identifiers as required by issuing 
a new transformation key. The identifiers can be cancelled 
and replaced when cracked by attackers. The performance 
of various techniques like Cartesian, polar, and surface 
folding transformations of the minutiae positions are 
compared.  
Huijuan et al., [5] proposed a non-invertible transform 
approach to perpendicularly project the distances between 
a pair of minutiae to a circle to create the features. To 
attain better result, other local features like relative angles 
between the minutiae pair, and global features like 
orientation, ridge frequency and total number of minutiae 
of the randomly sampled blocks around each minutia are 
also used. The cancelable templates are eventually created 
by the proposed ldquobin-based quantization (BQ)rdquo. 
Both feature extraction and cancelable template generation 
are administrated by a secret key to assure revocability and 
security.  
 
3. Methodology 
This section provides the detailed description of the 
proposed technique based on the system model shown in 
Figure1. The proposed Biomapping technique consists of 
three fundamental procedures: fingerprint feature 
extraction, noninvertible transform and anonymous 
matching. 
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Fig. 1System model for privacy-preserving Biometric Recognition 

 
 
3.1 Fingerprint feature extraction algorithm 
The majority of the existing techniques are based on 
reference core points of a fingerprint, but, exact evaluation 
continues to be a complex difficulty and mistakes in the 
reference core points may led to false reject. To overcome 
this problem, a minutiae-centered region encoding, 
MinuCode is used to neglect the reference core point 
determination and handle with the noise of fingerprint 
biometrics. The location and orientation attributes of a 
minutia are used together and these attributes are 
considered as a 3-tuple (x, y, θ). 
 
Initially, a circular region R is built around every minutia 
with the similar radius. For every region, the center 
minutia is taken as the core minutia, and the other minutiae 
as the neighbor minutiae. Then every neighbor minutia will 
be transformed into the polar coordinate scheme in 
accordance with the respective core minutia, and is 
mentioned as a new 3-tuple (ρ, α, β), where ρ and α 
represents the radial distance and radial angle respectively, 
and β indicates the orientation of the neighbor minutia in 
accordance with the core minutia, α, β∈ [1,360]. An 
example is provided in Figure 2 (a). 
 

 Fig. 2  Illustration for minutiae-centered region encoding, MinuCode 

 

Next, a tessellation quantification is performed on every 
one of the neighbor minutiae by tessellate the region of 
interest middle at the core minutia. After that the 3-tuple 
(ρ, α, β) in the polar coordinate will be quantified into a 
rougher 3-tuple T (b, a, o). 

 

(1) 

Where ⎣/⎦ is an operator to compute the quotient. 
In the above equation, the parameter db represents the 
bandwidth of the region tessellation, da represents the 
distortion tolerable difference of radial angle, and do 
represents the distortion tolerable difference of the 
orientation of the neighbor minutia in accordance with the 
core minutia. Figure 2(b) illustrates an example of 
tessellation quantification in a fingerprint. The ith neighbor 
minutia in accordance with the core minutia in the special 
region is therefore indicated as the 3-tuple Ti=(bi, ai, oi). 
If there are m neighbor minutiae in a region R, then, R can 
be indicated as a set of T: 
 

 
(2) 

 
where the set M is called MinuCode. 
Then, if there are N minutiae in a fingerprint, the original 
fingerprint template can be a gathering of MinuCodes 
{M1, M2,…, MN}. This gathering is the outcome of the 
feature extraction process. 
3.2 Non-Invertible Transform Algorithms 
This approach integrates the feature extraction and the 
noninvertible transform. This approach uses the Non-
invertible Gabor transform. 
3.3 Non-Invertible Construction using Non-Invertible 
Gabor Transform 
 
The feature extraction points of the fingerprint obtained 
are used for the Non-Invertible construction of the Gabor 
transform. 
The MinuCodes {M1, M2… MN} obtained are supplied to 
the non invertible Gabor transform in which the translation 
and modulation operations are performed initially. 
The primary building blocks of the Gabor representation 
are the so-called Gabor systems. To describe a Gabor 
system, let a > 0 and b > 0 be such that ab = q/p with p and 
q relatively prime, and let Tak and Mbl, for k, l ∈ , be the 
translation and modulation operators represented by 
 

 (3) 

 (4) 
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For , the Gabor system  is a collection 
of . The composition 

 (5) 
Which is a unitary operator, is called a time-frequency 
shift operator. Several technical details in time-frequency 
analysis are connected to the commutation law of the 
translation and modulation operators, namely 
 

 (6) 
 
When p = 1, the time-frequency shift operators commute, 
i.e. MblTak = TakMbl, since e2πiabkl = 1 for all K, l ∈ . One 
outcome of the commutation rule that is used in the 
exposition is the relation 

 (7) 

When p = 1 this becomes  
 

 (8) 
For s ∈ L2( ), the collection is a Riesz basis for 
its closed linear span if there exist bounds A > 0 and B < 1 
such that 

 

(9) 

and is a frame when 

 

(10
) 

A required condition for to comprise a frame for 
L2( ) is that ab≤1. In addition if is a frame, then 
it is a Riesz basis for L2( ) if and only if ab = 1. This 
paper focus on the regime ab≥1, where does not 
necessarily span L2( ). 
With a Gabor system this paper associate a 
synthesis operator (or reconstruction operator) 

L2( ), defined as 

 
(11) 

 

 

(12
) 

The conjugate  of S is known as the 
analysis operator (or sampling operator), and is given by 

 (13) 
The Gabor representation of a feature contains the set of 
coefficients acquired by inner products with the 

elements of some Gabor system . 

 (14) 

This procedure can be indicated as an analysis filter-bank. 
Therefore, s(t) is referred to as the analysis window of the 
transform. If constitutes a frame or Riesz basis 
for L2( ), then there exists a function such 
that any can be reconstructed from the 

coefficients using the formula 

 
(15) 

In this paper, Gabor system is consider that do not 
essentially span L2( ) but rather only a (Gabor) subspace. 
A Gabor space is the set V of all feature that can be 
represented with some norm-bounded sequence ck,l. As 
perfect recovery cannot be assured for each signal in 
L2( )in these cases,  the choice of selecting the analysis 
and synthesis windows based on the implementation 
constraints. Conversely, for the purpose of analysis and 
synthesis processes to be stable, it is assured that the 
systems and form frames or Riesz bases 
for their span.  
For tractability, it is assumed that, a and b are positive 
constants such that ab = q/p, where p and q are relatively 
prime. In addition, only Gabor spaces are considered 
whose generators are obtained from the so-called 
Feichtinger algebra S0, which is defined by 

 

(16
) 

where  represents the Gaussian window. An important 
possessions of S0 is that if v(t) and s(t) are elements from 
S0 then is an sequence. 

Examples of functions in S0 are the Gaussian and B-
splines of strictly positive order. The Feichtinger algebra is 
an tremendously helpful space of good window functions 
in the sense of time-frequency localization. 
The final secure template of a fingerprint will be a 
collection of transformed MinuCodes {M’1, M’2,…, 
M’N}. N is the number of minutiae in the fingerprint. 
 
3.4 Anonymous matching algorithm 
 
The minutia point arrangement process can be divided into 
two phase. Initially, Biomapping handles the alignment 
errors in the minutia location and orientation with the help 
of minutiae-centered quotient computation and tessellation 
quantification: provided a transformed MinuCode from the 
secure template and an original MinuCode from query 
fingerprint, two neighbor minutiae are considered to be 
matched only if the MinuCode identified after Non-
Invertible Gabor Transform are identical. 
 
In the next phase, the threshold mechanisms are used to 
deal with the replacement errors that carry with the 
elimination and adding of a few minutiae. Two thresholds 
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tm and tp are used for the anonymous matching: two 
regions are similar if there are minimum of tm equal 
neighbor minutiae. At last, two fingerprints are considered 
to be matched if there are at least tp equal regions. 

4. Experimental Result 
The experimental result for the proposed biometric system 
is presented in this section. The experiments are conducted 
with the help of public domain FVC2002-DB2 database. 
The database contains 100 fingers, each one has 8 
impressions. The first two impressions of every finger are 
used in this experimentation. As a result, the number of 
genuine attempts is 100, and the number of the impostor 
attempts is 9900.  
Table 1: FRR and FAR Resulted for the Existing and Proposed Biometric 

System 

Region 
Threshold (tp) 

Existing Proposed 
FRR FAR FRR FAR 

0 0 98.3 0 80.6 
5 4.2 20.5 0 5.2 

10 12.1 10.2 4.5 0 

15 28.9 4.2 10.2 0 

20 40.3 1.1 20.5 0 

25 52.1 0 30.9 0 

30 60.7 0 38.1 0 

35 74.5 0 42.6 0 
40 80.3 0 49.9 0 
45 88.1 0 55.2 0 

 

Fig. 3 False Rejection Rate for Different Threshold 
Table 1 provides the obtained False Rejection Rate (FRR) 
and False Acceptance Rate (FAR) for the various region 
thresholds. It can be clearly observed from the table that 
initially for the region threshold of 0, the FRR is 0 for both 

techniques. When the threshold value is increased, the 
FRR will gradually increase. When the threshold is 15, 
FRR is 28.9 for the existing method, whereas it is only 
10.2 for the proposed technique. When the threshold is set 
as 45, FRR is 88.1 for the existing method, whereas it is 
only 55.2 for the proposed technique which is a huge 
difference. When FAR is considered, the proposed 
technique will have 0 FAR when the threshold is set above 
10, whereas for the existing technique the threshold should 
be set above 20. 
 

 
Fig. 4 False Acceptance Rate for Different Threshold 

 
Fig. 3 and Fig. 4 shows the variations in FRR and FAR for 
various region thresholds respectively. It can be clearly 
observed that the proposed technique will result in lesser 
FRR and FAR when compared to the existing biometric 
system. 
 
5. Conclusion 

Biometrics provides easy usability over earlier token 
and password based authentication techniques, but raises 
privacy and security concerns. The earlier authentication 
techniques like credit cards and passwords can be revoked 
or substituted if it is not handled properly but biometrics is 
everlastingly linked with a user and cannot be substituted. 
Cancelable biometrics is helpful to overcome this by 
generating revocable biometric templates. In this paper, the 
secure template is obtained from these features with the 
help of non-invertible transform called Non-Invertible 
Gabor Transform. The experimental result shows that the 
proposed biometric system results in better FRR and FAR 
which in turn indicates the better accuracy and security 
than the existing biometric system. 

 
This biometric system thus provides a good 

improvement over the other techniques which are based 
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purely on biometric feature extraction and complex 
classifier. This approach can be enhanced to higher level in 
order to further improve the security. This work can be 
extended in future by using the highly secure non invertible 
transform such as Baker Non-Invertible Transform. The 
usage of this Baker Non-Invertible Transform will result in 
strong mixing of feature points and it will be very hard to 
break by the attackers and thus it can provide better 
security. 

 
Moreover, the future enhancement will address the 

practical issues of the latency for recognition and the size 
of the secure template. 
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Abstract 

Steganography is the art of message hiding in a cover signal 
without attracting attention. The requirements of the good 
steganography algorithm are security, capacity, robustness and 
imperceptibility, all them are contradictory, therefore, satisfying 
all together is not easy especially in audio cover signal because 
human auditory system (HAS) has high sensitivity to audio 
modification. In this paper, we proposed a high capacity audio 
steganography algorithm with good resistance to additive noise. 
The proposed algorithm is based on wavelet packet transform 
and blocks matching. It has capacity above 35% of the input 
audio file size with acceptable signal to noise ratio. Also, it is 
resistance to additive Gaussian noise to about 25 db.  
Furthermore, the reconstruction of actual secret messages does 
not require the original cover audio signal. 
 
Keywords: Audio Steganography, Wavelet Packet Transform, 
Block Matching, Robust Stego-algorithm, High capacity 
Steganography. 

1. Introduction 

The rapid development in information technology, 
especially in the field of computer networks and wireless 
communication has enabled hackers to eavesdrop on 
communication. Eavesdropping can be prevented 
using techniques of cryptography or/and steganography 
[1]. Steganography means embedding information in a 
cover signal to prevent illegal detection [2]. Steganography 
hides secret messages, while in cryptography, secret 
message is visible, therefore unauthorized users can access 
to the secret encrypted data [3]. 
 
Steganography is often used in covert communication such 
as military and government communication and it requires 
relatively high payload, while a watermarking which is 
often used in copyright protection however does not 
require high capacity [4].  

 
The major requirements that must be satisfied for good 
steganography algorithms are perceptual transparency, 
payload or capacity and robustness [5]. Steganography, 
unlike watermarking, needs high capacity and is 
considered as an important factor, but robustness should be 
dominant for watermarking. Higher targets for one of the 
mentioned requirements will negatively affect the other 
performances for the same stego-algorithm as they are 
contradictory according to magic triangle [6].  
 
In recently years many techniques appeared to develop 
information hiding [4, 7, 8], and most techniques used 
image and video media but lacking of using  audio signal  
as a cover signal especially in high rate data embedding, 
most likely due to Human Auditory System (HAS) is more 
sensitive than Human Visual System (HVS) [9]. Although 
adopting audio signals as cover signals may yield inferior 
inaudible performance, there are still suitable features such 
as transitory and unpredictability that makes sound signal 
as suitable secure cover signal. 
 
In this paper we proposed a new steganography algorithm 
that has high capacity and resistance to additive noise 
characteristics, and it is based on both discrete wavelet 
packet transform (DWPT) and blocks matching. The 
proposed algorithm is based on matching between the 
cover and message blocks. Then it uses blocks scaling and 
replacement in embedded process to keep power of 
embedded message high in order to resist the additive 
noise. The output stego-signal has an acceptable quality 
with high capacity that can reach more than 35% of the 
input audio size (about 250 kb/sec). The message recovery 
process does not require original audio cover signal, and 
also the algorithm provides high security due to the 
arbitrary distribution of the secret message blocks in 
embedding process instead a known embedded message 
distribution in most stego-algorithms.    
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2. Related Work 

Generally audio steganography and watermarking can be 
classified according to embedding domain either time 
domain or transform domain. The common and simplest 
hiding technique in time domain with acceptable capacity 
is the Least Significant Bits (LSB), but it is vulnerable due 
to any changes in LSB that can destroy the embedded 
message [6]. In transform domain, there are many 
transform methods can be employed in information hiding 
such as Fourier domain [6, 10], discrete cosine domain [6, 
11], and wavelet domain [6, 9, 12, 13]. Each domain has 
its features in signal processing and in information hiding 
[14], however, the wavelet domain has a major advantage 
over the others because it divides a signal into different 
frequency components with different resolution and each 
component can be used in embedded process according to 
its power. DWT behaves similar to the time-frequency 
characteristics of human ears that has high time and low 
frequency resolution for high frequencies, and high 
frequency and low time resolutions for the low frequencies 
components [15].  
 
In general, Discrete Wavelet Transform (DWT) 
decomposes a signal at a level of decomposition into two 
components, high and low frequency components. Most 
power of the input signal is concentrated in low frequency 
component or called approximation signal, while little 
power spread over coefficients of high frequency 
component or called details signal. The decomposition 
process starts by decompose a signal into two components, 
high and low frequency components, then will further 
decompose each the low frequency component into another 
two components, and the process repeats for further levels 
of decomposition [15]. The reconstruction of original 
signal is performed by the Inverse Discrete Wavelet 
Transform (IDWT), and it bases on approximation and 
details signals. 
 
The modification in the details signals has little effect on 
the reconstructed signal, rather depends on the number of 
levels of decomposition and which selected details level 
was modified. However modification in the approximation 
signal or low frequency component may affect significantly 
on the reconstructed signal. Therefore using details signals 
as a cover for information embedded process enable high 
payload and acceptable quality, when it is used in 
steganography [9]. However, information embedding in 
details signal has weakness in robustness for watermarking 
applications such as visible watermarking of TV channels 
and copyright protection because it is possible to remove a 
secret message by signal processing attackers for example 
by resetting details coefficients. Therefore in watermarking 
applications, it is better to use low frequency component in 

embedding process because watermarking does not need 
high capacity. Watermarking however, requires robust 
algorithm to embed information as a part of the cover 
signal, render it almost impossible to be removed by 
attackers [12, 16].  
 
The LSB is the most common method employed in 
embedding process in DWT domain [9, 13, and 17]. This 
method has superior stego-signal quality and capacity, but 
it is sensitive to additive noise especially when data is 
embedded in high frequencies components which have low 
power.  
 
In this paper a high capacity and noise resistance audio 
steganography algorithm will be described. The algorithm 
uses Discrete Wavelet Packet Transform (DWPT) to 
decompose audio cover signal. The DWPT is similar to 
DWT except decomposition is performed for both high 
frequency and low frequency components. The 
decomposed signal by DWPT for selected L levels, yields 
(2L) components with equal lengths, but only one 
represents the approximation signal that has the highest 
power, while the others are details signals with decreasing 
power, starting from lowest frequency details component 
to the highest frequencies details component. Subsequently 
after several steps, the Inverse of Discrete Wavelet Packet 
Transform (IDWPT) is used to reconstruct the original 
cover signal.  
 
DWPT decomposition provides two benefits, first, 
separation the signal components according to their 
frequency and power, and second, making all the 
components in the same length and that will facilitate the 
task of block matching which to be used in our proposed 
scheme. The proposed scheme however does not use the 
approximation signal in embedding process to maintain the 
quality of output of stego-signal. The lowest frequency 
component of the details signal which has highest power 
with respect to other details signal is used to embed main 
key that is generated in matching process. The remaining 
(2L – 2) details signals are arranged as blocks and they are 
used in message embedding process after block matching. 
 
The proposed block matching is based on minimum 
distance between blocks of secret message after primary 
scaling. The primary scaling will make the amplitudes of 
the message signal within the range of the amplitudes of 
the cover signal. The block matching output is used to 
generate embedding keys that will be used later in both 
embedding and extraction processes. The embedding key 
is encrypted using stream cipher and then it is embedded in 
lowest frequency details signal as shown in section (3.5).  
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The proposed algorithm uses block replacement after 
matching and scaling in the embedding process instead of 
LSB to satisfy three contradictory things simultaneously, 
firstly, to maintain message power high to resist the 
additive noise, second, to keep quality of modified cover 
signal closes to original input signal, and thirdly, to 
provide high rate of payload instead of less bits in LSB 
method. Another advantage for this algorithm over most 
algorithms is that it cannot estimate the positions of 
embedded secret message because the blocks are 
distributed arbitrary according to minimum distance 
between embedding and replacing blocks and this feature 
make secret message more protected against detection and 
tampering. Furthermore the secret message recovery 
algorithm is does not need the original audio cover signal. 
 
3. Proposed Audio Steganography Scheme 
 
Fig. 1 shows the general block diagram of the proposed 
hiding algorithm. The main stages of the algorithm are as 
follow: 
 
3.1 Cover signal decomposition  

 
The input cover audio signal C = {c (i) 0 < i ≤ Z, Z: 
number of samples} is decomposed by using DWPT to L 
level. Haar filter was chosen in decomposition process 
because of it is a quadrature mirror filter type and it has 
finite impulse response. The output from DWPT 
decomposition stage are 2L signals, each signal has Z/2L 
sample. These signals have different power and different 
frequencies. One of them which has the greatest power and 
lowest frequency represents the approximation signal A= 
{a (i), 0 < i ≤ Z/2L}, this signal is kept without any 
modification to maintain the quality of output stego-signal. 
The other signals have decreasing powers starting from 
lowest to highest frequencies details components D = 
{dj(i), j=1,2,..2L-1, 0 < i ≤ Z/2L}.  Except for the lowest 
frequency component, other details signal are arranged in 
the 3D matrix named Det. 

},......2,1,,....,2,1,,.......,2,1)({det , NiWkViDet kj ====   (1) 
   

Where V = 2L-2 represents the number of details signals 
that are being used in the embedding process, W = Z/(2LN) 
represents number of blocks in each details signal, and N 
represents number of samples in each block. This matrix 
will be fed to block matching process for information 
embedding process while keeping the lowest frequency 
details component (D2

L
-1) to be  used for embedding the 

key. 
 

3. 2 Secret message pre-processing 
 

The secret message M pre-processing depends on the type 
of the message. If it is an audio signal has number of bit 
per sample similar to cover signal, directly it is segmented 
to Q blocks each block has N samples as shown in Eq. (2).  

},.......,2,1,,....,2,1),,({ NjQijimM ===                 (2) 

If the secret message is an image or text, it will have 8 bits 
per pixel or character. While the audio cover signal for 
example has 16 bits per sample, therefore it will be 
combined each two neighbor pixels or character into one 
sample of 16 bits to reduce number of samples to half. 
After that arranging the produced message in a one 
dimension vector, and then segmenting the resultant vector 
into Q blocks, each block has N samples such as given in 
Eq. (2).  
 
The produced matrix in Eq. (2) is scaled depends on Det 
matrix which is produced in Eq. (1) as follows: 
 

)(/)( DetmeanMmeandf =                                 (3) 
dfMSM /=                                                           (4) 

 
Where df is a division factor of the primary scale to make 
message blocks samples within range of details signal 
matrix. The function mean is used to compute average of 
M and Det matrices, and SM is a scaled message matrix.  

 
3.3 Block matching Process 

 
Block matching process construct the matching matrix by 
computing minimum distance between MS and Det blocks. 
The matching matrix (Match) is a 3D matrix that includes 
Q layers, where each layer contains V×W elements. Each 
element represents a minimum distance between block i 
from the MS matrix and block k from details signal j 
according to Eq. (5). 

 

∑
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     (6) 

 
3.4 Key generating and Information Embedding  

   
There are two functions in this stage, first, to generate the 
key that contains positions of embedding blocks and main 
scale factors between the message blocks and replacing 
cover blocks. Second function is embedding of the secret 
message blocks. The steps of this stage are as follows: 
• For each layer i within the Match matrix, compute the 

positions m1,i , and m2,i for minimum distance which 
represent minimum element in a layer. The indices m1,i 
and m2,i give the position of the block in Det matrix 
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that has maximum matching with the block i from the 
scaled message matrix MS. 

• Perform scaling between message block ( MSi ) and 
replacement block ( Detm1,i ,m2,i ). This is done as 
follows: 

)(
,2,1 , ii mmii DetMSmeansf −=                                         (7)     

ijiji sfmsmss −= ,,
                                                         (8) 

                                    (9)  
 

Where sfi is the subtraction factor that is obtained by 
computing the average error between MSi and 

ii mmDet
,2,1 ,

 

blocks, where msi,j represents sample j from  block MSi, 
mssi,j represents sample j from scaled block MSSi. 

 
• Construct main key vector for each message block i as 

follows: 
 ],,[ ,2,1 iiii sfmmKey =                                            (10) 

• Replace elements of block 
ii mmDet
,2,1 ,

by elements of 

block MSSi . 
• Modify each element that has position m1,i ,  m2,i in 

Match matrix layers i+1 to Q equal to large number 
(for example 106) to avoid embedding overwrite if 
there is any similarity in matching.  

• Repeat all the above steps Q times until embedding 
process of all message blocks completed. 

 
Subsequently, the main key matrix (Key = {Keyi (j), j = 1, 
2, …., Q} ) and modified details matrix ( Det ) will be 
generated. 

 
3.5 Main key encryption and embedding 

 
The generated key in previous stage is encrypted and 
embedded in the lowest frequency details component (D2

L-
1). We chose this component for embedding the main key 
matrix because it has power higher than other details 
signals and therefore the embedded key will be more 
resistance to distortion or lost. In the proposed scheme any 
type of encryption can be used, either secret or public 
encryption. 

 
In this work we use a simple stream cipher based pseudo 
random number generator (PRN) to produce a random 
number vector that has length of 3×Q samples,  same 
length of the main key vector  that was produced by 
converting Key matrix to 1D vector as shown in Fig 2.  
Next, convert both vectors to binary vectors with 
resolution of 16 bit per sample to obtain random and key 
binary vectors. The encrypted key ( Enkey ) vector with 
length of 3×16×Q bits is produced by making XOR 
between two binary vectors.  

 
The encrypted key vector is embedded by using the same 
embedding technique which was used in [9] with some 
modification to be resistance to the additive noise. All the 
lowest frequency details component samples will be 
converted to integers with scale based on the maximum 
value. In other word the maximum value will be the 
highest 16-bit integer.  Then for each of these integers di, 
we need to find the biggest Pi which satisfies the following 
inequality  

122 +<< ii P
i

P d                                                        (11)    

 
For each sample i of the above integers, we have nbi bits 
that to be used for embedding encrypted key. We can 
compute nbi according to Eq. (12). 

21 sbsbPnb ii −−=                                                        (12)  

 
Where sb1 is safety bits with direction from the most 
significant bit to maintain good output quality and sb2 is 
the safety bits considered from the least significant bit in 
order to make embedded bits resistance to the additive 
noise. Any sample di that has zero or negative nb i will not 
be used in the key embedding process. 

 
3.6 Stego-Signal Reconstruction 

 
The final stage in the proposed hiding algorithm is the 
stego-signal reconstruction using Haar IDWPT. The 
reconstructed process uses modified Det matrix and 
modified D2

L-1 vector as well as non-modified 
approximation signal as inputs to IDWPT to obtain on the 
output stego-signal.   
 

 
4. Recovery Algorithm of Secret Message   
 
Fig. 3 shows the general block diagram of the secret 
message recovery algorithm. The algorithm starts by 
decomposing stego-signal using Haar DWPT, then 
followed by rearrangement of all the details signal except 
lowest frequency details signal in 3D matrix Det similar to 
section (3.1)  Eq. (1).  
 
The lowest frequency details signal (D2

L-1) enters the key 
recovery stage which starts by scaling the signal, then 
search for the largest power of 2 for each scaled sample 
with inequality (11) to be satisfied. Depend on the positive 
values of the nbis which is computed using Eq. (12), the 
main key vector Keyvec is reconstructed using Eq. (13). 

}
2

,.......,2,1,,...,1),({ Lii
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Where di is a binary vector for i sample in vector D2
L-1 

that has positive nbi. 
 
The key vector is deciphered in decryption stage using 
same key and procedure that was used in key encryption 
process in section (3.5) except main key vector Keyvec will 
not be converted to a 1D and binary because it is already a 
binary vector. The output from this stage is converted to 
2D matrix to obtain the main key matrix (Key).   
 
The main key and Det matrices are fed to message block 
recovery stage to reconstruct the secret message blocks as 
Eq. (14): 

iiii Keysfmm =],,[ ,2,1
 

imimi DetMSS
,21 ,,=  

},.....,2,1,)({ NjsfjmssMS iii =+=                               (14) 

 
Where mssi (j) is the sample j from block i in MSS matrix. 
Finally, the secret message is scaled and arranged by 
inversing procedure in section (3.2) to obtain the required 
secret message. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig 1 General Block Diagram of Proposed Hiding Scheme 
 
 
 
 

 
 
 
 
 
 
 
 

 
 
 
 

Fig. 2 Main Key Encryption Process 

 
 

 
 
 
 
 
 
 
 
 
 
 

Fig. 3 Recovery Algorithm of Secret Message 

 
5. Results and Discussion 
 
The proposed algorithm was tested using three audio cover 
signals: male speaker, female speaker and music. Each 
signal has 16 bit per sample and 44100 samples/sec. Also 
three data type: audio, image (as given in Fig. 4), and text 
are used as secret messages in the tests. The quality of 
output signal in each test was computed using signal to 
noise ratio (SNR) according to Eq. (15). 
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Where C and Cʹ are input cover signal and output stego-
signal respectively, Z represents the number of samples in 
each one of them.  
 
The similarity between extracted secret message and 
original secret message was computed using normalized 
correlation NC between them according to Eq. (16). 
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Where M and Mʹ are original and extracted secret message 
respectively, QN represents number of samples in each one 
of them.  
 
The proposed scheme was tested for different hiding 
capacity and the results show that it has an acceptable SNR 
(35 db and above according to ref. [18]) with capacity 
about of 250 kb/sec. This capacity represents more than 
35% from input audio file size. Fig. 5 show the 
relationship between SNR and embedding capacity for 
three different message type and three different cover 
signals. In all experiments of the testing, the following 
attributes were used: length of block N=100 sample/sec, 
Haar type DWPT, L=2, and sf1=sf2=2 bits. From Fig. 5 
we can recognize small differences in SNR with respect to 
capacity for different cover signal, and this is due to 
difference in frequencies. Lower frequency signal has 
better SNR for same capacity than higher frequency signal 
because it has more percentage power in its non-modified 
approximation signal. 
 
The extracted secret message is recovered using message 
recovery algorithm in section (4). The similarity between 
extracted and original messages was computed using Eq. 
(16). Without adding noise to the stego-signal, the 
recovered message is exactly similar to the original 
message (NC (M, M’) =1) for different message types and 
different cover signals. The results show that the proposed 
algorithm has significant resistance to Additive White 
Gaussian Noise (AWGN). Fig. 6-8 compares AWGN 
resistivity of our proposed scheme to the LSB-based DWT 
scheme. In LSB-based DWT scheme, the secret message 
will lost nearly about 65 db of AWGN, while in the 
proposed scheme secret message can be recovered about 
25 db of AWGN. This superior performance of the 
proposed scheme is due to the power of embedding 
message is much higher compared to that of the LSB-based 
DWT scheme.  
 

6- Conclusions 
 
We present in this paper a high capacity and AWGN 
resistance audio steganography algorithm based on DWPT 
and block matching. Because of the arbitrary block 
matching that depends on minimum distance between 
blocks, an arbitrary key is produced that made the 
proposed algorithm having strong security.  The results 
show that ability of proposed algorithm to embed high 
capacity of data of different type that can reach to more 

than 35% from the input audio file size with an acceptable 
SNR. Also it has significant resistance to AWGN. The 
proposed algorithm can recover a recognized secret 
message until up to 25 db of AWGN. 
 
 
 
 
 
 
 
 
 
 

 
Fig. 4 Input Secret Messages 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 5 The Relationship between SNR and Embedding Capacity 
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Fig. 6 Relationship between AWGN and NC for Male Speaker Cover 
Signal 

 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 7 Relationship between AWGN and NC for Female Speaker Cover 

Signal 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

(b) Image Message 
 

1020304050607080
0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

AWGN (db)

N
C

 (
M

,M
')

 

 

Proposed Scheme
DWT+LSB Scheme

(c) Text Message 
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Fig. 8 Relationship between AWGN and NC for Music 

Cover Signal 
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Abstract 
Object oriented software with low cohesive classes can increase 
maintenance cost. Low cohesive classes are likely to be 
introduced into the software during initial design due to 
deviation from design principles and during evolution due to 
software deterioration. Low cohesive class performs operations 
that should be done by two or more classes. The low cohesive 
classes need to be identified and refactored using extract class 
refactoring to improve the cohesion.  In this regard, two aspects 
are involved; the first one is to identify the low cohesive classes 
and the second one is to identify the clusters of concepts in the 
low cohesive classes for extract class refactoring. In this paper, 
we propose metrics supplemented agglomerative clustering 
technique for covering the above two aspects. The proposed 
metrics are validated using Weyuker’s properties. The approach 
is applied successfully on two examples and on a case study.  
 
Keywords: Low Cohesive Class, Metrics, Agglomerative 
Clustering Technique, Dendrogram, Extract Class Refactoring, 
Jaccard Similarity Coefficient. 

1. Introduction 

The maintainability of object oriented software depends on 
the quality of software. Software quality is likely to get 
reduced due to deviation from design principles and due to 
software deterioration during evolution. The reduction in 
software quality can be attributed to the presence of bad 
smells. Low cohesive class is one of the bad smells. Object 
oriented software with low cohesive classes can increase 
maintenance cost. Defects (bad smells) in software cause 
the system to exhibit high complexity, improper behavior, 
and poor maintainability [1]. It is necessary to detect and 
correct the defects to make software maintainable. One of  
 
 

 
the ways to make object oriented software systems 
maintainable is refactoring. Techniques that reduce object 
oriented software complexity by incrementally improving 
the internal software quality without affecting the external 
behavior come under refactoring [2]. In the context of 
software under evolution, refactoring is used to improve 
the software quality. The improvement in the software 
quality is, in terms of, maintainability, complexity,   
reusability, efficiency, and extensibility [3].  
 
In the literature active research is being carried out with 
respect to object oriented software refactoring. 
Considering the importance of low cohesive classes and 
refactoring, we have proposed an approach for identifying 
low cohesive classes and clusters of concepts in low 
cohesive classes for extract class refactoring. The low 
cohesive class indicates the presence of god class or 
divergent change bad smell. Divergent change bad smell is 
present in object oriented software whenever a class needs 
to be changed for different changes for different reasons in 
other classes [4]. The changes are propagated to the 
affected class due to rippling effects. The change 
propagations depend on strength of coupling between 
classes. Using strength of coupling between classes, our 
metric DOCMA(AR) (dependency oriented complexity 
metric for an artifact affected by ripples) can indicate the 
class affected by divergent change bad smell [5]. This bad 
smell indicates that the affected class has low cohesion and 
is a large class. According to Demeyer [6] the god class is 
low cohesive and memory consuming class. Object 
oriented software with low cohesive classes can increase 
maintenance cost.  Low cohesive class performs operations 
that should be done by two or more classes. One of the 
design principles in object oriented approach is to design 
the class with “single minded” function [12]. The violation 
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of this design principle results in large, complex, and low 
cohesive classes. The low cohesive class cohesion can be 
improved by splitting the class by extracting cohesive and 
independent groups of members addressing different 
functionalities using extract class refactoring [4]. A 
concept is a cluster (group) of class members addressing a 
single minded function.  In this regard, two aspects are 
involved; the first one is to identify the low cohesive class 
and the second one is to identify clusters of concepts in 
low cohesive class which need to be refactored using 
extract class refactoring. In this paper, we propose an 
approach which is based on metrics supplemented 
hierarchical agglomerative clustering technique for 
covering the above two aspects. In this paper, 
“agglomerative clustering technique” means 
“agglomerative clustering algorithm”.  
 
Even though clustering techniques are mainly used in data 
mining, they are being applied successfully in software 
engineering. Clustering techniques can identify groups of 
similar entities [7],[8]. Clustering methods have very good 
potential to be used in software engineering [9] indicated 
by its use in software remodularisation[10]. Clustering 
techniques can identify groups of similar entities where in 
each group is conceptually different and these groups may 
address different functionalities.  
 
The contributions of the proposed approach are the 
following: 
 
-  Metrics are proposed to supplement the agglomerative     
   clustering technique (ACT) to handle the situations  
   where some small clusters are formed. 
- Identification of low cohesive classes.     
- Identification of clusters of concepts in a low cohesive  
   class using the approach which is based on metrics  
   supplemented agglomerative clustering technique. 
 
The organization of the paper is as follows. Section 2 
presents the related work. Section 3 presents approach to 
clustering. The results of experimental cases are presented 
and discussed in section 4. The conclusions have been 
placed in section 5. 

2. Related Work 

The low cohesive classes can be caused by god class or 
divergent change bad smells. Lot of research has been 
done in identifying god classes. The main contributions are 
from [11], [1], [6]. According to Deymer [6] the god class 
is low cohesive and memory consuming class. Any change 
to the system may lead to this class.   According to Trifu 
and Marinescu [11] god classes are “large, non-cohesive 

classes that have access to many foreign data” and they 
proposed a metrics-based method to identify. Tahvildari 
and Kontogiannis [1] proposed quality design heuristics 
and use a diagnosis algorithm based on coupling, 
complexity, and cohesion to identify design problems 
(flaws).  
 
Lot of work has been done with respect to remodularising 
or partitioning or clustering large software modules. Some 
of them are [13], [14], [15]. In all of the above works 
remodularisation of software modules in a higher level 
(like package or file level) is proposed.  We need 
clustering at class level.  
 
Some of the works which focuses on software clustering at 
class level are: Simon et al. [16] suggested visualization 
techniques to identify extract class opportunities. 
Visualizing large classes can be difficult and make it 
difficult to identify clear clusters. De Lucia et al. [17] 
propose a methodology that uses structural and semantic 
metrics for identifying extract class refactoring 
opportunities. The semantic cohesion metric is based on 
the names of classes and entities which can be developer 
dependent hence, may change the results. In a recent work, 
Joshi and Joshi [18] uses concept lattice for identifying 
extract class refactoring opportunities. It is identified by 
the authors that for large systems the lattices can become 
very complex for the designer to identify problematic cases 
by inspecting the lattice visually. An algorithm [26] is 
proposed by the authors to find clusters based on similarity 
matrix. It is likely to consume more time to identify the 
clusters and it is threshold value dependant.  
  
In most recent work, Marios Fokaefs et al [19] apply the 
agglomerative clustering algorithm for several threshold 
values (ranging from 0.1 to 0.9) and present all possible 
results to the user. Algorithm also identifies clusters of 
cohesive entities ranked according to their impact on the 
design of the whole system and presented to the designer.  
In contrary to [19], instead of presenting results at different 
thresholds, we compute clusters at particular threshold and 
supplement with metrics to merge small clusters with other 
clusters. In our approach, we supplement the 
agglomerative clustering technique (ACT) with metrics 
which can handle situations where ACT alone cannot give 
acceptable clusters in some situations. Our approach is not 
much dependent on the threshold value if it is not chosen 
either near 0 or near to 1. Our approach reduces much 
human intervention.  
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3. Proposed Approach  

The aim of the proposed approach is to identify the low 
cohesive classes and clusters of concepts in low cohesive 
classes.  
 
The proposed approach contains two steps: 
 
Step 1:  
Identify low cohesive classes using the metrics LCOM[22], 
TCC[23], and DOCMA(AR) [5]. LCOM and TCC metrics 
values can be used to identify the low cohesive class due to 
god class bad smell. Whereas, DOCMA(AR) metric value 
can be used to identify the low cohesive class due to 
divergent change bad smell.  
 
Step 2: 
The metrics supplemented agglomerative clustering 
technique is applied on low cohesive class which is found 
in step 1. During step 2, the clusters of concepts which 
need to be refactored are identified. During this step, 
firstly, similarities between the class members are 
calculated and then the agglomerative clustering algorithm 
(technique) is applied to find the clusters at a specified 
threshold. At the specified threshold there may be some 
small clusters which need to be merged, this is done with 
the help of proposed metrics. The agglomerative clustering 
technique is explained in the following section 3.1. 

3.1 Agglomerative Clustering Technique (ACT) 

The agglomerative clustering algorithm [8] (which is a 
hierarchical clustering algorithm) is used in this paper.  
The Agglomerative Clustering Algorithm (Technique) is 
given below: 
 
Step 1: Assign each entity (class member) to a single 
cluster.  
 
Step 2: Repeat merging while the specified threshold value 
is not reached. 

- Merge two closest clusters according to the 
considered merging criteria. 
 

Step 3: Display the outcome of the algorithm as a 
hierarchy of clusters (Dendrogram). 
 
The algorithm requires a threshold value for the similarity 
metric as a cut-off value. The clusters which are output 
from the algorithm are at the threshold (cut-off) value. The 
output hierarchy of the clusters is usually represented by a 
dendrogram. It has tree like structure. The leaves of the 
tree represent the individual (single) entities. During the 
merging process intermediate nodes are formed, they are 

actual clusters to be output based on cut-off value. The 
root is the final cluster which contains all the entities. The 
tree height can be represented using distance metric value 
or similarity metric value. We used similarity metric value 
in this paper. 
 
In Hierarchical agglomerative clustering algorithm 
different linkage methods are available. 

1. Single linkage      2. Complete linkage   
3.   Average linkage    4.  Weighted linkage 

 
According to Anquetil and Lethbridge [20] single linkage 
gives less coupled clusters, complete linkage favors more 
cohesive clusters, and average linkage gives clusters 
somewhere in-between the above two. In this paper we 
have used complete linkage method.  The similarity metric 
we used is the Jaccard similarity metric. Anquetil and 
Lethbridge [20] indicate in their paper that jaccard 
distance metric produces good results in software 
remodularisation. To define the Jaccard similarity metric 
[24] between two class members we employ the notion of 
property set of class member. The property set for a 
method (PSet_mi) is, the method itself and the methods 
and fields used (accessed/called) by that method. The 
property set for a field (PSet_fi) is, the field itself and the 
methods using (accessing) it. These property sets are 
similar to dependency sets used by Simon et al[16]. 
Similarity Matrix:  Similarity matrix (m x m) is 
constructed using the computed values of the above 
similarity based metrics. Where, m is number of members 
of the class. Class member means it can be a class method 
or field (variable). 
 
The Jaccard index, also known as the Jaccard similarity 
coefficient (originally coined coefficient de communauté 
by Paul Jaccard [24]), is used for comparing the similarity 
and diversity of entities (sample sets). 
 
Based on defined property sets we calculate the Jaccard 
similarity metric between two class members A and B as 
follows: 
 

BA

BA
B)JSimM(A,

∪

∩
=  

 
Similarity between two entities depends on the properties 
which are shared [25].  

3.2 Proposed Metrics to Supplement Agglomerative 
Clustering Technique 

The clusters identified at cut-off value may give clusters 
with very few members (may be single member clusters), 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 187



 

 

hence we need to merge them with other clusters. For this 
purpose we have proposed some metrics. The metrics are 
given below.  
CIM_V  -  Cluster Identification Metric for Variable = 
ratio of number of methods within the cluster that 
reference the variable under consideration to the total 
number of methods in the cluster 
CIMVR_M  -  Cluster Identification Metric for Method 
(Based on Variable References)  = ratio of number of 
variables within the cluster referred by the method to the 
total number of variables in the cluster. 
CIMC_M  -  Cluster Identification Metric for Method 
(Based on Method Calls)    = ratio of number of methods 
within the cluster called by method under consideration to 
the total number of methods in the cluster  
CIMI_M  -  Cluster Identification Metric for Method 
(Based on Method Invocations) = ratio of number of 
methods within the cluster that invoked method under 
consideration to the total number of methods in the cluster. 
 
Contexts for applying the proposed metrics: 
 
The contexts in which the proposed metrics can be applied 
are given in Figures 1, 2, 3, 4, and 5. The cluster to be 
merged with other cluster is indicated by C1. 
 
The contexts are: 
Context 1: Only one variable (field)  in C1 (Figure 1). 
Context 2: Only one method in C1 (Figure 2). 
Context 3: Only variables (two or more variables). 
Context 4: Only methods (two or more methods) 
Context 5: Methods and variables. (At least one method 
and one variable) 
 
 

 
 
 

 
 

 

 
 
 

 
 
 

 
 
The proposed metrics can be applied for all the five 
contexts. In all the contexts (Figures 1 to 5) proposed 
metrics can be used in merging the element(s) from cluster 
1 (C1) with cluster 2 (C2) or cluster 3 (C3) or cluster n 
(Cn).   

3.2.1 Validation using Weyuker’s Properties 

The proposed metrics are validated using the Weyuker’s 
properties [21]. The validation results are given in  
Table 1. 

 

 
 
Only eight properties are considered for validation. The 
seventh property is not considered for validation.   Seventh 

   . . . 

Cn C2 

m1,m3,a3,a4 

m2,m6,m7, 
m9,a1,a5, a6 
 

m4,m5,m8, 
a2,a7, a8 
 

C1 

Fig. 5  Context5 for applying proposed 
metrics 
 

   . . . 

Cn C2 

m2,m3,m5 

m1,m6,m7, 
a1,a3, a4 
 

m4,m8,m9, 
a2,a5, a6 
 

C1 

Fig. 4  Context4 for applying 
proposed metrics 
 

   . . . 

Cn C2 

a2,a3,a4 

m1,m3,m4, 
m5,a1,a6, a7 
 

m2,m6,m7, 
m8,a5, a8,a9 
 

C1 

Fig. 3  Context3 for applying 
proposed metrics 
 

   . . . 

Cn C2 

m3 

m1,m4, 
m5,a1,a2,  a4 
 

m2,m6,m7, 
m8,a3, a5,a6 
 

C1 

Fig. 2  Context2 for applying 
proposed  metrics 
 

   . . . 

Cn C2 

a1 

m1,m2, 
m5,a3, a4,a7 
 

m4, m3, m6, 
m7,a2,a5, a6 
 

C1 

Fig. 1  Context1 for applying 
proposed  metrics  

Table 1: Validation results 

 P1 P2 P3 P4 P5 P6 P7 P8 P9 

CIM_V Y Y Y Y Y Y NA Y Y 

CIMVR_
M   

Y Y Y Y Y Y NA Y Y 

CIMC_M Y Y Y Y Y Y NA Y Y 

CIMI_M   Y Y Y Y Y Y NA Y Y 
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property specifies that the permutation of elements within 
measured entity can change the metric value. This property 
is not suitable for OO systems, since the order of methods 
declaration inside a class does not change the order in 
which they are executed. Cherniavsky and Smith [27] 
suggest that this property is not appropriate for OOD 
metrics.  
 
For contexts 1, 2, and 3 all the proposed metrics satisfied 
all the eight properties which are applicable to object 
oriented systems. In case of context 4 the metrics CIMC_M 
and CIMI_M did not satisfy the properties 5 and 9. In case 
of context 5, all the metrics did not satisfy properties 5 and 
9. However, at least, 6 properties are satisfied out of 8 
properties in all the contexts. The validation results 
indicate the suitability of metrics for the purpose for which 
they are proposed.  

4.  Experimental Results 

Example 1:  

The directed graph for the members of the class considered 
in this example is given in Figure 6. In the graph, the nodes 
represent methods and variables (fields) and the edges 
indicate that a dependency exists between two class 
members. 
 

 
 
The class has six methods and four variables (fields).  
 
The methods are: A1, A2, A3, A4, A5, A6 
The variables are: av1, av2, av3, av4 
 
The Jaccard similarity metric is used for finding the 
similarity between the class members. Similarity matrix for 
the members of the class given in example 1 is shown in 
Table 2. The hierarchical agglomerative clustering 
algorithm is applied on the similarity matrix (Table 2). 
Figure 7 shows the dendrogram produced by the algorithm.  
 
 

 

 

 A1 A2 A3 A4 A5 A6 av1 av2 av3 av4 

A1 1          
A2 0.5 1         
A3 0.6 0.6 1        
A4 0.4 0.4 0.5 1       
A5 0 0 0 0 1      
A6 0 0 0 0.14 0.4 1     
av1 0.5 0.33 0.67 0.5 0 0.12 1    
av2 0.17 0.4 0.5 0.33 0 0.14 0.5 1   
av3 0 0 0 0 0.5 0.75 0 0 1  
av4 0 0 0 0 0.67 0.2 0 0 0.25 1 
 

Table 2:  Similarity matrix for the class members shown in Figure 6 

A4 
A1 

A2 av2 

av1 

A3 

A5 

av3 

A6 

av4 

Fig. 6  Directed graph for the members of class in 
example 1 
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Clusters Identification at a given threshold value: 
 
Consider the threshold value of 0.2. At this threshold, three 
clusters are produced, they are: 
G1= {A5, A6, av3, av4}  
G2= {av2}  
G3= {A1, A2, A3, A4, av1} 
 
Since G2 contain only one member (variable member) it 
needs to be merged with other cluster. This represents 
context 1 (Figure 1). For this purpose, CIM_V metric is 
computed.    
 
CIM_V  (av2, G1) = 0/2=0,    
CIM_V  (av2, G3) = ¾ = 0.75 
Since CIM_V (av2) is more with respect to G3 when 
compared to G1, hence G2 (av2) is merged with G3.  
 
After merging two clusters are formed. They are:  
G1= { A5, A6, av3, av4},   
G3= { A1, A2, A3, A4, av1, av2} 
 
 
Example 2: 
 
The directed graph for the members of the class considered 
in this example is given in Figure 8.  
 

The class has seven methods and two variables (fields).  
The methods are: A1, A2, A3, A4, A5, A6, A7 
The variables are: av1, av2 
 
 

 
 
The similarity matrix is constructed using Jaccard 
similarity metric values for the class members and the 
hierarchical agglomerative clustering algorithm is applied 
on the similarity matrix. The clusters formed at 0.5 
threshold value are:  
 
G1= {A1, A4, A3}  
G2= {av1} 
G3= {A2}  
G4= {A5, A6, A7}  

A1 A4 A3 

A2 av1 

A5 

A7 

av2
 

A6 

Fig. 8  Directed graph for the members of class in 
example 2 

Fig. 7  Dendrogram showing the clusters 

A6      av3          A5    av4       A3     av1       A4       A1      A2       av2    

0 
 
 
 
0.17  
 
0.2 
 
 
0.33 
 

 
0.5 
 
 
0.67 

 
0.75 
 
 
1 
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G5= {av2} 
 
Since single member clusters are there, they need to be 
merged. Merging G2 or G5 with other cluster represents 
context 1. Whereas, merging G3 with other cluster 
represents context 2 (Figure 2). 
 
For context 1 the metric CIM_V is computed. 
   
CIM_V  (av1, G1) = 2/3=0.66     
CIM_V  (av1, G4) = 0/3=0 
 
Since CIM_V metric value for av1 (G2) with respect to 
G1 is more when compared to G4, hence G2 is merged 
with G1. Similarly, av2 (G5) is merged with G4. 
 
Since merging G3 (A2) with other cluster represents 
context 2, the metrics CIMVR_M, CIMC_M, and 
CIMI_M are computed. 
 
CIMVR_M (A2, G1) = 1/1 = 1  
CIMVR_M (A2, G4) = 1/1 = 1 
CIMC_M (A2, G1) = 0/3 = 0  
CIMC_M (A2, G4) = 0/3 = 0 
CIMI_M (A2, G1) = 0/3 =0  
CIMI_M (A2, G4) = 0/3 = 0 
 

Since same metrics values indicate A2 (G3) can be placed 
either in G1 or G4.  
The formed clusters after merging are: 
G1= {A1, A4, A3, av1, A2}  
G4= {A5, A6, A7, av2}  
 
In situations where a member has equal similarity with two 
groups, (for example, in the above case) coupling with 
respect to other classes need to be computed before 
merging.  
 
Case Study : Bank Application 
 
Bank application developed by students as part of their 
academic project is given as case study. The novice 
designer has a tendency to deviate from the design 
principles and may end up designing low cohesive classes. 
The bank application is developed in java. It contains the 
following classes: 
CustomerAccount, Bank, ATMCard, Locker, 
DemandDraft, FixedDeposit, Employee, Manager, Report, 
Salary, DatabaseProxy. The proposed approach is applied 
on this case study to find low cohesive classes and clusters 
of concepts in low cohesive classes. The approach contains 
two steps. 
 

 

 M 
1 

M 
2 

M 
3 

M 
4 

M 
5 

M 
6 

M 
7 

M 
8 

M 
9 

M 
10 

M 
11 

V 
1 

V 
2 

V 
3 

V 
4 

V 
5 

V 
6 

V 
7 

V 
8 

V 
9 

V 
10 

V 
11 

M1 1 .5 .5 .43 .43 .1 0 0 .1 0 0 .17 .2 .33 .25 .22 0 0 0 0 0 0 

M2  1 .7 .67 .25 .1 0 0 .1 0 0 .27 .33 0 .25 .38 0 0 0 0 0 0 

M3   1 .67 .5 .1 0 0 .1 0 0 .27 .33 0 .25 .38 0 0 0 0 0 0 

M4    1 .33 .13 0 0 .13 0 0 .2 .25 0 0 .29 0 0 0 0 0 0 

M5     1 .13 0 0 .13 0 0 .33 .43 0 .14 .13 0 0 0 0 0 0 

M6      1 .5 .5 .11 0 0 .18 0 0 0 0 .29 .29 .29 0 0 0 

M7       1 .6 0 0 0 0 0 0 0 0 33 .33 .33 0 0 0 

M8        1 0 0 0 0 0 0 0 0 .33 .4 .33 0 0 0 

M9         1 .5 .5 .18 0 0 0 0 0 0 0 .29 .29 .29 

M10          1 .6 0 0 0 0 0 0 0 0 .33 .33 .33 

M11           1 0 0 0 0 0 0 0 0 .33 .33 .33 

V1            1 .56 .11 .33 .44 .1 0 0 .1 0 0 

V2             1 .14 .43 .57 0 0 0 0 0 0 

V3              1 .2 .17 0 0 0 0 0 0 

V4               1 .5 0 0 0 0 0 0 

V5                1 0 0 0 0 0 0 

V6                 1 .6 .6 0 0 0 

V7                  1 .6 0 0 0 

V8                   1 0 0 0 

V9                    1 .6 .6 

V10                     1 .6 

V11                      1 

 

Table  3:  Similarity matrix for the members of class “CustomerAccount” 

 

          M1 – open(),  M2 – deposit((),   M3 – withdraw(),   M4 – display(),   M5 – close(),  M6 – addCust(),   M7 – updateAddr(),    M8 – displayAddr(), 
             M9 – apprLoan(),   M10- repay(),   M11-closeloan(),   V1 – CustName,  V2 – AcNo,    V3 – AcType , V4 – Amount,  V5 – Balance,   
             V6 – CustId,  V7 – PermAddr ,  V8 – CommnAddr,    V9 – LoanNo,   V10- LoanType,    V11- LoanAmnt 
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Step 1:  
During this step LCOM and TCC metrics are computed for 
the different classes. The CustomerAccount class has 
LCOM metric value of 5 and TCC metric value of 0.49. 
The high LCOM value and low TCC value indicate that 
the CustomerAccount is a low cohesive class.  
 
Step 2: 
The similarity matrix is constructed using Jaccard  
similarity metric values for the class members of the class 
“CustomerAccount” and it is shown in Table 3. The 
hierarchical agglomerative clustering algorithm is applied 
on the similarity matrix given in Table 3.  
 

  The clusters identified at the threshold value of 0.2 are:  
 
G1 = M1, M2, M3, M4, M5       
G2 = V1, V2, V4, V5        
G3 = V3 
G4 = M6, M7, M8, V6, V7, V8          
 G5 = M9, M10, M11, V9, V10, V11 
 
Since G3 contains single variable and G2 contains only 
variables, they need to be merged with other groups. They 
represent contexts 1 and 3 respectively. Hence the metric 
CIM_V is computed to find the clusters with which G2, 
G3 can be merged.    
 
Finding the cluster for G3(V3) merging: 
 
CIM_V (V3) with respect to G1 = 1/5 = 0.2 
CIM_V (V3) with respect to G4 = 0 
CIM_V (V3) with respect to G5 = 0 
Since CIM_V (V3) is high with respect to G1, hence V3 
(G3) is merged with G1. 
 
Finding the cluster for G2 merging: 
 
CIM_V (V1) with respect to G1 =  5/5 = 1 

CIM_V (V1) with respect to G4 = 1/3 =0.33 
CIM_V (V1) with respect to G5 =  1/ 3 =0.33 
 
CIM_V (V1) with respect to G1 is high when compared to 
G4 and G5 and CIM_V (V2, V4, V5) with respect to G1 
is more when compared to G4 and G5, hence merge G2 
with G1. After merging three clusters are formed, they are: 
 
G1 = M1, M2, M3, M4, M5, V1, V2, V4, V5, V3 
G4 = M6, M7, M8, V6, V7, V8           
G5 = M9, M10, M11, V9, V10, V11 

4.1 Observations 

The LCOM [22] and TCC [23] are computed for the 
classes considered in the examples and case study before 
and after refactoring and presented in Table 4. The high 
LCOM and low TCC values indicate low cohesive classes, 
whereas low LCOM and high TCC values indicate high 
cohesive classes. The values in Table 4 indicate the 
improvement in cohesion due to refactoring in two 
experimental examples and in one case study.  
 
The high value of LCOM and low value of TCC for the 
CustomerAccount class of bank application indicate the 
low cohesive class. The Agglomerative Clustering 
Technique identified three clusters of concepts for 
CustomerAccount class. These three clusters are refactored 
into three classes by using extract class refactoring. The 
extracted classes are: Account, Customer, and Loan. The 0 
(zero) LCOM value and TCC value of 1 for Account 
(cluster1), Customer (cluster2), and Loan (cluster3) 
indicate high cohesive classes. Hence our approach could 
identify the low cohesive class, and the clusters to be 
refactored. The increase in cohesion after refactoring, 
indicate the effectiveness of the approach in identifying 
proper clusters for refactoring.  
 

 

  

 Before 
Refactoring 

                           After Refactoring 

      Cluster1     Cluster2      Cluster3 

 LCOM TCC 
 

LCOM TCC 
 

LCOM TCC 
 

LCOM TCC 
 

Example 1 7 .47 0 1 0 1 - - 
Example 2 9 .43 0 .5 0 1 - - 
Case Study 5 .49 0 1 0 1 0 1 
 

Table 4.  LCOM and TCC values before and after refactoring 
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The proposed approach is useful because of the following 
reasons: 

- It handles the situation where Agglomerative 
clustering technique (ACT) alone cannot identify 
proper clusters. Presenting to the user clusters at 
different thresholds may not solve the problem. In 
some situations, clusters at any threshold other 
than maximum (which leads to a single cluster) 
may contain clusters with single members or 
small clusters with one member or clusters with 
only variables. In that situation ACT does not 
guide us how to merge those small clusters. 
Hence, proposed metrics will help  in those 
situations. 

-  In our approach, we need to specify one 
threshold value somewhere in between 0 and 1, 
which is neither near to 0 nor near to 1. Merge 
small clusters with the help of proposed metrics. 
The rules (in what situations the groups should be 
merged) can be specified to the tool, which guide 
the merging process using the proposed metrics. 
Hence, they reduce the human intervention to 
study the clusters at different thresholds and 
decide.  

- When a single member is tried to be merged, if 
metrics values are equal with respect to two or 
more clusters, it can be merged by considering 
coupling with respect to other classes.  

5. Conclusions 

In this paper, we proposed an approach for identifying low 
cohesive classes and clusters of concepts in low cohesive 
classes potential for extract class refactoring. Proposed 
approach consists of two steps. In step 1, low cohesive 
classes are identified. In step 2, the clusters of concepts in 
low cohesive classes are identified for extract class 
refactoring. The proposed approach is based on metrics 
supplemented agglomerative clustering technique. 
Agglomerative Clustering Technique is based on the 
Jaccard similarity metric values between class members. 
Metrics which are used to supplement agglomerative 
clustering technique are newly proposed. The metrics are 
validated using Weyuker’s properties. The approach is 
applied on two examples and on academic software 
developed by students. In the two examples and case study 
our approach could find low cohesive classes and clusters 
of concepts to be refactored. The low cohesive class 
identified by our approach in the bank application has high 
LCOM and low TCC value. High LCOM and low TCC 
values indicate low cohesive class. The clusters identified 
by our approach are refactored using extract class 
refactoring. After refactoring the LCOM metric value is 

decreased whereas TCC metric value is increased. These 
values indicate increase in cohesion due to refactoring the 
clusters of concepts into new classes. The increase in 
cohesion after refactoring, indicate the effectiveness of the 
approach in identifying proper clusters for refactoring. 
Hence, our approach could effectively identify low 
cohesive classes and clusters of concepts to be refactored.  
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Abstract 

Software engineering comprehends several disciplines devoted to 
prevent and remedy malfunctions and to warrant adequate 
behavior. Testing is a widespread validation approach in industry, 
but it is still largely ad hoc, expensive, and unpredictably 
effective. In today's industry, the design of software tests is 
mostly based on the testers' expertise, while test automation tools 
are limited to execution of pre-planned tests only. Evaluation of 
test outputs is also associated with a considerable effort by 
human testers who often have improper knowledge of the 
requirements specification. This manual approach to software 
testing results in heavy losses to the world's economy. This paper 
proposes the potential use of data mining algorithms for 
automated induction of functional requirements from execution 
data. The induced data mining models of tested software can be 
utilized for recovering missing and incomplete specifications, 
designing a minimal set of regression tests, and evaluating the 
correctness of software outputs when testing new, potentially 
inconsistent releases of the system.  
 

Keywords: Automation, bagging, Data Mining 

1. Introduction 

As we know that creating a reliable and hence a fault free 
software is one of the major goals of a software developer. 
This makes software testing one of the most important and 
critical phases in the software development life cycle. 
The process of software testing includes four phases [1] 
namely modeling the software environment, selection of 
test cases, running and evaluating test cases and measuring 
testing progress. As the test case automation is increasing 
the volume of the test is growing. It makes the selection of 
test cases very difficult, making the test case reduction 
highly desirable. After selecting and running the test cases 
the tester has to evaluate whether the selected test cases 
expose a fault or not. Traditionally this step was done 
manually by the human tester,  

which required a lot of time. As the software systems are 
growing larger the burden on the human tester is increasing. 
Using an automated oracle to support the activities of 
human tester can reduce the cost of the testing process and 
hence the related maintenance costs [2]. Data Mining is an 
analytic process designed to explore data (usually large 
amounts of data - typically business or market related) in 
search of consistent patterns and/or systematic 
relationships between variables, and then to validate the 
findings by applying the detected patterns to new subsets 
of data. The ultimate goal of data mining is prediction - 
and predictive data mining is the most common type of 
data mining and one that has the most direct business 
applications. 

2. Crucial Concepts in Data Mining 

The concept of bagging (voting for classification, 
averaging for regression-type problems with continuous 
dependent variables of interest) applies to the area of 
predictive data mining, to combine the predicted 
classifications (prediction) from multiple models, or from 
the same type of model for different learning data. It is also 
used to address the inherent instability of results when 
applying complex models to relatively small data sets. 
Suppose the data mining task is to build a model for 
predictive classification, and the dataset from which to 
train the model (learning data set, which contains observed 
classifications) is relatively small. You could repeatedly 
sub-sample (with replacement) from the dataset, and apply, 
for example, a tree classifier (e.g., C&RT and CHAID) to 
the successive samples. In practice, very different trees will 
often be grown for the different samples, illustrating the 
instability of models often evident with small data sets. 
One method of deriving a single prediction (for new 
observations) is to use all trees found in the different 
samples, and to apply some simple voting: The final 
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classification is the one most often predicted by the 
different trees. 

3. Automated Software Testing 

Today, rigorous application testing is a critical part of 
virtually all software development projects. As more 
organizations develop mission – critical systems to support 
their business activities, the need is greatly increased for 
testing methods that support business objectives. It is 
necessary to ensure that these systems are reliable, built 
according to specification and have the ability to support 
business processes.  

[3]Software testing using an automatic test program will 
generally avoid the errors that humans make when they get 
tired after multiple repetitions. The test program won't skip 
any tests by mistake. The test program can also record the 
results of the test accurately. The results can be 
automatically fed into a database that may provide useful 
statistics on how well the software development process is 
going. On the other hand, software that is tested manually 
will be tested with a randomness that helps find bugs in 
more varied situations. Since a software program usually 
won't vary each time it is run, it may not find some bugs 
that manual testing will. Automated software testing is 
never a complete substitute for manual testing.  

Automation allows the testing organization to perform 
consistent and repeatable test. When applications need to 
be deployed across different hardware or software 
platforms, standard or benchmark tests can be created and 
repeated on target platforms to ensure that new platforms 
operate consistently.  

3.1Automated testing Lifecycle  

 
 
Fig 1. Automated Testing Lifecycle 
 
The Automated Test Lifecycle comprises of six primary 
components: 

• Decision to automate Testing 
• Test Tool Acquisition 
• Automated Testing introduction process 
• Test Planning Design and Development 
• Execution and Management of Tests 
• Test Program Review and Assessment 
 

3.2 Typical Testing Steps 
 
Most software testing projects can be divided into general 
steps 
a) Test Planning: This step determines like ‘which’ and 
‘when’.  
b) Test Design: This step determines how the tests should 
be built the level of quality.  
c) Test Environment Preparation: Technical environment is 
established during this step.  
d) Test Construction: At this step, test scripts are generated 
and test cases are developed.  
e) Test Execution: This step is where the test scripts are 
executed according to the test plans.  
f) Test evaluation: After the test is executed, the test results 
are compared to the expected  
results and evaluations can be made about the quality of an 
application. 
 
3.3 Challenges of Automated Testing 

Though automated testing has a lot of benefit, but it also 
has some associated challenges. Following list includes 
some of the major challenges of automation [4]: 

 

• Selection of Test Tool 

• Customization of Tool 

• Selection of Automation Level 

• Development and Verification of Script 

• Implementation of Test Management System 

3.4 New Approach To Automatically Generate Test 
Cases 
 
Data Mining algorithms can be efficiently used for 
automated modeling of tested systems. Induced Data 
Mining models can be utilized for recovering system 
requirements, identifying equivalence classes in system 
inputs, designing a minimal set of regression tests, and 
evaluating the correctness of software outputs.  
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For this a new approach to automatically generate test 
cases from SRS and mining of test cases has been 
discussed.  

 A formal transformation of a detailed SRS to a 
UML state model  

 The generation of test cases from the state model 

 Mining of Test cases. The introduction of agents 
can bring enhancement 

3.5 Need for effective test automation 
 
The systematic production of high-quality software, which 
meets its specification, is still a major problem. Although 
formal specification methods have been around for a long 
time, only a few safety-critical domains justify the 
enormous effort of their application. The state of the 
practice, which relies on testing to force the quality into the 
product at the end of the development process, is also 
unsatisfactory. The need for effective test automation adds 
to this problem, because the creation and maintenance of 
the test ware is a source of inconsistency itself and is 
becoming a task of comparable complexity as the 
construction of the code. 

3.6 The Approach   

 

Fig 2. Automatically Generated Test Cases From Software 
Requirements Specification mining System 

(1) Generation of classification rules.  
(2) Generate test cases from the UML state machine.  
(3) Finally data mining techniques are applied on the 

generated test cases in order to further   reduce 
the test suite size.  

 
3.7 Mining Techniques for Test Suite Reduction 
 
Data mining is the process of extracting patterns from data. 
As more data are gathered, with the amount of data 
doubling every three years, data mining is becoming an 
increasingly important tool to transform these data into 
information. It is commonly used in a wide range of 
profiling practices, such as marketing, surveillance, fraud 
detection and scientific discovery.  
While data mining can be used to uncover patterns in data 
samples, it is important to be aware that the use of non-
representative samples of data may produce results that are 
not indicative of the domain. Similarly, data mining will 
not find patterns that may be present in the domain, if 
those patterns are not present in the sample being "mined". 
There is a tendency for insufficiently knowledgeable 
"consumers" of the results to attribute "magical abilities" 
to data mining, treating the technique as a sort of all-seeing 
crystal ball. Like any other tool, it only functions in 
conjunction with the appropriate raw material: in this case, 
indicative and representative data that the user must first 
collect. Further, the discovery of a particular pattern in a 
particular set of data does not necessarily mean that pattern 
is representative of the whole population from which that 
data was drawn. Hence, an important part of the process is 
the verification and validation of patterns on other samples 
of data. The term data mining has also been used in a 
related but negative sense, to mean the deliberate searching 
for apparent but not necessarily representative patterns in 
large numbers of data. To avoid confusion with the other 
sense, the terms data dredging and data snooping are often 
used. Note, however, that dredging and snooping can be 
(and sometimes are) used as exploratory tools when 
developing and clarifying hypotheses. 
According to [5] , A program fails when it does not do 
what it is required to do .The purpose of testing a program 
is to discover faults that cause the system to fail rather than 
proving the program correctness . A successful test should 
reveal a problem in software; tests that do not expose any 
faults are useless, since they hardly provide any indication 
that the program works properly [6]. In developing a large 
system, the test of the entire application (system testing) is 
usually preceded by the stages of unit testing and 
integration testing . The activities of system testing include 
function testing, performance testing, acceptance testing, 
and installation testing Ideally, a minimal test suite can be 
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generated from a complete and up-to-date specification of 
functional requirements. Unfortunately, frequent changes 
make the original requirements documentation, even if 
once complete and accurate, hardly relevant to the new 
versions of software [7]. To ensure effective design of new 
regression test cases, one has to recover (reverse engineer) 
the actual requirements of an existing system. In [8], 
several ways are proposed to determine input-output 
relationships in tested software. Thus, a tester can analyze 
system specifications, perform structural analysis of the 
system’s source code, and observe the results of system 
execution. While available system specifications may be 
incomplete or outdated, especially in the case of a "legacy" 
application, and the code may be poorly structured, 
execution data seems to be the most reliable source of 
information on the actual functionality of an evolving 
system. In  paper [9],the idea is extended  initially 
introduced as input-output analysis of execution data can 
be automated by the IFN (Info-Fuzzy Network) 
methodology of data mining [11] [10]. In [9] the proposed 
concept of IFN-based testing has been demonstrated on 
individual discrete outputs of a small business program. 
The current study evaluates the effectiveness of the IFN 
methodology on a complex expert-system application 
having multiple continuous outputs.  

4. RELATED STUDIES 

 
The Paper [12]   describes that Data Mining algorithms can 
be efficiently used for automated modeling of tested 
systems. Paper [13] proposes a way to process large 
amounts of data using a machine learning technique from 
association rule mining. [14] In this paper Case-Based 
Reasoning and Data mining are used as efficient methods 
for effort estimation and automated testing . 
 

5. CONCLUSION 
 

With this new proposed approach the system will 
automatically generate test cases from SRS and mining of 
test cases. Firstly a formal transformation of a detailed 
SRS to a UML state model, secondly the generation of test 
cases from the state model and lastly mining of Test cases. 
The introduction of agents can bring enhancement to the 
proposed Approach. Thus it will facilitate the mining and 
knowledge extraction from test cases and this technique 
can be utilized with automated software testing. This new 
approach  gives a new direction to automated software 
testing using data mining and hence a novel approach in 
software testing. 
 

 

 
6. FUTURE SCOPE 

 
More new approaches can be researched to enhance the 
mining  and knowledge extraction from test cases and thus 
making software testing automation more and more 
powerful. 
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Abstract 

In hot and humid climates thermal comfort can become a 
problem to the occupants of many residential buildings 
especially when they are not equipped with air-
conditioning system. This paper presents outcomes of an 
ongoing research work to investigate thermal comfort level 
in a naturally ventilated residential house in Malaysia using 
computational fluid dynamics (CFD) method. Actual 
measurements of the temperature distribution, relative 
humidity and air flow pattern were conducted. CFD 
simulations on the model of the house allow us to visualize 
the temperature distribution and air flow pattern and 
velocity in the house. The thermal comfort in the house 
was found to be well outside the limits specified by 
ASHRAE standards. CFD simulation was used to 
investigate the effects of using a ceiling fan installed in the 
middle of the hall section and rotating at 150 RPM. It was 
found that the fan produced swirling flow pattern in the 
hall section resulting in a more uniform temperature 
distribution inside the house. However, there is no 
significant improvement in the thermal comfort level in the 
house. Results of CFD simulations also show that the use 
of small extractor fans installed on the front and back walls 
has no significant effects on the thermal comfort level in 
the house.  Although the mechanical ventilation devices 
did not help improve the thermal comfort in the house 
being studied, the CFD simulation results can be used by 
building designers and engineers to further improved the 

level of thermal comfort in residential houses in hot and 
humid climates that are naturally ventilated. 
 
Keywords: Thermal Comfort in a Residential Building, 
Computational Fluid Dynamics, Naturally Ventilated Residential 
House. 

1. Introduction 

In hot and humid climates, thermal comfort in both 
residential and commercial buildings is essential. Most 
residential buildings are not equipped with air-conditioning 
systems. Instead they rely mostly on natural ventilation, 
passive cooling system and mechanical ventilation devices 
such as ceiling and extractor fans to achieve certain level 
of thermal comfort. Special attention must be given to the 
design and installation of these devices so as to optimise 
their effects to thermal comfort. Moreover, the quality and 
energy efficiency of these devices varies widely. 

It is therefore critical to assess several important building 
characteristics at the design stage. These include the ability 
to improve energy efficiency, effects of solar radiation, 
effects of air flow due to wind and the most importantly the 
occupant’s comfort. To assess the thermal comfort, it is 
necessary to analyse the air velocity, temperature 
distribution, and relative humidity of the air in the interior 
space of the building. Standards that may be used to 
evaluate thermal comfort are widely available and 
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numerical methods such as computational fluid dynamics 
(CFD) may be utilized to assist in the analysis.  

A CFD software such as Fluent is a useful tool that can be 
used to create a virtual model of the building interior and 
simulate air flow, temperature profile and humidity which 
are directly related to thermal comfort, before the actual 
construction can be done. Modifications to an existing 
building can also be simulated using the CFD method prior 
to any physical renovations. 

2. Human Thermal Comfort 

Human thermal comfort is defined as the state of mind that 
expresses satisfaction with the surrounding environment 
[1]. Maintaining the thermal comfort for occupants of 
buildings or other enclosures is one of the important goals 
of the Heat, Ventilation and Air-conditioning 
(HVAC) design engineers. Thermal comfort in buildings is 
affected by the transfer of heat energy 
by conduction, convection, radiation, and evaporative heat 
loss. Thermal comfort will be maintained when the heat 
generated by human metabolism is allowed to dissipate, 
thus a person will maintain thermal equilibrium with his 
surroundings. Any heat gain or loss beyond this level will 
generate a sensation of discomfort. The sensation of 
feeling hot or cold is not just dependent on air temperature 
alone. Other factors that can affect human thermal comfort 
are the relative humidity of the ambient air, the air 
movement pattern and its velocity, radiant heat exchange, 
metabolic rate of a person and the person’s clothing [2].   

The thermal comfort condition in a ventilated building may 
be assessed through the air flow pattern and its velocity, 
the temperature distribution and the indoor air quality [3]. 
A good indoor climate will not only make its occupants 
comfortable but also promote the energy saving and its 
sustainability [4]. Natural ventilation implies that air is 
supplied and removed from the indoor space of a building 
by natural means.  The effectiveness of natural ventilation 
therefore depends very much on the design features of the 
house [5]. Natural ventilation is usually coupled with the 
use of mechanical ventilation system such as extractor and 
ceiling fans to provide better ventilation and thus thermal 
comfort condition.  

Computational fluid dynamics (CFD) is a branch of fluid 
mechanics that uses numerical methods and algorithms to 
solve and analyze problems that involve fluid flows. 
Computers are used to perform the calculations required to 
simulate the interaction of liquids and gases with surfaces 
defined by boundary conditions. With high-
speed supercomputers, better solutions can be 
achieved. Many researchers have used CFD to analyze 
thermal comfort in building spaces and investigating the 
effects of natural and stratified ventilations on the thermal 

comfort. Some used this technique to improve the 
efficiency of energy usage for the building. These are very 
difficult to be carried out by using other methods [6]. 
Bastide et.al. [7] used CFD to predict building energy 
efficiency. Serra & Semiao [8] used CFD to evaluate and 
compare between two different ventilation strategies and 
Stravrakakis et.al. [9] used CFD to evaluate the effect of 
window sizes to thermal comfort and hygiene in buildings. 

This paper presents a study on thermal comfort in a single-
storey terrace residential house in Malaysia, which is not 
furnished with an air-conditioning system. The goal of this 
study is to assess the level of thermal comfort in the house 
when it is naturally ventilated and when a ceiling fan is 
used together with the natural ventilation. Fluent CFD 
software was used to construct a virtual model of the 
house. CFD simulations were performed to predict the air 
flow and temperature distributions in the house. The 
simulation procedure was validated by comparing results 
of the CFD analysis with data from actual measurement. 
The effects of a ceiling fan, installed in the hall section of 
the house and extractor fans installed at the front and rear 
walls of the house, on the air flow and temperature 
distributions were also investigated.  

3. Thermal Comfort Study of a Residential 
House 

Figure 1 shows a virtual model of the interior regions of a 
residential single-storey terrace house we used as a case 
study developed using Fluent CFD software. The house 
comprises of several regions namely the hall, stack and 
kitchen. The house is not furnished with air-conditioning 
system and is naturally ventilated, i.e. both the front and 
rear doors opened.  

 

Fig. 1 CFD model of a residential house considered in this 
study. 

To assess the level of thermal comfort in the house, we 
carried out measurements to acquire the average 
temperature of the ambient air, the relative humidity of the 
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air and the average velocity of the air inside the house. The 
data were recorded during a time span from 12AM to 
9PM. The data was compared with the upper and lower 
limits of thermal comfort specified by the ASHRAE 
standard [1] in order to assess the level of thermal comfort 
in the house.  

3.1 Comfort Conditions with Natural Ventilation 

Figure 2 shows variation of the average temperature of the 
ambient air inside the various sections of the house when 
the house is naturally ventilated. The air temperature in all 
sections decreases from about 29°C at 12AM to about 
27°C at 6AM. Thereafter, the air temperature increases and 
reaching the highest value of about 31°C at 6PM. Also 
shown in Figure 2 are limits of air temperature for 
acceptable level of thermal comfort, as specified by the 
ASHRAE standard [1]. It can be seen that at any given 
time, the average temperature of the ambient air inside the 
house is well outside the limits of acceptable thermal 
comfort. 
 

 
Fig. 2 Variation of average temperature of the air inside 
the house. 

Figure 3 shows variation of the relative humidity of the 
ambient air inside the house. Also shown in this figure are 
the limits of relative humidity for acceptable level of 
thermal comfort, as specified by the ASHRAE standard 
[1]. The figure shows that the relative humidity of the air 
fluctuates within the range from about 71% at 10AM to 
81% at 3AM. At any given time, the ambient air inside the 
house is too humid and this condition would cause thermal 
discomfort to the occupants.  
 

 
Fig. 3 Variation of relative humidity of the air inside the 
house. 

The variation of average air velocity in various sections of 
the house is shown in Figure 4. Also shown in this figure 
are the limits of air velocity for acceptable level of thermal 
comfort, as specified by ASHRAE standard [1]. It can be 
seen that the air velocity in the hall and stack sections is 
fairly constant at about 0.1 m/s from 1PM to 6PM. The air 
velocity in the kitchen area appears to fluctuate from 0.1 
m/s to 0.2 m/s. At any given time, the average velocity of 
the air inside the house is below the acceptable level of 
thermal comfort specified by ASHRAE standard [1]. 
 

 
Fig. 4 Variation of average velocity of the air inside the 
house. 

3.2 Comfort Conditions with Combined Natural 
Ventilation and a Ceiling Fan 

The above findings clearly show the thermal comfort in the 
house is well below a satisfactory level when the house is 
ventilated naturally. Clearly, some means of increasing the 
comfort level is required. The simplest way is by the use of 
a ceiling fan. We then turned on the ceiling fan which was 
installed in the hall section of the house, during the entire 
data collection period. After a steady-state condition was 
established, we repeated the measurements for the average 
temperature of the ambient air, relative humidity of the air 
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and the average velocity of the air in the various sections 
of the house. The goal is to investigate the effects of the 
use of the ceiling fan on these thermal comfort parameters.   

Figure 5 shows the variation of average temperature of the 
air when the ceiling fan was turned on. It can be seen that 
the air temperature in all regions of the house decreases 
from about 30°C at 12AM to about 27°C at about 10AM. 
Thereafter, the temperature increases as more sensible heat 
is gained by the air, reaching the highest value of about 
31°C at 6PM. With the ceiling fan turned on, the 
temperature of the air inside the house is still outside the 
thermal comfort limits specified by ASHRAE [1]. 
 

 
Fig. 5 Variation of average temperature of the air inside 
the house when the ceiling fan was turned on. 

The variation of relative humidity of the air inside the 
house when the ceiling fan was turned-on is shown in 
Figure 6. It is seen that the relative humidity of the air in 
all sections of the house fluctuates during the data 
collection period, reaching the highest value of 80% at 
1PM and the lowest value of 65% at 6PM. The relative 
humidity of the air is also outside the thermal comfort 
limits specified by ASHRAE standard [1]. 

The variation of air velocity inside the house with the 
ceiling fan turned on is shown in Figure 7. It is seen here 
that the air velocity in the hall section is still above the 
limit of thermal comfort level specified by ASHRAE 
standard [1]. However, the air velocity in the stack section 
appears to be below the comfort level limit. The air 
velocity in the kitchen section is in the acceptable level of 
thermal comfort.  
 

 
Fig. 6 Variation of relative humidity of the air inside the 
house when the ceiling fan was turned on. 

 

 
 

Fig. 7 Variation of air velocity inside the house when the 
ceiling fan was turned on. 
 
The above results show that although a ceiling fan was 
turned on during the entire data collection period, the 
thermal comfort conditions in the house were still outside 
the recommended acceptable level specified by the 
ASHRAE standard [1]. Clearly, some other means of 
mechanical ventilation need to be implemented in order to 
further improve the thermal comfort conditions inside the 
naturally ventilated house. 
 
In the next section, we describe the use of computational 
fluid dynamics (CFD) method to model and simulate the 
thermal comfort conditions of the house. Our goal is to 
predict the temperature distribution and velocity profile of 
the ambient air inside the house for two conditions. First is 
when the house was naturally ventilated and secondly is 
when the ceiling fan was turned on. We used the thermal 
comfort data we collected to verify the CFD modeling and 
simulation procedure. Once verified, we then used the 
model to investigate if the thermal comfort conditions in 
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the house could be improved by the use of other 
mechanical ventilation method.   

4. CFD Analysis of the Residential House 

Figure 1 shows the virtual model of the residential house 
we considered in this study. The flowchart shown in Figure 
8 summarizes the procedure we employed in performing 
the CFD modeling and simulating the thermal comfort 
conditions inside the house.  
 

 
Fig. 8 CFD modeling and simulation procedure. 

Three CFD models of the house were developed in this 
study. The first model represents the house with natural 
ventilation. The second model represents the house with 
natural ventilation and furnished with a ceiling fan, 
installed in the middle of the hall section. The third model 
represents the house furnished with the ceiling fan and two 
extractor fans. One extractor fan was installed on the front 
wall near the door while the other on the real wall, also 
near the door. The CFD simulations were performed on 
these models to investigate the distribution of air 
temperature and air velocity inside the house, under the 
given ventilation conditions. 

4.1 CFD Simulation on Naturally Ventilated 
House 

We first performed CFD simulation on the model which 
represents the house that is naturally ventilated. After 
meshing the model, we imposed the boundary conditions 
(BCs) on the model that represent the natural ventilation 
conditions, namely with the front door, middle door and 

back door opened. In addition, there is an opening near the 
top of the stack, on the front wall to allow outside air to 
flow into the house. These boundary conditions are shown 
in Table 1. The values of all parameters were taken from 
the actual measurement from the house. 

Figure 9 shows the distribution of air velocity obtained 
from the CFD simulation. With natural ventilation, the air 
is seen to flow in a streamline condition from the front 
door towards the door on the middle partition wall, with 
decreasing velocity. It appears that air circulation also 
occurs in the middle of the hall but there is almost no air 
flow near wall far from the door. The air flows from the 
middle door towards the back door also in a streamline 
condition and with increasing velocity. Uneven flow 
condition is seen in the stack section and in the kitchen, in 
the area close to the rear wall. 

Table 1 Boundary conditions for the house with natural 
ventilation. 

Types of BCs Zone Parameters 

Inlet Air 
Velocity 

Front door Velocity = 0.4 m/s 
Temperature = 29.6ºC 

Stack Velocity = 0.4 m/s 
Temperature = 29.8ºC 

Outlet Air 
Pressure 

Back Door Pressure = 101 kPa  
Temperature = 29.3ºC 

Wall Thermal 
Conditions 

Stack Heat gain = 10 W/m2 

Temperature = 30ºC 

Front wall Heat gain = 29.8 W/m2 

Temperature = 29.3ºC 

Back wall Heat gain = 19.8 W/m2 

Temperature = 29.4ºC 
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Fig. 9 Distribution of air velocity (in m/s) when the house 
is naturally ventilated. 

Figure 10 shows the contour of temperature distribution on 
the walls and the air inside the house. The temperature 
distribution for the air is taken at a height of 1.5 m above 
the floor level. It can be seen that the air temperature in the 
hall is almost uniform at about 302K (29°C). However, the 
air temperature is slightly higher close to the front wall. 
The air temperature in the kitchen is also quite uniform at 
about 303K (30°C). There is a significant temperature 
variation on the front wall surface with the highest 
temperature is about 305K (32°C). This is due to a high 
heat gain through this wall. The front wall of the stack and 
back wall of the house are at a fairly uniform temperature 
of about 303K (30°C).  

 
Fig. 10 Temperature (in Kelvin) distribution in the house 
when it is naturally ventilated. 

4.2 CFD Simulation on Naturally Ventilated 
House with Ceiling Fan 

Next, we performed similar CFD simulation on the second 
model of the house, which represents the naturally 
ventilated house with the ceiling fan turned on. The goal is 
to investigate the effects of the ceiling fan on the air 

temperature and velocity distributions. The boundary 
conditions prescribed on this model are similar to those 
given in Table 1. An additional boundary condition was 
prescribed on the model to represent the ceiling fan that 
was installed in the middle of the hall and rotating at a 
speed of 150 RPM.  
 
Figure 11 shows the distribution of air velocity in the 
house. It can be seen that the ceiling fan had caused 
swirling air flow in the hall section. The swirling flow 
intensity appears to be highest in the area closed to the 
front wall. The air flow velocity increases compared to the 
natural ventilation condition, where the highest air velocity 
is about 1.3 m/s near the front wall. Swirling air flow 
condition can also be seen in the area closed to the middle 
partition wall. The air is seen to flow in a streamline 
condition from the door on the partition wall towards the 
back door, with a uniform velocity. Lower air velocity with 
uniform pattern occurs in the stack section. Vortex flow 
condition can also be seen in the kitchen, in the area closed 
to the wall, near the door.  

 
Fig. 11 Distribution of air velocity (in m/s) when the 
ceiling fan was turned on.  

Figure 12 shows the temperature distribution in the house 
when the ceiling fan was turned on. It is seen that the 
temperature distribution in the hall appears to be uniform 
at about 302K (29°C). The temperature in the kitchen also 
appears to be uniform at about 303K (30°C). There are no 
more high temperature spots on the front wall when the fan 
is turned on. The temperature distribution on the back wall 
and front side of the stack is also uniform at about 303K 
(30°C).  
 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 205



 

 

 

Fig. 12 Temperature (in Kelvin) distribution in the house 
when the ceiling fan was turned on. 

The above observation shows that when the ceiling fan was 
turned on, vortex and swirling air flow conditions were 
created in the hall area. The fan also increases the air flow 
velocity everywhere else inside the house. But the air 
velocity is much higher than the level specified by 
ASHRAE standard [1] which could cause discomfort to the 
occupants. However, the ceiling fan does help to make the 
temperature distribution in the house to become more 
uniform, particularly in the hall section. 

4.3 CFD Simulation on Naturally Ventilated 
House with Ceiling and Extractor Fans 

Finally we perform CFD simulation on the third model of 
the house. This model represents the naturally ventilated 
house furnished with a ceiling fan and two extractor fans 
which are installed on the front and back wall, near the top 
of the doors. We anticipated that the extractor fans will 
improve the air flow and circulation conditions inside the 
house, thus improving the temperature distribution. We 
prescribed the same boundary conditions as those for the 
second model. In addition, we introduced extractor fans by 
prescribing little openings on the front and back walls, 
through which air at a pressure of 101 kPa and temperature 
of 29°C flows with a velocity of 1.4 m/s.  

Figure 13 shows the distribution of air velocity inside the 
house when the extractor fans were turned on along with 
the ceiling fan. It can be observed that the extractor fan 
installed on the front wall does not seem to have significant 
effects on the flow condition and velocity of the air inside 
the hall section. The amount of air and velocity of the air 
blown by this fan are probably too small to have any 
significant effects on the swirling flow condition of the air 
created by the ceiling fan. Nevertheless the extractor fan 
installed on the back wall appears to affect the air flow 
condition in the stack and kitchen sections.  
 

 
Fig.13 Distribution of air velocity inside the house when 
the ceiling fan is used along with the extractor fans. 

Figure 14 shows the distribution of air temperature inside 
the house, on a plane 1.5 m above the floor. It can be seen 
that the temperature distribution inside the hall section 
remains uniform at about 302K (29°C) and appears to be 
unaffected by the air blown by the extractor fan on the 
front door. The temperature distribution on the front and 
back wall appears to the more uniform with a couple of 
high temperature spots occur near the corners of the house. 
High temperature spot can also be seen at the bottom 
corner of the stack. The front wall, back wall and stack 
wall show higher temperature than the air inside the house 
due to the heat gain from the surrounding. 

 
Figure 14 Distribution of air temperature inside the house 
when the ceiling fan is used along with the extractor fans. 

The above finding suggests that the use of small extractor 
fans installed on the front and back walls closed to the 
door has almost negligible effects on the temperature 
distribution in the house. The flow condition and velocity 
of the air in the hall section are also unaffected by the 
extractor fans. Both parameters are still outside the range 
of thermal comfort level specified by ASHRAE [1].  
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5. Conclusion 

A thermal comfort study on a naturally ventilated single-
storey terrace residential house was presented. Actual 
measurements on the air temperature, relative humidity and 
air flow velocity show that the thermal comfort in the 
house is well outside the recommended limits specified by 
the ASHRAE standard. CFD simulations were conducted 
on the representative models of the house. Using this 
method, we were able to observe the temperature 
distribution and air flow conditions inside the house when 
it was naturally ventilated. The use of a ceiling fan, 
installed in the middle of the hall section and rotating at 
150 RPM, produces a swirling flow of the air in the hall 
section. The distribution of air temperature becomes more 
uniform almost everywhere inside the house. However, the 
level of thermal comfort in the house still remains outside 
the recommended level. Results of CFD analysis also show 
that the use of two extractor fans, installed on the front and 
back wall respectively, has insignificant effects on the 
temperature distribution as well as air flow pattern inside 
the house. The research will continue to find the effective 
methods of improving the thermal comfort in the house. 
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Abstract 

Unimodal biometric systems have to contend with a 
variety of problems such as noisy data, intra-class 
variations, restricted degrees of freedom, non-universality; 
phishing attacks spoof attacks, and high false acceptance 
rates. In order for the biometrics to be ultra-secure and to 
provide more-than-average accuracy, more then one form 
of biometric identification is required. Hence some of 
these limitations can be addressed by a combination of 
different biometric recognition technologies that integrate 
the evidence presented by multiple sources of information. 
In the proposed work Fingerprint Key and Signature Keys 
are generated from the Fingerprint and Handwritten 
Signature of the legitimate user. The system is quite robust 
because it is trained by Artificial Neural Network and 
Machine Intelligence. Two Combined Keys are generated 
by Genetic crossover of those two keys. Finally by 
interleaving the combined keys Encryption Key is 
generated. In this approach there is a significant 
improvement over the traditional Unimodal biometric 
authentication techniques. 
  
Keywords: ANN; Minutiae; Center of Gravity;Aspect Ratio; 
Training;  SHA-512, Crossover 
 
1.  Introduction 

Biometrics, described as the science of recognizing an 
individual based on her physiological or behavioral traits, 
is beginning to gain acceptance as a legitimate method for 
determining an individual’s identity. Different biometrics 
such as fingerprints, hand geometry, iris, retina, face, hand 
vein, facial thermogram,signature, voice, etc. to either 
validate or determine an identity [1].Most biometric 
systems deployed in real-world applications are unimodal, 
i.e., they rely on the evidence of a single source of 
information for authentication (e.g., single fingerprint or 
face). Some of the limitations imposed by Unimodal 

biometric systems can be overcome by including multiple 
sources of information for establishing identity [2]. Such 
systems, known as multimodal biometric systems, are 
expected to be more reliable due to the presence of 
multiple, (fairly) independent pieces of evidence [3]. 
Minutiae are local discontinuities in the fingerprint pattern. 
All popular AFIS are minutiae-based [4,5,6]. Usually each 
minutiae is described by the position in the coordinate, the 
direction it flows and the type, whether it is ridge ending 
or bifurcation. [7,8, 9,10]. Signature is a socially accepted 
authentication method and is widely used as proof of 
identity in our daily life. Signature verification can be 
classified into two categories:  signature verification [11, 
12] and offline signature verification [13].All the 
Signature verification system of today are verification 
system and the features that are mostly used are Baseline 
Slant Angle, Aspect Ratio, Center of Gravity.Figure 1 
illustrates the structure of Minutiae, center of gravity and 
Baseline slant angle of handwritten signature. 
 

   

Figure 1: Minutiae (a) Ridge ending (b) Bifurcation     Signature (c) 
Center of Gravity (d) Slant angel 

Artificial Neural Network: Artificial neural networks are 
constituted of artificial neurons. An ANN is a system 
consisting of processing elements (PE) with links between 
them. A certain arrangement of the PEs and links produce 
a certain ANN model, suitable for certain tasks [14]. A 
Multi-Layer-Perceptron (MLP) is a kind of feed-forward 
ANN model consisting of three adjacent layers; the input, 
hidden and output layers. Each layer has several PEs. 
Figure 2 illustrates the structure of a MLP 
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Figure 2: A schematic diagram of a MLP neural network 

2. Proposed Algorithm 

Following are the main steps of proposed algorithm. 
 

a. Biometric Fingerprint Key Generation  
 Step 1  Image Acquisition  
 
 Step 2 Enhancement of the Image 
 
 Step 3 Feature extraction 
 

Step 4  Training with different sample   images 
using ANN 

 
Step 5 Template Finger print is obtained 
 

 Step 6 Biometric Key of 512 bit is generated 
from the given template. 

 
b. Handwritten Signature Key generation 
 
c. Generation of two intermediate keys by genetic 

crossing over of Biometric key and Signature key.  
 

d. Final Encryption Key generation 
 
e. Encryption of data using Final Encryption Key once 

fingerprint is match with the template. 
 

f. Decryption of data is done using the Final 
Encryption key after fingerprint is match with the 
template. 

 
The sequence of steps for complete authentication process 
is given in the schematic diagram. Figure 3 illustrates the 
scheme. 
 

 
 

Figure 3: Schematic diagram: The sequence of multimodal authentication 
process. 

3. Explanation of Algorithm 
 
Step 1: In the initial phase the Fingerprint and Signature 
image are obtained using Bio-sensor scanner which is a 
flatbed scanner with 600 DPI. 
 
Step 2: Then the image (Fingerprint) is preprocessed to 
remove the noise using various preprocessing techniques 
like segmentation, Normalization, Orientation, Ridge 
frequency estimation and Gabor filtering. Figure 4 
illustrate the Image enhancement process. 
 

 
 

Figure 4: A schematic diagram of a fingerprint Enhancement 
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Step 3: Enhanced image is then binaries and thinning 
operation is performed to make the ridges single pixel 
width. Try to find the location of “1” in the thinned image. 
The number “1” basically represent the ridges. Taking a 
‘3*3’ window mask with 1 as a starting point finding the 
absolute difference between the center pixel and 
neighborhoods pixel. If the value is 1(ridge ending) or 3 
(bifurcation) then find the angel at which the ridge is 
moving. Store the coordinates, angles and the calculated 
values.  

Step 4: Before the ANN training the data was divided 
into three datasets; the training, validation and test. Here 
data are Minutiae points (ridge ending and bifurcation) 
which are extracted from a set of fingerprint images. The 
training set was used to train the MLP, the validation set 
was used for early-stopping of the training process and the 
test set was used to evaluate the MLP performance after 
completion of the training process. The training data set 
consist of different sample images. 

Steps involved: 
Forward propagation: The output of each node in the 
successive layers is calculated  

O (output of a node) =1/ (1+exp (-ΣWij xi))  (a) 
 

The Error E (Im) of an image pattern Im is calculated with 
respect to Target (T) 

E (Im) =1/2(Σ T (Im)-O (Im)) 2                           (b) 

 
Reverse Propagation: The error δ for the nodes in the 
output layer is calculated 

δ(output layer) = o(T) - o( Im)             (c) 
 

The new weights between output layer and hidden layer 
are updated  
      W (n+1) =W (n) + ή δ(output layer)       (d) 
 
The training of the network is stopped when the desired 
mean square error (MSE) is achieved 
          E (MSE) = ΣE (Im)                               (e) 
 
Step 5: A Finger Template is created using the training 
sets .The implementation and simulation were carried out 
with the aid of neural networks built in function using 
Matlab (7.5.0) and Java 
 
Step 6: A finger biometric key of length 512 bit is 
generated using SHA512 hash algorithm. With SHA512 a 
variable-length message is converted into a fixed-length 
output of 512 bits. The input message is broken up into 
chunks of 1024 -bit blocks (sixteen 64-bit little endian 
integers); the message is padded so that its length is 
divisible by 1024. The padding works as follows: first a 
single bit, 1, is appended to the end of the message. This is 

followed by as many zeros as are required to bring the 
length of the message up to 128 bits less than a multiple of 
1024. The remaining bits are filled up with a 128-bit 
integer representing the length of the original message; 
after initialization of SHA512 buffer with a Eight-word 
buffer  (A,B,C,D,E,F,G,H) compute the message digest 
and finally process message in 16-word blocks to get the 
output. Figure 5 illustrates the Biometric key generation 
process. Figure 5 illustrates the Key Generation process 
with SHA512 

 
Figure 5: A schematic diagram of key Generation process with 

SHA512 

 
Step 7: After obtaining the signature image various 
preprocessing operation are performed to remove the noise 
caused by the scanner. The image is then cropped, to the 
bounding rectangle of the signature. Finally transform the 
signature image from color to grayscale, and to black and 
white. Figure 6 illustrate the Image enhancement process. 

             
 

Figure 6: A schematic diagram of a Signature Enhancement 

 
Step 8: From the enhanced signature image we calculate 
the center of gravity, slant angel also the aspect ratio of the 
image .stores those value. Training, signature template 
creation as well as generating the signature biometric key 
from the signature template is same as step 4, step 5 and 
step 6. 
 
Step 9: Two Combined keys of 512 bit each are generated 
by Genetic Crossover of Finger Key and Signature Key.  
Figure 7 illustrates the Genetic finger biometric key and 
genetic signature key generation process 
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Figure 7: Two combine keys are generated by Crossover 

 
Step 10: A Final key of length 1024 bit is generated by 
interleaving two Combined Keys obtained from the 
previous step. Figure 8 illustrates the Final Key generation 
process. 

 
Figure 8: A Final key of length 1024 bit is generated 

 
Step 11: Taking the File from the user encrypts the data 
using the Final Key. After taking the file from the user 
store it in a temporary array after converting the character 
of the file into their corresponding binary format. Stored 
the binary values in the 8x8 matrix which is filled up row 
wise where each row corresponds to a single character. 
Perform columnar transposition on the matrix. Finally 
perform the bitwise AND operation on the data using Final 
key .Given file is now encrypted. 
 
Step 12: Taking the Sample fingerprint and Handwritten 
Signature from the user extract the feature and compare it 
with the template to find whether the matching score is 
within the threshold. If it is within the range then generate 
the Fingerprint Biometric key (512 bit) and Signature 
Biometric key from the template. The Final key (1024) is 
generated using the finger biometric key and signature 
biometric key. Decrypt the encrypted file using the Final 
Key. 
 

 
 
 
 
 
 
 

4. Results & Discussions 

In this section, we have presented the experimental results 
of the proposed approach, which is implemented in 
MATLAB (7.5) and Java (JDK1.6). We have tested the 
proposed approach with different sets of input images. 
Initially Fingerprints and Handwritten Signature are 
scanned using standard Bio-sensor scanner with required 
resolution. As there can be some imperfection in the 
capture of images, enhancement has been done followed 
by extraction of feature (Minutiae points for fingerprint 
and slant angle, aspect ratio and center of gravity for 
handwritten signature).  Figure 9 illustrate the different 
stage of the fingerprint image, Handwritten Signature 
image. 
 

 

 
 

 Figure 9: (a) Raw Image, (b) Enhanced Image, (c) Thinned Image and 
(d) Image with Minutiae points. 

 

 
 

Figure 9:  (e) Raw Image (f) Enhanced, Cropped Image (g) Image with 
Center of gravity (h) Image with Slant Angle 

 
Figure 10 and 12 shows the data that are not match with 
the template data while figure 11, 13 shows data that are 
closely matched with the template. Figure 14 shows finger 
Biometric key generated from template while figure 15 
shows Signature Biometric key generated from template 
and figure 16 shows combine key generation process. 
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Figure 10: Showing result that is not matched with template (Target 
output vs.  Computed output on Test data) 

 

 
 
Figure 11: Showing result that is closely matched with template (Target 

output vs.  Computed output on Test data) 

 

 
 

Figure 12: Showing result that is not matched with template (Compersion 
between Actual data and Predicted data) 

 

 
 

Figure 13: Showing result that is closely matched with template 
(Compersion between Actual data  and Ppredicted data) 

 

 
 

Figure 14: Finger Biometric key generated from template. 

 
 

Figure 15: Signature key generated from template. 

 

 
 

Figure 16: (a) & (b) Combine Key (512 bit) Generations by Crossing 
over of Signature Key & Finger Print Key (c) Final key (1024 bit) 

 
5. Conclusions 

 
The proposed approach minimizes the shortcomings of 
Unimodal authentication technique by using ANN. Most 
of the available applications use full fingerprint but in this 
approach a portion of the Fingerprint is good enough to 
generate the biometric key and hence minimizes False 
Rejection Ratio (FRR).Also in this approach combined the 
use of  handwritten signature technique and fingerprint  
system is  to eliminate the limitation of  Unimodal system. 
So using this approach sensitive data can be made more 
secure than any traditional technique. Experimental results 
are also satisfactory. This research has may be further 
extended using more reliable biometric features. 
 
 
 
 
 
 
 
 
 
 
 
 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 213



References 
  
[1] A. K. Jain, A. Ross, and S. Prabhakar, “An 
introduction to biometric recognition,” IEEE Trans. on 
Circuits and Systems for Video Technology, vol. 14, pp. 
4–20, Jan 2004. 
 
[2] A. Ross and A. K. Jain, “Information fusion in 
biometrics,” Pattern Recognition Letters, vol. 24, pp. 
2115– 2125, Sep 2003. 
 
[3] L. I. Kuncheva, C. J. Whitaker, C. A. Shipp, and R. P. 
W. Duin, “Is independence good for combining 
classifiers?,” in Proc. of Int’l Conf. on Pattern Recognition 
(ICPR), vol. 2, (Barcelona, Spain), pp. 168–171 
 
 
[4] Zhang Tanghui, Tian Jie, He Yuliang, Yang Xin, "A 
Combined  Fingerprint Matching AlgorithmBased on 
Similarity Histogram",Chinese Journal of  Computers, 
2005, Vol.28(10), pp.1728-1733.  
 
[5] Anil Jain, Arun Ross, "Fingerprint Matching Using 
Minutiae and Texture Features", ICIP, 2001,pp.282-285 
 
[6] A. K. Jain, L. Hong, S. Pantanki and R. Bolle, An 
Identity Authentication System Using Fingerprints, Proc 
of the IEEE, vol, 85, no.9,1365-1388, 1997. 
 
[7] Hong, L., Y.Wan and A.K.Jain, 1998. Fingerprint 
Image Enhancement: Algorithm and performance 
Evaluation. IEEE. Trabs. PAMI, 20(8): 777-789 

 
 
[9]Anil K. Jain, Salil Prabhakar, Lin Hong "A 
Multichannel Approach to Fingerprint    
Classification", IEEE Trans on. PAMI, 1999, Vol.21 (4), 
pp.348-359 
 
[10]Tanmay Bhattacharya, Sirshendu Hore, Ayan 
Mukherjee ,S. R. Bhadra Chaudhuri  “A   Novel      
Highly Secured Session Based Data Encryption Technique 
Using  Robust Fingerprint Based  Authentication” 
Advances in Networks & Communications, CCSIT Part 2 
(2011) pp 422-431, Springer 
 
[11] A. Jain, F. Griess, and S. Connell. On-line signature 
verification. Pattern recognition, 35(12):2963 2972, 2002   
 
[12] V. Nalwa. Automatic on-line signature verification. 
Proceedings of the IEEE, 85(2):215– 239, 1997 
 
[13 ] M. Kalera, S. Srihari, and A. Xu. Offline signature 
verification and identification using distance   Statistics, 
2004. 
 
[14]B.Jayaraman, C.Puttamadappa ,E.Anbalagan 
,E.Mohan and Srinivasarao Madane,            Fingerprint 
Authentication using Back-propagation Algorithm of 
International Journal of Soft Computing 3(4) :282-287, 
2008 ISSN:1816-9503 
 
 

 
[8]Jain, A., Hong, L., Bolle, R.: On-line Fingerprint 
Verification. IEEE Trans. on Pattern  Analysis and 
Machine Intelligence, Vol.19, No.4 (1997) 302–313. 
 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 214



 

 

Fast Hybrid PSO and Tabu Search Approach for Optimization of 
a Fuzzy Controller 

Nesrine TALBI1,2 and Khaled BELARBI2 
 

 1 Electronic Department, Jijel University 
Jijel, ALGERIA 

 
2 Electronic Department, Mentoury University 

Constantine, ALGERIA 
 
 

Abstract 
In this paper, a fuzzy controller type Takagi_Sugeno zero order is 
optimized by the method of hybrid Particle Swarm Optimization 
(PSO) and Tabu Search (TS). The algorithm automatically 
adjusts the membership functions of fuzzy controller inputs and 
the conclusions of fuzzy rules. At each iteration of PSO, we 
calculate the best solution and we seek the best neighbor by Tabu 
search, this operation minimizes the number of iterations and 
computation time while maintaining accuracy and minimum 
response time. We apply this algorithm to optimize a fuzzy 
controller for a simple inverted pendulum with three rules. 
Keywords: Particle Swarm Optimization, Tabu Search, Fuzzy 
Controller, inverted pendulum. 

1. Introduction 

Evolutionary algorithms, originally designed to optimize 
the parameters, have been shown to intervene as early in 
solving a problem. If in the case of optimizing parameters 
of a controller, the controller structure is given in advance, 
many studies show that evolutionary algorithms can be 
used to automatically obtain this structure. They can 
intervene at the design phase of the control system and 
optimize both the parameters and structure of the control 
system. 
The particle swarm optimization (PSO) is a technique that 
evolutionary uses a "population" of solutions candidate to 
develop an optimal solution of the problem. The degree of 
optimality is measured by a fitness function defined by 
user ( Clerc et al. 2001, Dutot et al. 2002, Ji et al. 2007, 
Kennedy and al. 1995 and 2001). The PSO is different 
from other methods of evolutionary computation in order 
that members of the public called '' particles '' are scattered 
in space of the problem (Kennedy et al. 1995 and 2001). 
The behavior of the swarm must be described from the 
point of view of a Particle (Kennedy et al. 2001, Omran 
2004, Van den Bergh 2002, Venter et al. 2002).  
From the algorithm, a swarm is randomly distributed in 
space research each particle also has a random speed.  
PSO is easy to implement and there are few parameters to 
adjust, but it suffers from slow convergence in refined 

search stage   (weak local search ability). In this context, 
we tried to solve the problem of convergence time with the 
combination of PSO and Tabu Search(TS) which is easy to 
implement and has the advantage of saving all the old 
solutions visited using the principle of memory to avoid 
backtracking (cyclical). 
In this paper, we propose a hybrid PSO-TS algorithm to 
optimize a fuzzy controller for Takagi-Sugeno zero-order. 
The controller inputs are the error and derivative of error 
and the output is the control itself. The algorithm 
automatically adjusts the triangular membership functions 
of input and fuzzy singletons of output. This fuzzy 
controller is used for stabilization of a simple inverted 
pendulum. 
This paper is organized as follows: Section 2 presents the 
general structure of fuzzy controller to optimize, In 
Section 3, the PSO is explained. Section 4 summarizes 
Tabou Search, and the hybrid algorithm of the hybrid 
Particle swarm optimization and Tabu Search is presented 
in section 5. Simulation results are presented in Section 6. 
Finally, Section 7 outlines our conclusions.  
 

2. Fuzzy Logic Controller (FLC) to be 
optimized 

A FLC is composed of a knowledge base, that includes the 
information given by the expert in the form of linguistic 
control rules, a fuzzification interface, which has the effect 
of transforming crisp data into fuzzy sets, an inference 
system, that uses them together with the knowledge base 
to make inference by means of a reasoning method and a 
defuzzification interface, that translates the fuzzy control 
action thus obtained to a real control action using a 
defuzzification method [1]. 
In this paper we will optimize a fuzzy controller Takagi-
Sugeno zero-order. The controller inputs are the error𝑒𝑒(𝑡𝑡) 
and the derivative of the error ∆𝑒𝑒(𝑡𝑡), and its output is the 
command 𝑢𝑢(𝑡𝑡). 
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2.1 Fuzzification 

For flexibility in the implementation of the regulator, we 
must limit the universe of input and output at intervals 
determined by the normalization of input and output [-1,1], 
to do this, we use gains of adaptations to have the desired 
dynamic. 

 

 

 

 

 

Fig. 1 Membership functions of inputs and output 

The triangular membership functions are used for the 
Fuzzification of inputs (see Fig. 1). For example, the input 
𝑒𝑒(𝑡𝑡) is fuzzified by following membership functions: 

𝜇𝜇𝑁𝑁(𝑥𝑥) = �
1

𝑎𝑎2 − 𝑥𝑥
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𝑖𝑖𝑖𝑖 𝑎𝑎1 ≤ 𝑥𝑥 < 𝑎𝑎2
𝑖𝑖𝑖𝑖 𝑥𝑥 ≥ 𝑎𝑎2
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2.2  Fuzzy Inferences 

The fuzzy rule base consists of three fuzzy rules according 
the Table 1. For the mechanism of inference, we used the 
method "min - max". 

 

 

 

     
 
 
 
 
 
 
 
                           

Table 1. Fuzzy Rule Base 
 
 
 
 

 

 

2.3  Defuzzification 

we use the center of gravity for the defuzzification. 

3. Particle Swarm Optimization (PSO) 

PSO is a population-based stochastic optimization 
technique developed by Eberhart and Kennedy [2] that 
was inspired by social behavior of bird flocking or fish 
schooling. In PSO, each single solution is a “bird” in the 
search space. We call it “particle”. All the particles have 
fitness values that are evaluated by the fitness function to 
be optimized, and have velocities that direct the flying of 
the particles. The particles fly through the problem space 
by following the current optimum particles [3].  
 
In every iteration, each particle is updated by following 
two “best” values. The first one is the best solution and has 
achieved so far. This value is called pbest. Another “best” 
value that is tracked by the particle swarm optimizer is the 
best value, obtained so far by all particles in the 
population. This best value is a global best and called 
gbest [3]. 
During the iteration time t, the update of the velocity from 
the previous velocity to the new velocity is determined by 
Eq. (2). The new position is then determined by the sum of 
the previous position and the new velocity by Eq. (3): 
 

𝑉𝑉(𝑡𝑡 + 1) = 𝑒𝑒𝑉𝑉(𝑡𝑡) + 𝑐𝑐1 ∗ 𝑅𝑅1 ∗ �𝑝𝑝𝑝𝑝𝑒𝑒𝑒𝑒𝑡𝑡(𝑡𝑡) − 𝑝𝑝(𝑡𝑡)� 
+ 𝑐𝑐2 ∗ 𝑅𝑅2 ∗ (𝑔𝑔𝑝𝑝𝑒𝑒𝑒𝑒𝑡𝑡(𝑡𝑡) − 𝑝𝑝(𝑡𝑡))             (2) 

 
𝑝𝑝(𝑡𝑡 + 1) = 𝑝𝑝(𝑡𝑡) + 𝑉𝑉(𝑡𝑡 + 1)                  (3) 

 
𝑉𝑉 is the particle velocity, The variable w is called as the 
inertia factor, 𝑝𝑝  is the current solution, and 𝑝𝑝𝑝𝑝𝑒𝑒𝑒𝑒𝑡𝑡  and 
𝑔𝑔𝑝𝑝𝑒𝑒𝑒𝑒𝑡𝑡  are defined as stated before. 𝑅𝑅1  and 𝑅𝑅2  are the 
random numbers uniformly distributed within the interval 
[0,1]. The variables 𝑐𝑐1, 𝑐𝑐2 are learning factors. 
In order to guide the particles effectively in the search 
space, the maximum moving distance during one iteration 
is clamped in between the maximum velocity 
[−𝑉𝑉𝑉𝑉𝑎𝑎𝑥𝑥,𝑉𝑉𝑉𝑉𝑎𝑎𝑥𝑥]  given in Eq. (4) and similarly for its 
moving range given in Eq. (5) [4]: 
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𝑉𝑉(𝑡𝑡) = 𝑒𝑒𝑖𝑖𝑔𝑔𝑠𝑠(𝑉𝑉(𝑡𝑡))min(|𝑉𝑉(𝑡𝑡)|,𝑉𝑉𝑉𝑉𝑎𝑎𝑥𝑥)             (4) 
𝑝𝑝(𝑡𝑡) = 𝑒𝑒𝑖𝑖𝑔𝑔𝑠𝑠�𝑝𝑝(𝑡𝑡)�min(|𝑝𝑝(𝑡𝑡)|, 𝑝𝑝𝑉𝑉𝑎𝑎𝑥𝑥)             (5) 

4. Tabu search (TS) 

Tabu search is a higher level heuristic algorithm for solving 
combinatorial optimization problems. It is an iterative 
improvement procedure that starts from any initial solution 
and attempts to determine a better solution. TS was 
proposed in its present form a few years ago by Glover [5]. 
It has now become an established optimization approach 
that is rapidly spreading to many new fields. The flowchart 
of TS algorithm procedure is shown in Fig. 2 [6]. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 2  Flowchart of a standard TS algorithm 

 

5. Hybrid PSO-TS learning algorithm 

To accelerate the convergence of PSO, it was proposed to 
combine the PSO algorithm with Tabu search to find a 
better solution in a minimum computation time and 
accuracy. 

At each iteration of PSO, we calculate the best solution, 
then we will search its best neighbor by TS on minimizing 
a certain criterion (objective function) is the mean square 
error (MSE) calculated by the following equation: 

𝑀𝑀𝑀𝑀𝑀𝑀 = 1/𝑠𝑠𝑛𝑛 ∑ 𝑒𝑒(𝑘𝑘)2𝑠𝑠
𝑘𝑘=1                       (6) 

 
Where: 𝑠𝑠  is the total number of samples and T the 
sampling time, 𝑒𝑒(𝑘𝑘) = 𝑒𝑒(𝑘𝑘) − 𝑦𝑦(𝑘𝑘)  is the difference 
between the value of the desired output 𝑒𝑒(𝑘𝑘) and the value 
of the measured output 𝑦𝑦(𝑘𝑘) process under control. 
 
Before turning to the hybrid algorithm PSO-TS, we must 
first introduce the particle on which the parameters are 
encoded to optimize. These are the parameters of each 
membership function of inputs, and conclusions of fuzzy 
rules. 
According to Fig. 3 the particle will consist of nine 
parameters which are the modal values of membership 
functions of input and output fuzzy singletons, respecting 
the following constraint: 

�
𝑎𝑎1 < 𝑎𝑎2 < 𝑎𝑎3
𝑝𝑝1 < 𝑝𝑝2 < 𝑝𝑝3
𝑐𝑐1 < 𝑐𝑐2 < 𝑐𝑐3

� 
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Fig. 3 Particle structure of PSO-TS 
 
The pseudo-code of the procedure PSO-TS is as 

follows: 
 
Begin PSO 

Initialize 𝑅𝑅1,𝑅𝑅2, 𝑐𝑐1, 𝑐𝑐2,𝑒𝑒 
Initialize 𝑉𝑉𝑉𝑉𝑖𝑖𝑠𝑠,𝑉𝑉𝑉𝑉𝑎𝑎𝑥𝑥, 𝑝𝑝𝑉𝑉𝑖𝑖𝑠𝑠, 𝑝𝑝𝑉𝑉𝑎𝑎𝑥𝑥 
Initialize Particles randomly 
 
Do 

For each particle  
Calculate fitness value by Eq.  (6) 

If the fitness value is better than the best   
fitness value (𝑝𝑝𝑝𝑝𝑒𝑒𝑒𝑒𝑡𝑡) in history 

set current value as the new 𝑝𝑝𝑝𝑝𝑒𝑒𝑒𝑒𝑡𝑡 
End 

Choose the particle with the best fitness value of 
all the particles as the 𝑔𝑔𝑝𝑝𝑒𝑒𝑒𝑒𝑡𝑡 

For each particle 
Calculate particle velocity,𝑉𝑉, according Eq. (2) 
Normalize 𝑉𝑉 by Eq. (4) 

Modal values of 
  membership 
function of  
  Input e 

Modal values of  
membership 
function of 
  input Δe 

Conclusions of 
fuzzy rules 

Initial 
solution 

Create a set of 
neighbour solutions 
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solution 

Update 
Tabu list 
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Final 
solution 

No 
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Update particle position,𝑝𝑝, according Eq. (3) 
Normalize 𝑝𝑝 by Eq. (5) 

End 
 
Begin Tabu Search 

Set the iteration counter 𝑘𝑘 = 0 
Initialize the tabu list 𝑛𝑛 = 0 
Initialize the aspiration function 
Do 

      For each particle    
    Generate solutions randomly 

Evaluate each neighbor by Eq. (6), and 
choose the best neighbor 𝑝𝑝 

    Update the Tabu list and aspiration function 
End 

While the list tabu is not full or iteration is  not  
reached 

     End 
 

While maximum iterations is not reached 
End 

6. Application 

We will apply the hybrid PSO-TS algorithm to optimize a 
fuzzy controller Takagi-Sugeno zero-order. This controller 
will be used to control a simple inverted pendulum 
modeled by Eq (7). 

�̈�𝜃 =
− 𝑢𝑢 𝑐𝑐𝑜𝑜𝑒𝑒𝜃𝜃 + 𝑝𝑝  𝑐𝑐𝑜𝑜𝑒𝑒𝜃𝜃�̇�𝑥 − 𝑉𝑉 𝑙𝑙 �̇�𝜃2𝑒𝑒𝑖𝑖𝑠𝑠𝜃𝜃 − (𝑀𝑀 + 𝑉𝑉) 𝑔𝑔 𝑒𝑒𝑖𝑖𝑠𝑠𝜃𝜃

𝑙𝑙 � 4
3(𝑀𝑀 + 𝑉𝑉) −𝑉𝑉 𝑐𝑐𝑜𝑜𝑒𝑒2𝜃𝜃�

 (7) 

Where 𝜃𝜃 is the angular position and 𝑢𝑢 the control signal. 

 𝑔𝑔 = 9.8 𝑉𝑉/𝑒𝑒2 is the gravity constant, 𝑉𝑉𝑐𝑐  (mass of the 
cart) 1 kg, 𝑉𝑉𝑝𝑝  (mass of the pendulum) 0.1 kg,  𝑙𝑙 (length of 
the pendulum) 0.5 m. 

The objective is to maintain the broom in the upright 
position by means of the force f for any initial position of 
the broom without regard to the position and velocity of 
the cart. 

The block diagram (see Fig. 4) shows the strategy 
optimization of the controller: 

 

 

 

 

 

 

 

Fig. 4 Optimization of Fuzzy Controller 
 

The cost function is calculated by Eq. (6) with a nominal 
model. The initial conditions are:𝜃𝜃(0) = 0.22 𝑒𝑒𝑎𝑎𝑟𝑟, �̇�𝜃(0) =
0 𝑒𝑒𝑎𝑎𝑟𝑟/𝑒𝑒𝑒𝑒𝑐𝑐. 

 
The PSO-TS algorithm was run for 2 generations. After 
each generation of PSO, TS was run for 5 iterations, The 
last generation contained a set of stable and performance 
satisfying solutions with controllers having three rules 
extracted for analysis. 
 
Fig. 6 shows the form of membership functions of inputs 
and output after optimization and Fig. 7 shows the 
evolution of the cost function. The PSO-TS algorithm 
converges in a computation time equal to 2.88 sec with a 
response time of 0.2 sec < ts < 0.8 sec. 
To demonstrate the robust ability of the selected fuzzy 
controller with proposed method method, different initial 
conditions (0.22 rad < 𝜃𝜃 < 0.8 rad) are shown in Fig. 5. 
The simulation result shows that the inverted pendulum is 
successfully controlled by the PSO-TS algorithm, and the 
angle of pole is quickly converged toward the balance. 
 

 

Fig. 5. the pendulum response to optimal fuzzy  controller for differents 
initial conditions. 
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Fig. 6  Arrangement and  forms of membership functions of the premises 
and conclusions after optimization  

 

Fig. 7. Fitness function during iterations 

7. Conclusion 

In this paper, the PSO- TS hybrid algorithm is used to set 
the parameters of membership functions of inputs and 
conclusions of rules of fuzzy controller for Takagi-Sugeno 
zero-order, the latter is used to stabilize a inverted 
pendulum. 
Simulation results have shown that the application of the 
proposed algorithm has improved the calculation time and 
the response time while optimizing the accuracy and 
simplifying the structure of this controller. We used only 
three fuzzy rules and a minimum number of generations 
for the implementation of this algorithm. The robustness 
test has proven the reliability of fuzzy controller 
optimized. 
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Abstract 
Watermarking using genetic algorithm for the optimization of the 
tread-off between the watermarking requirements has attacked 
the attention of researchers; amongst the watermarking 
requirements, the imperceptibility and robustness is the main 
requirements. Watermarking embedded in frequency domain 
using DWT or DCT can affect the imperceptibility and 
robustness of watermarking, this paper studies the effect of 
embedding domain on the imperceptibility and robustness in 
genetic watermarking. Results of watermark image quality and 
attacks based on peak signal-to-noise ratio (PSNR) numerical 
correlation (NC) is analyzed through the paper sections, the 
DWT results showed more robustness high imperceptibility than 
DCT in watermarking based on GA. 
Keywords: watermarking, genetic algorithm. DWT, DCT. 

1. Introduction 

Since digital multimedia have become progressively 
advanced in the rapidly growing field of internet 
application, data securities, including copyright protection 
and data integrity detection, have become a vast concern. 
One key for achieving information security is digital 
watermarking, which embeds hidden information or secret 
data in the image [1]. This technology works as a suitable 
tool for identifying the source, creator, owner, distributor, 
or authorized consumer of a document or image. Also 
watermarking can be used to detect a document or image is 
illegally distributed or modified [2]. 
Watermark techniques can be divided into two groups: 
Visible and invisible, the visible watermark is used if 
embedded watermark is intended to be seen by human  
 
 
 

eyes, For example, a logo inserted into corner of an image.  
While the invisible watermark is embedded into a host 
image by sophisticated algorithms and is invisible to the 
human eyes [3] 
 
Watermarking techniques also can be classified according 
to its robust as robust, semi-fragile and fragile [3], Robust 
watermarks are designed to survive intentional (malicious) 
and unintentional (non-malicious) modifications of the 
watermarked image [4-6], Semi-fragile watermarks are 
layout for detecting any unauthorized alteration, and 
allowing in the same time some image processing 
operations [7, 8]. On the contrary, a watermarking 
technique that cannot robust against noise or attacks is 
called fragile technique[3]. Fragile watermarking 
techniques are concerned with complete integrity 
verification. Furthermore, watermarking techniques can be 
classified as blind and non-blind, Blind watermarking [9] 
techniques don’t  require access to the original un-
watermarked data (image, video, audio, etc.) to recover the 
watermark. In contrast, non-blind watermarking technique 
requires the original data [3, 9] needed for extraction of the 
watermarked. In general, the non-blind scheme is more 
robust than the blind watermark as it is obvious that the 
watermark can be extracted easily by knowing the un-
watermarked data. 
 
According to the embedding, watermarking techniques 
divided into two embedding domain, spatial domain and 
frequency domain [3, 9].The main concept of spatial 
domain [10] is to insert a watermark into an image by 
modifying the gray value of certain pixels in the image [11, 
12]. The classical methods are to modify the last 
significant bits (LSB) of specific pixels of the host image 
based on the watermark bits [3].For frequency domain, the 
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main concept to insert a watermark into frequency 
coefficients of the transformed image using the discrete 
cosine transform (DCT), the discrete wavelet transform 
(DWT) [13],  or other kind of transforms techniques [3, 9]. 
There are requirements and constraints in design effective 
watermarking algorithms the three fundamental amongst it 
are:  

• Imperceptibility:  should the difference between 
the watermarked image and the original image not 
noticeable and visible by human eyes, 

• Robustness: is the ability of watermarking to 
survive and withstand any intentional or 
unintentional attacks, 

• Capacity: is the number of bits embedded into the 
original image.                                                      

 
The above watermarking requirements are conflicting with 
each other. If watermark is embedding bits into higher 
frequency coefficient would change the image as little as 
possible and achieve the imperceptibility. However, that 
would reduce the robustness since the watermarked image 
may experience filtering and the hidden watermark may be 
vanished. Also if watermark is Embedding bits into lower 
frequency coefficient would increase the robustness. 
However, this would sacrifice the imperceptibility 
[14],[15]. The watermarking problem can be viewed as an 
optimization problem. Therefore, genetic algorithm (GA) 
can be used for solving such problem [16], [17]. 
 
In this paper we present the effectiveness of embedding 
domain in the robustness of genetic watermarking. Section 
2 briefly describes DWT and DCT embedding domain. 
Then an overview about genetic algorithm (GA) and some 
related watermark using genetic algorithm are briefly 
reviewed. In section 3 we disuse some result of previous 
works to obtain imperceptibility results and compare 
attacks results of it in order to identify the robust 
embedding domain in watermarking using GA. 

2. Watermarking embedding domain: 

 2.1 Discrete Cosine Transform (DCT): 

Discrete cosine transform (DCT) is a general orthogonal 
transform for digital image processing and signal 
processing, with such advantages, as high compression 
ratio, small bit error rate, good information integration 
ability and good synthetic effect of calculation complexity. 
DCT is a widely used mechanism for image transformation 
and has been adopted by JPEG to compress images; 
discrete cosine transform (DCT) is a Fourier-related 
transform similar to the discrete Fourier transform 

(DFT)[18]. Discrete cosine transform (DCT) turn over the 
image edge to make the image transformed into the form of 
even function[19]. It’s one of the most common linear 
transformations in digital signal process technology. The 
DCT allows an image to be broken up into different 
frequency bands, making it much easier to embed 
watermarking information into the middle frequency bands 
of an image. The middle frequency bands are chosen such 
that the most visual important parts of the image (low 
frequencies) is to be avoided without over-exposing it to 
removal through compression and noise attacks (high 
frequencies)[20].  
 
In DCT domain, DC component is more suitable to embed 
watermark than AC component (AC). Firstly, DC 
component has larger perceptual capacity. so, after 
embedding watermark it doesn’t cause obvious change for 
visual quality of original image; secondly, signal 
processing and noise interference have smaller influence 
for DC component than AC component[21].  
 

The DCT coefficients for output image are 

computed according to the input   as equation.1. 

Where is the input image with size pixels, is the 

raw and is the column of the image, whereas is 
the DCT matrix.   
 

 

(1) 

where 

 
 
 The image recreated by applying inverse DCT according 
to equation 2. 
 

2.2 Discrete Wavelet Transform (DWT): 

The wavelet transformation is a mathematical tool that can 
examine an image in  time and frequency domains, 
simultaneously  [22]. Discrete wavelet transform (DWT) is 

 

(2) 
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simple and fast transformation approach that translates an 
image from spatial domain to frequency domain. The 
DWT provides a number of powerful image processing 
algorithms including noise reduction, edge detection, and 
compression [23]. The transformed image is obtained by 
repeatedly filtering for the image on a row-by-row and 
column-by-column basis. An example of decomposing an 
image by a 2-level wavelet transformation is shown in Fig. 
1. Then after applying the 2-level analysis filter bank a 

four sub-band images will be obtained (LL, LH, HL, and 
HH), 

 Fig. 1 DWT decompose an image by 2-level 

2.3 Advantages of DWT over DCT 

According to[24] and [25], there is the DWT advantage 
over DCT as: 

1. No need to divide the input coding into non-
overlapping 2-D blocks, it has higher 
compression ratios avoid blocking artifacts. 

2. Allows good localization both in time and spatial 
frequency domain. 

3. Transformation of the whole image introduces 
inherent scaling 

4. Better identification of which data  is relevant to 
human perception higher compression ratio 

3. Genetic Algorithms 

Genetic Algorithms (GAs) introduced by Holland [26].GA 
is most widely used amongst the artificial optimization 
intelligent techniques. A GA is a stochastic searching 
algorithm based on the mechanisms of natural selection 
and genetics. GAs has been proven to be very efficient and 
stable in searching for global optimum solutions 
 
In general, GAs start with some randomly selected 
population, called the first generation. Each individual in 
the population called chromosome and corresponds to a 

solution in the problem domain. An objective called fitness 
function is used to evaluate the quality of each 
chromosome. The next generation will be generated from 
some chromosomes whose fitness values are high. 
Reproduction, crossover and mutation are the three basic 
operators used to repeat many time until a predefined 
condition is satisfied or the desired number of iteration is 
reached. According to the applications for optimization, 
designers need to carefully define the necessary elements 
for dealing with the GA. Then, the fitness function in 
addition to the terminating criteria is evaluated with the 
natural selection, crossover, and mutation operations [27]. 

3.1 Watermarking based on GA related works 

Researchers used GA to optimize the watermarking 
requirements, Wang et al [28] presented watermarking 
based on Genetic algorithm. They used bit substitution 
method. Huang et al [29] proposed watermarking method 
based on GA and DCT domain. They embedded 
watermark with visually recognizable patterns into image 
by selection modifying the middle frequency parts of the 
image. The GA is applied to search for the locations to 
embed into DCT coefficient block. In addition, Hsiang et 
al [16] proposed a robust watermarking based on DCT and 
GA. They tried to design a particle fitness function to solve 
the tread-off between the three watermarking matrices. On 
the other hand, they have considered the capacity to be 
constant. Moreover, Hsiang et al [30] have proposed 
watermarking based wavelet packet transform (WPT). 
They have assumed watermarked consists of 0’s and 1’s all 
bits of the watermark are embedded into host image. Also, 
Promcharoen and Rangsanseri [31] presented new 
approach for watermarking based on DCT. The authors 
used fuzzy C-mean (FCM) to classify the 8*8 block to 
texture or non-texture region. They used GA to find out the 
optimized parameter. As well as, Patra et al [32] proposed 
the digital watermarking scheme based on singular value 
decomposition (SVD). The authors used GA to optimize 
the conflict between quality and robustness. They used Sun 
et al algorithm for quantization embedding. Furthermore, 
Li et al [33] proposed watermarking based on DWT 
domain. They used Arnold transform and GA to improve 
the performance of watermarking algorithm. 

4. Result Analyses 

This section studies the effect of watermarking using GA 
on the embedding domains. Many of researchers have used 
Lena picture as the host image. They applied some types of 
attacks on that image after watermark embedding to prove 
the quality of their works. We chose some pervious works 
[34],[35],[36],[37],[38],[15],[31]and [39] to obtain 
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robustness results. As well as, we analysis some pervious 
works [40],[41],[42],[31],[43],[38],[35],[44],[37] and [36] 
in order to get imperceptibility results. Therefore, we were 
analyzed their works and study the imperceptibility of 
image after embedded and how the attacks were affected 
by embedded domains. 
 
The results were obtained through PSNR and NC 
measurements. PSNR (Peak signal-to-noise ratio) is 
measure the quality of the watermarked image by 
calculating the distortion between the watermarked and 
original image. While, NC (normalized correlation) It 
calculates the difference between the embedded and 
extracted watermark. 
 

 

Fig. 2 PNSR value of image in DCT domain 

 

Fig. 3 PNSR value of image in DWT domain  

 

It is concluded from comparing the obtained results of 
pervious work that, by calculating the difference between 
the original image and watermark image using PSNR 
measurement. Above figures show imperceptibility results 
for both embedded domains. The figure 3 shows the PSNR 
value according DWT embedding domain, while figure 3 
shows according DCT embedding domain. The most of the 
results of DWT were found to be higher than 40, whereas 
most DCT result less than that. Therefore, the DWT 
embedding domain is better for imperceptibility than DCT 
embedding domain. 
 

 

Fig.2 NC result after attack 

The figure shows the attacks effect of on DWT and DCT 
domains.  It shows in image processing operation like low-
pass filtering (LPF) and medium filtering (MF) that the 
DWT domain is better than The DCT domain. Other 
attacks like JPGE, Cropping (CR) and sharpening (SH) 
almost have the same results with some advantages of 
DWT. Gaussian noise (GN) give DCT better result more 
than DWT. Therefore, the DWT embedding domain is 
more robust than DCT embedding domain 
 
In the brief, DWT domain is better than the DCT domain 
for embedding in watermarking based on Genetic 
algorithm. 

5. Conclusions 

In this paper, we have proposed watermarking based on 
genetic algorithm and studied the effect of DWT and DCT 
embedding domain on imperceptibility and robustness of 
watermarking. As the result of the analysis obtained results 
by using PSNR and NC measurement. It is clarify the 
DWT is better than DCT for both imperceptibility and 
robustness of watermarking using genetic algorithm. In 
future work will study the affect of others optimization 
techniques and watermarking requirements with some 
testing experiments.  
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Abstract 

Digital watermarking algorithms are prune to different attacks. 
Of these geometric attacks are recognized as one of the strongest 
attacks for digital watermarking technology. Normalization 
watermarking algorithm is resistant to geometrical distortions 
and DC coefficients are perceptually most significant and more 
robust to many unintentional attacks (signal processing) and 
intentional attacks (unauthorized removal). In this paper we 
propose a robust non-blind watermarking algorithm based on DC 
coefficients and normalization. By applying discrete wavelet 
transformation technique (DWT) followed by block based 
Discrete Cosine Transformation (DCT) technique, DC 
components are obtained. The cover image is normalized using 
normalization algorithm in different frequency bands using 
wavelet decomposition and then block based DCT is applied. In 
the DC coefficients of the sub-band of the image, watermark is 
embedded. The algorithm resistant to geometrical distortions 
(rotation, scaling) and different other attacks (histogram 
equalization, noise) on different contrast images. The 
quantitative measurements like SNR (Signal to Noise Ratio), 
MSE (Mean Squared Error), RMSE (Root Mean Squared Error) 
and PSNR (Peak Signal to Noise Ratio) are tabulated. 

Keywords: Digital Watermarking, Normalization, Discrete 
Wavelet Transform (DWT), Discrete Cosine Transform (DCT). 

1. Introduction 

Generally information could be hidden either by directly 
modifying the intensity value of pixels or frequency 
coefficients of an image. The former technique is called 
spatial domain technique and later is called frequency 
domain technique. In transform domain casting of 
watermark can be done in full frequency band of an image 
or in specific frequency band such as in low frequency 
band or in high frequency band or in middle frequency 
band. If perceptually insignificant coefficients are selected 
for embedding then the watermark may be lost by common 
signal processing operations. Geometric attacks are 
thought of as one of the most dangerous attacks in the 

digital watermarking world. Although several 
watermarking schemes that handle geometric attacks have 
been introduced each of them has problems. A little 
distortion such as rotation, scaling, translation, shearing, 
change in aspect ratio [1] can defeat most of the existing 
watermarking algorithms. Geometrical robustness 
problems persist due to the ease of performing rotation, 
scaling, and translation (RST) attacks on images without 
much quality compromise.  A RST invariant domain 
watermark offers robustness against rotation, scaling, and 
translation attacks using invariant domains. This paper 
describes a digital image watermarking method that resists 
rotation, scaling, aspect ratio, histogram equalization, jpeg, 
noise attacks. The method exploits normalization. J' 
Ruanaidh and T. Pun [2] are the first to suggest a Fourier-
Mellin transform based watermarking scheme to handle 
geometric attacks, such as rotation, scaling and translation 
(RST).The algorithm seems workable theoretically, but 
proved to be difficult in implementation. C. Y. Lin and M. 
Wu, etc [3] proposed an improvement to the 
implementation difficulty [2] by embedding the watermark 
into a 1-dimensional signal obtained by projecting the 
Fourier-Mellin transformed image onto log-radius axis. 
Such algorithm can embed only one bit information, i.e. 
presence or absence of the watermark, and the 
implementation is still a headache and far from practical 
application. Pereira and Pun [4] proposed an approach to 
embed a template into the DFT domain besides the 
intended watermark. Moment based image normalization 
has been used in computer vision for pattern recognition 
for a long time [5].Parameters of affine geometric attacks 
are estimated through the detection of template. The 
scheme handles flipping, scaling and rotation attacks, and 
it is only used to embed 1-bit information. Thus 
determining the place of watermark is a conflict between 
robustness and fidelity and it is purely application 
dependent. 
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In [6] the image is divided into many block of size 8x8 and 
it is block transformed using DCT technique. These 
transformed blocks are randomly shuffled to decor relate 
and to spread the watermark across the entire image. The 
mid band blocks are selected from the permuted blocks to 
embed watermark. In [7] the cover is decomposed into four 
bands. The high frequency band is inverse transformed to 
obtain high frequency image and it is SVD decomposed to 
embed watermark by modifying high frequency 
components. Results show that the system is withstanding 
certain attacks including geometric attacks. In [8] Image is 
transformed by DWT technique to K level. The middle 
frequency band LH and HL are SVD transformed and 
watermark is hidden. Similarly in low frequency and high 
frequency band the watermark is embedded using 
distributed discrete wavelet transform method (DDWT). In 
[9], three level decomposition of DWT is applied on image 
to get ten bands of frequencies. All ten bands of frequency 
coefficients are SVD transformed to embed watermark. A 
new watermarking scheme for images based on Human 
Visual System (HVS) and Singular Value Decomposition 
(SVD) in the wavelet domain is discussed. Experimental 
results show its better performance for compression, 
cropping and scaling attack. In [10] two level 
decomposition of DWT is applied to transform an image 
into bands of different frequency and a particular band is 
selected and converted into blocks of size 4x4 for 
embedding data. Each of those the blocks are SVD 
transformed and watermark is hidden into diagonal matrix 
of every block. The similarity between the original 
watermark and the extracted watermark from the attacked 
image is measured using the correlation factor NC. The 
algorithm shows that when DWT is combined with SVD 
technique the watermarking algorithm outperforms than 
the conventional DWT algorithm with respect to 
robustness against Gaussian noise, compression and 
cropping attacks. Based on the review performed many 
works are existing for embedding watermark by combining 
DWT and SVD technique for intensity images. In the 
proposed work the image the image is first normalized 
using BNA algorithm and the watermark is embedded in 
the DC components of transformed image. In order to 
increase the robustness, the low frequency band can be 
selected. But to increase the capacity of the watermark full 
band can also be used. The selected band is divided into 
block of size 4x4 which in turn DCT transformed to obtain 
only DC coefficients. These DC coefficients are SVD 
transformed to embed watermark in singular values. 
 

2. Watermarking Algorithm 

In this paper, we implement a normalization algorithm 
(BNA) [11] based watermarking in DWT and DCT.  

2.1 Normalization Algorithm 

The NA [11] consists of two components. The first is a 
Rotate and Scale (RnS) step that rotates the signal by a 
fixed angle θ followed by scale normalization. The second 
component is the computation of the orientation indicator 
index (OII) defined below. The algorithm iterates 
repeatedly the RnS and OII steps. After a finite number of 
iterations, the signal corresponding to the maximum value 
of the OII is chosen as  fθ. 
 
1. Rotate and Scale (RnS):  
In this step, the signal is rotated by a angle θ and is scaled 
to the normalized the size by {1/α , 1/β }, where α and β 
are the dimensions of the region of support for the signal 
f(x, y), and are defined as   

       (1)
   
and 
  

        (2) 
 
If  f(x, y) is the input to the RnS step, the outcome f(xd,yd)   
is obtained by a coordinate transform,    

                       (3) 
  
 
2. Orientation Indicator Index (OII): 
OII [1] of f(x,y) is defined as 
 

                                                (4) 

    
 
Where 

  

  

  is the center of the mass for f(x,y) ,and defined as 

                                       (5.a) 

 
                                       (5.b) 
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3. BNA Algorithm 
The BNA[1] is slightly different version  from 
[12].Because of the periodic property of OII, a full rotation 
interval of θ = [0,2π] is time consuming and not necessary. 
Other orientations with max OII can be find by adding 
multiple π /2. 
The NA algorithm used in this paper is summarized as 
following. 

1) Recentering: Recenter f d (x, y) with respect to the 
center of mass (gx, gy) defined by eq .5. 

2) Scale normalization: Compute {α, β} from 
equation eq. 1,2, and scale the pixel coordinates 
(x, y) to (x/α, y/β). 

3) Calculate OII for each rotated position 
4) Iteration: Repeat steps 3 and 4 for rotation 

interval θ = [0, π /2]. 
5) Normalization: Selects the signal corresponding 

to the maximum value of the OII, and stores it as  
      fd(x,y) 
 

2.2 Discrete Cosine Transform 
 
DCT is another important transformation technique which   
is widely used due to its energy compaction and  
decorrelation  properties. DCT technique is faster than 
discrete Fourier transform since the bases are cosine 
function for the former technique and complex function for 
the later technique The transformed matrix consists of both 
AC and DC coefficients. If the DCT technique is applied 
on block of size NxN then it is called block DCT. In DCT 
transformed block the left top corner element is called as 
DC coefficient which is perceptually significant and the 
remaining coefficients are called AC coefficients which are 
perceptually insignificant. These coefficients are zigzag 
scanned to obtain frequency components of an image in 
decreasing order. These DC and AC components are 
modified to embed watermark in it [7][13]. Equ. 1 and 2 
are used for taking transformation and inverse 
transformation of an image.  

2.3 Discrete Wavelet Transform 

DWT is a transformation technique is used to represent an  
image in a new time and frequency scale by decomposing 
the input image into low frequency, middle and high 

frequency  bands. The value of low frequency band is the 
averaging value of the filter whereas the high frequency 
coefficients are wavelet coefficients or detail values. [4]. 
The DWT can be used to decompose image as a multistage 
transform. In the first stage, an image is decomposed into 
four subbands LL1, HL1, LH1, and 
HH1, where HL1, LH1, and HH1 
represent the finest scale wavelet 
coefficients, while LL1 stands for 

the coarse level coefficients, i.e., the approximation image. 
Fig.1 shows the one level wavelet decomposition of an 
image [14].  
 
 

 

2.4 Watermarking Scheme 

a. Find the normalized image using BNA algorithm 
as described in section 2.3. 

b. Apply DWT to decompose of an image into 
various frequency bands. 

c. Divide the middle frequency band and apply DCT. 
Divide DCT     transformed band into smaller 
blocks of size 4X4. 

d. Extract the DC coefficients δ i,j from every DCT 
transformed blocks. 

e. Modify the DC coefficients with the watermark 
coefficients W i,j . 

 
f. Replace the 

original DC’s   

  by the modified DC’s  in each block. 
Then apply inverse DCT and inverse DWT. 

g. Step b to step f is repeated for hiding watermark 
in other bands of a cover image. 

h. Inverse wavelet transformation technique is 
applied to get the watermarked. 

i. Restore the watermarked image to the original 
orientation and size. 

 
 
 
 
  

LL LH 

HL HH 

Figure 1: One level decomposition 

Figure 2: Watermark Embedding 
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2.5 Decoding Procedure 

Find the normalized image of watermarked image using 

BNA algorithm. 
a. Apply DWT to decompose of watermarked image 

into various frequency bands. 
b. Divide the middle frequency bands and apply 

DCT. Divide DCT     transformed band into 
smaller blocks of size 4X4. 

 

c. Extract the DC coefficients  from every DCT 
transformed blocks. 

d. Modify the DC coefficients with the watermark 
coefficients W I,j . 

 
e.  

 

f. Reconstruct the watermark image. In the proposed 
method, to extract the watermark from all 
frequency bands, it uses original cover image. So, 
this algorithm is can be classified as non-blind 
watermarking technique. 

                                   

 

 

 

 

 

 

 

Figure3: Watermark Extraction 

Figure 2: Watermark embedding 
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3. Results 

In this proposed algorithm, Lena, peppers, man images of 
size 256x256 are taken as test images and the watermark is 
the CS logo of size 64x64. Embedding intensity value is 
varied from 0.1 to 1 for all frequency bands. The original 
images are shown in figure 4 and watermark is shown in 
figure 5. The watermarked images are shown in Fig 6. 
Similarly the extracted watermarks are shown in Fig.7. 

 
 
 
 
 

 
 

 
 
 

 
 
In order to test the quality of the extracted watermark and 
cover data both subjective and objective measurements are 
used. The objective criteria are measured through (5), (6) 
and (7), (8). 
 

(5) 
 

 
(6) 

 
 

(7) 
 

 
                                                                      (8) 

 
 
 
 The SNR, MSE, RMSE and PSNR values for watermark 
embedding are shown in Table 1. 

Table 1: Watermark embedding (Man) 
 

The SNR, MSE, RMSE and PSNR values for watermark 
extraction are shown in Table 2. 

Frequen
cy Band 

k 
Measures 

SNR MSE 
RM
SE 

PSNR 

LL 

0.1 1.3316 
2.754e+0

03 
52.4
84 

13.76
42 

0.5 1.3161 
2.761e+0

03 
52.5
53 

13.75
28 

1 1.2948 
2.802e+0

03 
52.9
34 

13.69
01 

LH 

0.1 -0.0668 26.6574 
5.16
31 

33.90
66 

0.5 -0.0852 40.0348 
6.32
73 

32.14
04 

1 -0.1007 70.3027 
8.38
47 

29.69
51 

HL 

0.1 -0.0672 26.7334 
5.17
04 

33.89
43 

0.5 -0.0847 40.9852 
6.40
20 

32.03
85 

1 -0.0995 71.5244 
8.45
72 

29.62
03 

HH 

0.1 -0.0668 26.1553 
5.11
42 

33.98
92 

0.5 -0.0864 37.2286 
6.10
15 

32.45
60 

1 -0.1022 62.4746 
7.90
41 

30.20
78 

Figure 4(a-c): Sample cover images 

Figure 5: Watermark image 

Figure 6(a-c): Watermarked images 

Figure 7(a-c): Extracted watermarks 
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Table 2: Watermark Extraction (Man) 
 
 

 
Attacks like Gaussian noise, rotation, Histogram 
equalization, Contrast increase, contrast decrease and 
scaling are applied on the watermarked image. The 
watermark is extracted from the attacked images. The SNR, 
MSE, RMSE and PSNR values for extraction after 
applying attacks  for embedding strength of 0.5 are shown 
is Table 3. 
 
 
 
 
 
 
 
 
 

                    Table 3: Watermark extraction after attacks 

Band Attack 
Measures 

SNR MSE RMSE PSNR 

LL 

Noise 
-24.106 6.383e+003 79.893

7 
10.114

5 
Rotatio

n 
3.1679 2.584e+003 50.841

8 
14.040

4 

Hist Eq 
3.3647 2.608e+003 51.075

8 
14.000

5 

C Inc 
3.5755 2.657e+003 51.543

2 
13.921

4 

C Dec 
4.2709 2.7067e+00

3 
52.026

4 
13.840

3 

Scaling 
2.7894 2.555e+003 50.551

6 
14.090

1 

LH 

Noise 
-3.9794 3.058e+003 55.300

6 
13.310

2 
Rotatio

n 
6.5626 2.910e+003 53.946

6 
13.525

5 

Hist Eq 
4.1696 2.798e+003 52.913

6 
13.693

5 

C Inc 
5.2821 2.867e+003 53.550

6 
13.589

5 

C Dec 
6.4701 2.910e+003 53.948

1 
13.525

3 

Scaling 
4.6206 2.836e+003 53.255

9 
13.637

4 

HL 

Noise 
-4.6146 3.071e+003 55.416

8 
13.292

0 
Rotatio

n 
6.5458 2.905e+003 53.904

9 
13.532

2 

Hist Eq 
4.1949 2.800e+003 52.922

5 
13.692

0 

C Inc 
6.0581 2.884e+003 53.702

9 
13.564

8 

C Dec 
6.5879 2.911e+003 53.955

7 
13.524

1 

Scaling 
5.2452 2.855e+003 53.438

3 
13.607

7 

HH 

Noise 
4.9786 3.041e+003 55.151

8 
13.333

6 
Rotatio

n 
10.955

4 
2.977e+003 54.566

2 
13.426

3 

Hist Eq 
8.3710 2.951e+003 54.328

1 
13.464

3 

C Inc 
10.127

4 
2.973e+003 54.525

0 
13.432

9 

C Dec 
12.279

6 
2.990e+003 54.683

2 
13.407

7 

Scaling 
7.5581 2.932e+003 54.151

8 
13.492

5 

Frequen
cy Band 

k 
Measures 

SNR MSE 
RMS

E 
PSNR 

LL 

0.1 
-

43.950
9 

3.362e
+005 

579.8
931 

-
7.102

2 

0.5 
-

29.977
9 

1.624e
+004 

127.4
558 

6.057
6 

1 
-

24.018
6 

6.316e
+003 

79.47
77 

10.15
99 

LH 

0.1 
-4.9816 2.886e

+003 
53.72

18 
13.56

18 

0.5 
4.1096 2.894e

+003 
53.79

57 
13.54

98 

1 
7.3074 2.958e

+003 
54.39

50 
13.45

36 

HL 

0.1 
-3.9755 2.857e

+003 
53.45

12 
13.60

57 

0.5 
3.8456 2.901e

+003 
53.86

69 
13.53

84 

1 
7.3965 2.942e

+003 
54.24

22 
13.47

80 

HH 

0.1 
1.1388 2.984e

+003 
54.63

29 
13.41

57 

0.5 
12.199

5 
2.986e
+003 

54.64
42 

13.41
39 

1 
14.429

8 
3.002e
+003 

54.79
45 

13.39
01 
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4. Conclusions 

Algorithm based on Image normalization and DC 
coefficients is implemented with different embedding 
strengths. By looking at the results LH, HL bands has 
shown robustness to the attacks implemented. LL band is 
the most vulnerable band.   
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Abstract 
 
There are several range-based localization algorithms that 
identify sensor’s positions for different wireless sensor 
networks. In this paper we propose the approach that highlights 
a new method of localization scheme to achieve high 
localization accuracy in the presence of radio irregularity and 
obstacles effects for wireless sensor networks. We present the 
evaluation of complex localization scenario, by applying convex 
localization estimation algorithm with possible orientation of 
obstacle using Euclidean and Interior point algorithms for non-
ideal transmission networks. It has been observed in the   
simulation results that the proposed scheme significantly 
improve the localization accuracy. The range-free localization 
algorithms evaluate the node ranging error accuracy in 
anisotropic networks to solve the localization inequalities 
problem when the feasible set is empty. Study demonstrates the 
simulation results for the effectiveness of this algorithm. 
Furthermore, this scheme evaluate infeasible points caused by a 
complex radio various rigid statistical analysis to validate the 
results. 
 
Keywords: Convex optimization Euclidean algorithms, Interior 
point algorithms, Localization, Mobile anchor, Wireless sensor 
network. 

 1. Introduction 

Localization is a process of finding location of the sensor 
nodes, which is very essential requirement for various 
reasons such as finding faulty node, re-configuration of 
the software or application requirements for target 
tracking etc. Numerous localization techniques have been 
proposed and implemented by various researchers [1], [2] 
in WSN. Localization techniques are basically divided 
into two categories (i) Range Based Localization and (ii) 
Range Free Localization [3]. The range based schemes 
estimate the distance between nodes for obtaining the 
node’s location by using an additional hardware, where 
these types of protocol generate well-controlled events 
like light spots or sound waves in the network which is 
not economically feasible. On the other hand Range -free 

techniques do not estimate absolute distance, these types 
of protocols uses the radio connectivity to infer 
proximity, relative proximity, and location. These two 
localization categories have different trade-offs when 
both are considered by: hardware requirements, 
localization accuracy, communication overhead and the 
infrastructure [16]. 
 
The  GPS (Global Positioning System)  based localization 
techniques is one of the widely used method by most of 
the WSN   applications   like range to several satellites by 
evaluating the difference in the time of arrival (TOA) of 
signal from different satellites. Though GPS based 
localization scheme contains a soaring level of accuracy, 
but it considers that a line of sight exists among the 
devices to be localizes and satellites as well as the need of 
additional hardware which consumes the momentous 
power makes it infeasible in terms of economic viability 
and technical accuracy in various conditions. In contrast 
the basic approach in Range free Localization is on 
assumptions of close proximity by the radio connectivity 
of nodes. 
 
This approach is applicable in various scenarios of WSN 
as it basically depends on radio connectivity. In recent 
past various range free localization techniques has been 
proposed by various researchers [12]. Many such 
correlated work is described in the section related Work. 
In various aspect due to power exhaustion of the nodes, 
animus interference, deployment failures or because of 
physical  obstacles such as valley ,mountains, water or 
building a non connected or a WSN with obstacle synergy 
arises [4] [5] [15]. Among various other reasons to have 
obstacle in radio communication one of the obvious 
reason is a non-uniform distribution due to random 
deployment of WSN apart from other reasons of non -
uniformity into network such as unbalanced power  
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consumptions which leads communication failure 
between node to node , where most of the existing range 
free localization cease its accuracy. 
 
In this proposed paper, Architectural Model of 
Localization in Multi-scale Communication for Wireless 
Sensor Networks it can achieve a high accuracy by 
introducing a mobile anchor node into an obstacle 
existence WSN. The node localization inequality is 
mapped as a convex optimization algorithm and a 
simulation is performed.  

The rest of this paper is organized as follows. We discuss 
related work in Section 2. The Mobile Anchor assisted 
Localization and the convex optimization algorithm for 
localization is described in Section 3. Section 4 presents 
the Simulation Graphical user Interface and experimental 
results. Finally, Section 5 concludes this paper with some 
discussions on the future work. 

2. Related Work 

The research in WSN started in the 80s by DARPA [13]. 
The earlier sensor networks were used in the military 
application for example Sound Surveillance System 
(SOSUS). The various applications such as Physical 
security (Detecting intruders), Medical (Patients in a 
hospital, Habitat monitoring (Wildlife, plants), 
Environmental (Tracking forest fires, pollution, Smart 
buildings, Air traffic control and Surveillance, most of the 
applications require location of the sensor. 
 
The TOA(Time of Arrival)[14] example GPS which uses 
a satellite constellation of at least 24 satellites with atomic 
clocks, where Satellites broadcast precise time and 
Estimate distance to satellite using signal TOA using 
Trilateration. The AOA(Angle of arrival)[15] uses 
antenna array to measure direction of neighbors , where 
special landmarks have compass + GPS, broadcast 
location and bearing  is used and flood beacons, update 
bearing along the way then once bearing of three 
landmarks is known,  it calculates the position. 
 
The method, basic APIT scheme Anchors are location 
aware sensors in the sensor network. APIT employs area 
based approach to isolate triangular regions between 
beaconing nodes. Once the area is known the COG 
calculation is performed for the location. In the Range 
Free Schemes the Centroid Localization is a simple and 
easy to implement where nodes receive beacon from 
anchor nodes. In another method such as DV -Hop 
localization which maintains a running hop count from 
beacon nodes and finds the average hop length and finally 
using trilateration unknown nodes are localized. In 
Amorphous localization which is similar to DV-Hop 
algorithm except that different approach used to estimate 
the average distance of a single hop [13]. 

3. Proposed System 

3.1 Mobile Anchor assisted localization 

The preface of Mobile Anchor assisted localization is 
described in this section [6]. In wireless sensor networks, 
node can be determined by accepting the beacon signal 
from the one-hop anchor depending upon whether the 
node falls in the transmission range or not. The Anchor 
node can adjust its range according to the adjustment of 
transmission radius by tuning the transmission power [7]. 
The algorithm for the protocol assumes L level for 
transmission power and related transmission range (t ri, where 

i= 1…  L), for the Anchor nodes. It is being assumed that 
the location of the mobile anchor node is known either by 
GPS receiver or by any other means. While movement of 
Anchor nodes, it transmits the beacon signals 
uninterruptedly with the attachment of its ID, Current 
Status, Transmission Radius and Transmission Power by 
the variation of power level, as shown in figure number 
2(b). Based on the information received from beacon the 
unknown position sensor node’s effective parameters for 
its state or location can be evaluated as shown in Figure 
2(c), 2(d), 2(e). 

3.2 Localization Algorithm Using Convex 
optimization 

In lack of isotropic properties and heterogeneity of 
devices the actual transmission range differs, because of 
this reason the communication are intervallic among the 
nodes in the instance when the nodes distance is within 
their superlative transmission  radius. The other 
possibilities of communication of two nodes arise when 
the node’s comparative distance is larger than their 
transmission range. The consequence of any localization 
algorithm limits   its assurance for full coverage due to 
radio indiscretion and obstacles and hence yields to an 
infeasible solution [8]-[9].To achieve optimized 
localization accuracy in both the cases of wireless sensor 
network with an obstacle and without an obstacle, a 
narrative approach of Range Free Based Convex Method 
has been proposed. 

TABLE 1 NOTATION AND ACRONYMS 
 

s p 
Unknown position of sensor 

c p 
Current Position of Mobile Anchor 

tr 
Transmission radius of Mobile Anchor 

r Internal Radius 
 

3.3 Formulation of Problem and Mapping with 
Convex Optimization: 

Let Cp be the current position for the Mobile Anchor with 
transmission radius  is tr, and the unpredicted-positioned 
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sensor receives beacon signals at position Sp,      It will be 
satisfying the equation number (1) else equation number 
(2). The unpredicted -positioned sensors can obtain a set 
of dissimilarity by varying transmission power levels of 
Mobile Anchor node at different positions Sp, should 
satisfy equation number (3). 
 

||Sp – Cp|| ≤ tr                                            (1)  

||Sp – Cp|| > tr                                             (2) 

ri < ||Sp – Cp|| ≤  tri ,  i = 1,2,………,L      (3) 
 

Therefore Mobile Anchor assisted localization approach 
with multi-scale communication range can be mapped as 
a problem of a set of quadratic intolerance. 
 
The localization approach based on the Mobile Anchor 
with variable transmission power can be successfully 
converted into the problem of solving a group of 
quadratic in tolerance (3). Whereas due to convoluted   
transmitted environment situation of set of intolerance 
may have a solution or it may not have a solution. For the 
scenario like network with obstacle in the boundary [10] 
and without obstacle a localization algorithm mapped as 
convex optimization is proposed, where the 
conceptualization of architecture checks the condition 
where, r < Mode (unknown position of sensor – Current 
Position of Mobile Anchor) < Transmission radius of  
Mobile Anchor and calculate the optimal position at 
circumference of a circle having center point as current 
location of MA and radius as an average of transmission 
radius of Mobile Anchor and Internal radius. Further non 
convex minimization for localization is estimated by 
estimate by equation number (4). 
(||Sp – Cp|| – r )2  + (||Sp – Cp|| – tr)

2              (4)  
 
The optimal localization is evaluated under the 
inequalities constraints by equation number (5). Min @ Sp 
for all i 

∑ [(||Sp – Cp|| - ri)
2  + (||Sp – Cp|| tri)

2]              (5)  

 
The equation (5) remains a non-convex, which needs to 
be transforming as a problem of convex as it cannot be 
approximated by implementing convex relaxation 
techniques. The equation number is turned into a convex 
problem which is finally transformed to the epigraph as 
convex cone programming problem, which is being 
solved by Euclidian distance algorithm and interior point 
algorithm.  The architectural network model is shown in 
Figure-(1). 

The range free algorithm proposed in [11], author claims 
it as the only algorithm using convex optimization to 
solve the problem of localization when feasible set is 
empty. In this paper an addition possible orientation of 
obstacle is placed in simulation and simulation is 
performed with 100 nodes and two different algorithms 
Euclidian distance and interior point has been 
implemented with and without obstacles. The GUI is 

shown in section 4. 
 

Anchor Node

r

tr

cp

 

Node Not in 
Range of Anchor 
Node 

Node in the 
Range of Anchor 
Node 

 Anchor Node 

 

Fig -1 Architectural computational Model 

4. Simulation Work 

The simulation in this section proposed has been carried 
on Intel Pentium Dual Core E2160 CPU with 1.8 GHz 
and 2 GB RAM. The designed using Matlab 7.2 is 
considered where 100 sensor nodes will be distributed 
randomly with specific transmission radii (R) and 
transmission area (r) deployed for mobile anchor nodes. 

The Simulation is preformed in the area of A X A with 
random deployment of 100 nodes as shown in figure 
number 2(a). The provision of changing anchor node 
transmission radius is provides with an initial value of 
15. 

 

Fig -2(a) Deployment of the node (Network Deployment) 
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The Anchor node has been given a random path to move 
across the network as shown in Figure 2(b). The 
simulation is performed with both Euclidian distance 
and interior point with varying option of non- physical 
obstacle and with physical obstacle, which has been 
shown in Figure 2(c), 2(d), 2(e) and 2(f). 

 

Fig - 2(b) Anchor Node Deployment 

4.1 Simulation Scenario one:  

The Euclidian Distance algorithm is implemented without 
obstacle as shown in the Figure-2(c) and the result set is 
shown in Table no 2. 
 

 

Fig -2(c): Localization using Euclidian Distance Algorithm without 
obstacle 

TABLE 2 

No. of 
Nodes 

Algorithm Obstacle Simulation 
Time (in 

Sec) 

Localization 
error (%) 

100 Euclidian 
Distance  

No 33.5013 0.14996 

4.2 Simulation Scenario two:  

The interior point algorithm is implemented without 
obstacle as shown in the Figure-2(d) and the result set is 
shown in Table no 3. 

 

Fig -2(d): localization using interior distance algorithm without 
obstacle 

TABLE 3 

No. of 
Nodes 

Algorithm Obstacle Simulation 
Time (in Sec) 

Localization 
error (%) 

100 Interior 
Point  

No 10.2275 0.14997 

4.3 Simulation Scenario three:  

Implementation of Euclidian distance algorithm with 
obstacle at location of 40, 60 of size 20as shown in the 
Figure-2(e) and the result set is shown in Table no 4. 

 

Fig -2(e): Localization using Euclidian distance algorithm with 
obstacle 
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TABLE 4 

No. of 
Nodes 

Algorithm Obstacle Simulation 
Time (in 

Sec) 

Localization 
error (%) 

100 Euclidian 
Distance   

yes 34.1901 0.14996 

4.4 Simulation Scenario four: 

The interior point algorithm is implemented with the 
obstacle at location of 40,60 of size 20 as shown in 
Figure-2(f) and the result set is shown in Table no 5. 

 

Fig -2(f): Localization using interior point algorithm with obstacle 

TABLE 5 

No. of 
Nodes 

Algorithm Obstacle Simulation 
Time (in Sec) 

Localization 
error (%) 

100 Interior 
Point 

yes 9.8746 0.18091 

 
Graph generation for the %error for proposed method form 
the simulation data by Euclidian method with obstacle 
and without obstacle along with Interior point method 
with obstacle and without obstacle. The graph for all data 
is given in Figure-3(a). 
 

 
 

Fig 3(a): Localization error performance in different scenario 
 

Graph generation for the simulation time (sec.) for 
proposed method form the simulation data by Euclidian 
method with obstacle and without obstacle along with 
Interior point method with obstacle and without obstacle. 
The graph for all data is given in Figure-3(b). 
 

 
 

Fig 3(b): Simulation Time Performance with different scenarios 
 

5. Conclusion and Future works 

The mobility aided mobile anchor node based WSN in the 
presence of obstacles has been implemented for new 
accommodating localization system. A convex 
localization algorithm has been presented to address the 
effects of non-ideal transmission of radio signals. It has 
been shown in the simulation results that the proposed 
accommodative localization system can appreciably get 
better the localization accurateness by including a mobile 
element. In future work, we intend to verify and improve 
the proposed accommodative localization system using 
real sensors in a mobility assisted wireless sensor 
networks for the design of energy efficient architecture. 
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Abstract 

Brain Computer Interface (BCI) enables the capturing and 
processing of motor imagery related brain signals which can 
be interpreted by computers. BCI systems capture the motor 
imagery signals via Electroencephalogram or 
Electrocorticogram. The processing of the signal is usually 
attempted by extracting feature vectors in the frequency 
domain and using classification algorithms to interpret the 
motor imagery action.  

In this paper we investigate the motor imagery 
signals obtained from BCI competition dataset IVA using the 
Fast Hartley Transform (FHT) for feature vector extraction 
and feature reduction using support vector machine. The 
processed data is trained and classified using the Bayes Net. 
Keywords: Brain Computer Interface (BCI),Electroencephalogram 
(EEG), Fast Hartley Transform (FHT), Bayes Net (BN) 
 
1. Introduction 

 

A Brain Computer Interface [1], also known as Direct 
Neural Interface or a Brain Machine Interface, is a direct 
communication pathway between a human or animal brain (or 
brain cell culture) and an external device. BCIs are focused on 
assisting, augmenting or repairing human cognitive or 
sensory-motor functions. BCIs would act in two ways. In the 
case of one-way BCIs, computers either accept commands 
from the brain or send signals to it but not both. Two way 
BCIs allow brains and external devices to exchange 
information in both directions but it is not yet successful in the 
aspect of implantation. 
Brain-machine interfaces [2] help paralyzed patients by re-
routing movement-related signals around damaged parts of the 
nervous system. With recent advancement in technology and 
knowledge, the researchers now conceivably attempt to 
produce BCIs that augment human functions rather than 
simply restoring them.  
In this paper, the motor imagery signals obtained from BCI 
competition dataset IVA are investigated. They are further 
exposed to Fast Hartley Transform and Support Vector 

Machine for feature vector extraction and feature reduction 
respectively.  In this paper, Section I gives an introduction to 
BCI, Section II describes the dataset and EEG data, Section III 
and IV explain the feature vector extraction and feature 
reduction using FHT and SVM, Section V briefs about the 
classification using Bayes Net and is followed by the 
experimental results and conclusion.        

 
2. Data Set and EEG 

The IV A dataset used in the brain computer interface 
competition provided by Intelligent Data Analysis Group has 
been taken for investigation. It consists of recordings from 
five healthy subjects who sat in a chair with arms resting on 
armrests. Visual cues indicated for 3.5 s which of the 
following 3 motor imageries the subject should perform: (L) 
left hand, (R) right hand, (F) right foot. The presentation of 
target cues was intermitted by periods of random length, 1.75 
to 2.25 s, in which the subject could relax. Given are 
continuous signals of 118 EEG channels and markers that 
indicate the time points of 280 cues for each of the 5 subjects 
(aa, al, av, aw, ay). Subject aa was used in our study.  

 
The abnormalities related to electrical activity of the 

brain could be detected using a test called 
electroencephalogram (EEG) [3] which tracks and records 
brain wave patterns. Electrodes (Small metal discs with thin 
wires) are placed on the scalp, which send signals to a 
computer to record the results. A recognizable pattern of EEG 
is identified as a normal electrical activity in the brain. EEG is 
used to detect abnormal patterns of brains that indicate 
seizures and other problems. EEG is also performed to 
diagnose monitor seizure disorders, sleep disorders and other 
changes in behavior. It is also used to evaluate brain activity 
after a severe head injury or before heart or liver 
transplantation. 
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3. Feature Vector Extraction 

In this paper the feature vector extraction is 
performed on the dataset using Fast Hartley Transform (FHT). 
FHT [4] is a technique helps to extract the feature vector 
efficiently. A discrete Hartley transform (DHT) is a Fourier-
related transform of discrete, periodic data similar to the 
discrete Fourier transform (DFT), with analogous applications 
in signal processing and related fields. Its main distinction 
from the DFT is that it transforms real inputs to real outputs, 
with no intrinsic involvement of complex numbers. As the 
DFT is the discrete analogue of the continuous Fourier 
transform, the DHT is the discrete analogue of the continuous 
Hartley transform. 

Since there are fast algorithms for the DHT analogous to the 
fast Fourier transform (FFT), the DHT was proposed as a 
more efficient computational tool in the common case where 
the data are purely real. It was subsequently argued, however, 
that specialized FFT algorithms for real inputs or outputs can 
ordinarily be found with slightly fewer operations than any 
corresponding algorithm for the DHT. The DHT analogue of 
the Cooley-Tukey algorithm is commonly known as the Fast 
Hartley Transform (FHT) [5] algorithm. 

Discrete Hartley transform is an analogue of discrete Fourier 
transform for real data. The Hartley transform takes a real 
sequence as an input. The result is also a real sequence:  

 

It was considered, for sometime, that Hartley transform can be 
a faster alternative to the real Fourier transform, but later it 
was found out that there are FFT algorithms, which are a little 
more efficient than the corresponding FHT [6] algorithms. An 
integral transform which shares some features with the Fourier 
transform, but which (in the discrete case), multiplies the 
integral kernel by  

   (1) 

instead of  

          (2) 

The Hartley transform produces real output for a real input, 
and is its own inverse. It therefore can have computational 
advantages over the discrete Fourier transform, although 

analytic expressions are usually more complicated for the 
Hartley transform.  

The discrete version of the Hartley transform can be written 
explicitly as  

  (3) 
  

             (4) 
   

where denotes the Fourier transform. The Hartley transform 
obeys the convolution property  

 (5) 

where  

   (6) 

   (7) 

   (8) 

Like the fast Fourier transforms, there is a fast version of the 
Hartley transform. Decimation in time algorithm makes use of  

    (9) 

    (10) 

where denotes the sequence with elements  

   (11) 

Decimation in frequency algorithm makes use of  

   (12) 

   (13) 

The discrete Fourier transform  
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   (14) 

can be written  

  
                                                                                                                                         

 

 
So    
 
                         

      (15) 
 

 4. Feature Reduction 
 

A support vector machine (SVM) [7] is a concept in 
computer science for a set of related supervised learning 
methods that analyze data and recognize patterns, used for 
classification and regression analysis. The standard SVM 
takes a set of input data and predicts, for each given input, 
which of two possible classes the input is a member of, which 
makes the SVM a non-probabilistic binary linear classifier. 
Given a set of training examples, each marked as belonging to 
one of two categories, an SVM training algorithm builds a 
model that assigns new examples into one category or the 
other. An SVM model is a representation of the examples as 
points in space, mapped so that the examples of the separate 
categories are divided by a clear gap that is as wide as 
possible. New examples are then mapped into that same space 
and predicted to belong to a category based on which side of 
the gap they fall on. 

A support vector machine [8] constructs a hyperplane 
or set of hyperplanes in a high- or infinite- dimensional space, 
which can be used for classification, regression, or other tasks. 
Intuitively, a good separation is achieved by the hyperplane 
that has the largest distance to the nearest training data points 
of any class (so-called functional margin), since in general the 
larger the margin the lower the generalization error of the 
classifier. The original problem may be stated in a finite 
dimensional space; it often happens that the sets to 
discriminate are not linearly separable in that space. For this 
reason, it was proposed that the original finite-dimensional 
space be mapped into a much higher-dimensional space, 
presumably making the separation easier in that space.  

To keep the computational load reasonable, the 
mapping used by SVM [9] schemes are designed to ensure 
that dot products may be computed easily in terms of the 
variables in the original space, by defining them in terms of a 
kernel function K(x,y) selected to suit the problem. The 
hyperplanes in the higher dimensional space are defined as the 

set of points whose inner product with a vector in that space is 
constant. The vectors defining the hyperplanes can be chosen 
to be linear combinations with parameters α i of images of 
feature vectors that occur in the data base. With this choice of 
a hyperplane, the points x in the feature space that are mapped 
into the hyperplane are defined by the relation: 

∑ α iK(xi,x) = constant 
                                  i 

if K(x,y) becomes small as y grows further from x, each 
element in the sum measures the degree of closeness of the 
test point x to the corresponding data base point xi. In this 
way, the sum of kernels above can be used to measure the 
relative nearness of each test point to the data points 
originating in one or the other of the sets to be discriminated. 
The set of points x mapped into any hyperplane can be quite 
convoluted as a result allowing much more complex 
discrimination between sets which are not convex at all in the 
original space. 

 5. Classification Using Bayes Net 

Bayesian networks (BNs) [10], also known as belief 
networks (or Bayes nets for short), belong to the family of 
probabilistic graphical models (GMs). These graphical 
structures are used to represent knowledge about an uncertain 
domain. In particular, each node in the graph represents a 
random variable, while the edges between the nodes represent 
probabilistic dependencies among the corresponding random 
variables. These conditional dependencies in the graph are 
often estimated by using known statistical and computational 
methods. Hence, Bayesian Networks combine principles from 
graph theory, probability theory, computer science, and 
statistics. 

Graphical Models with undirected edges are 
generally called Markov random fields or Markov networks. 
These networks provide a simple definition of independence 
between any two distinct nodes based on the concept of a 
Markov blanket. Markov networks are popular in fields such 
as statistical physics and computer vision.  

BNs [11] correspond to another GM structure known 
as a directed acyclic graph (DAG) that is popular in the 
statistics, the machine learning, and the artificial intelligence 
societies. BNs are both mathematically rigorous and 
intuitively understandable. They enable an effective 
representation and computation of the joint probability 
distribution (JPD) over a set of random variables. 

The structure of a DAG is defined by two sets: the set 
of nodes (vertices) and the set of directed edges. 
The nodes represent random variables and are drawn as circles 
labeled by the variable names. The edges represent direct 
dependence among the variables and are drawn by arrows 
between nodes. In particular, an edge from node Xi to node Xj 
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represents a statistical dependence between the corresponding 
variables. Thus, the arrow indicates that a value taken by 
Variable Xj depends on the value taken by variable Xi, or 
roughly speaking that variable Xi “influences” Xj . Node Xi is 
then referred to as a parent of Xj and, similarly, Xj is referred 
to as the child of Xi.  

An extension of these genealogical terms is often 
used to define the sets of “descendants” – the set of nodes that 
can be reached on a direct path from the node, or “ancestor” 
nodes – the set of nodes from which the node can be reached 
on a direct path. The structure of the acyclic graph guarantees 
that there is no node that can be its own ancestor or its own 
descendent. Such a condition is of vital importance to the 
factorization of the joint probability of a collection of nodes as 
seen below. Note that although the arrows represent direct 
causal connection between the variables, the reasoning 
process can operate on BNs by propagating information in any 
direction. 

A BN [12] reflects a simple conditional independence 
statement. Namely that each variable is independent of its non 
descendents in the graph given the state of its parents. This 
property is used to reduce, sometimes significantly, the 
number of parameters that are required to characterize the JPD 
of the variables. This reduction provides an efficient way to 
compute the posterior probabilities given the evidence. 
In addition to the DAG structure, which is often considered as 
the “qualitative” part of the model, one needs to specify the 
“quantitative” parameters of the model.  

The parameters are described in a manner which is 
consistent with a Markovian property, where the conditional 
probability distribution (CPD) at each node depends only on 
its parents. For discrete random variables, this conditional 
probability is often represented by a table, listing the local 
probability that a child node takes on each of the feasible 
values – for each combination of values of its parents. The 
joint distribution of a collection of variables can be determined 
uniquely by these local conditional probability tables (CPTs). 

Bayesian networks are used to represent essential 
information in databases in a network structure. The network 
consists of edges and vertices, where the vertices are events 
and the edges relations between events. A simple Bayesian 
network is illustrated in figure where symptoms are dependent 
on a disease, and a disease is dependent on age, work and 
work environment. Bayesian networks are easy to interpret for 
humans, and are able to store causal relationships, that is, 
relations between causes and effects. The networks can be 
used to represent domain knowledge, and it is possible to 
control inference and produce explanations on a network.  

A simple usage of Bayesian networks is denoted 
naive Bayesian classification. These networks consist only of 
one parent and several child nodes. Classification is done by 
considering the parent node to be a hidden variable (H in the 

figure) stating which class (child node) each object in the 
database should belong to. An existing system using naive 
Bayesian classification is AutoClass.  

The theoretical foundation for Bayesian networks is 
Bayes rule, which states:  

 

where H is a hypothesis, and e an event. is 
the posterior probability, and P(H) is the prior probability. To 
give a formal definition of Bayesian networks, we introduce 
some terminology which is taken from:  

If a subset of Z nodes in a graph G intercepts all paths between 
the nodes X and Y (written ), then this 
corresponds to conditional independence between X and Y 
given Z:  

conversely:  

 

with respect to some dependency model M.  

A Directed, Acyclic Graph (DAG) D is said to be a I-
map of a dependency model M if for every three disjoint sets 
of vertices, X, Y and Z we have:  

                     

A DAG is a minimal I-map of M if none of its arrows 
can be deleted without destroying its I-mapness. Given a 
probability distribution P on a set of variables U, a DAG is 
called a Bayesian Network of P if and only if 
D is a minimal I-map of P.  

A Bayesian network is shown in Fig, representing the 
probability distribution P:  
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Fig. 1: A Bayesian Network Representing the Distribution P. 
6. Experimental Result 
 
Bayes Net 
 
=== Stratified cross-validation === 
=== Summary === 
Correctly Classified Instances         103               61.3095 % 
Incorrectly Classified Instances        65               38.6905 % 
Kappa statistic                           0.2178 
Mean absolute error                 0.4364 
Root mean squared error             0.497  
Relative absolute error                       87.4669 % 
Root relative squared error                 99.5084 % 
Total Number of Instances                  168      
 
=== Detailed Accuracy By Class === 
 
TPRate FP Rate Precision Recall F-Measure ROC Area  Class 
  0.5        0.284      0.615       0.5       0.552        0.631         hand 
  0.716     0.5         0.612       0.716    0.66         0.631         foot 
Weighted Avg.    
  0.613     0.397      0.613      0.613    0.608        0.631 
 
=== Confusion Matrix === 
  a      b   <-- classified as 
 40      40 |  a = hand 
 25      63 |  b = foot 
 
7. Conclusion 

In this paper feature vector was extracted from the 
BCI competition IVA dataset using Fast Hartley Transform. 
Sub set selection of the obtained features after normalization 
was achieved using Support Vector Machine. Decision tree 
and logistic regression based on Bayes probability was used to 
train and classify the extracted sub features. Results show that 
the classification accuracy is over 60% in Bayesian Network. 
Further investigation has to be done to improve the 
classification accuracy on a small number of attributes 
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Abstract 

Synthetic Aperture RADAR (SAR) imaging 
system is used to monitor the marine system. Oil spill 
pollution plays a significant role in damaging marine 
ecosystem. One main advantages of SAR is that it can 
generate imagery under all weather conditions. In a SAR 
image dark spots can be generated by number of 
phenomena. The dark spots may be of algae, low wind 
areas, coastal areas and oil spills. The detected dark spots 
are then classified based on the features. The features of 
dark spot are extracted to discriminate oil spill from look-
alikes. The textural and statistical features are extracted and 
analyzed for oil spill identification. This paper discusses 
about the different feature extraction and classification 
method for oil spill detection and their preliminary results. 
Keywords: oil spill, SAR, features, detection, classification, 
look-alikes. 

1. Introduction 

Oil spills seriously damage the marine 
ecosystem and cause political and scientific concern 
since they have serious effects on fragile marine and 
coastal ecosystems. The amount of pollutant 
discharges and associated effects on the marine 
environment are important parameters in evaluating 
sea water quality. Illegal discharges from ships can 
indeed be eliminated by the strict enforcement of 
existing regulations and the control, monitoring and 
surveillance of maritime traffic. Several studies 
aiming at oil spill detection using SAR images have 
been implemented [1-5]. Any formation on the image 
which is darker than the surrounding area has a high 
probability of being an oil spill and needs further 
examination.  

Although this process seems to be simple for 
a human operator, it contains three main difficulties if 
semi-automated or automated methods are used. First, 
fresh oil spills are brighter than older spills, thus 
cannot be easily discriminated. Second, areas 

surrounding dark areas can have various contrast 
values, depending on local sea state, oil spill type and 
image resolution. Third, other phenomena may 
appear as dark areas. Further classification of the dark 
areas to oil spills and look-alikes is the focus of this 
work.  

Many research works are focused on the 
development of automated or semi-automated 
systems for oil spill detection are reported in 
literature. Kubat et al. (1998) developed a neural 
network for the classification of dark regions detected 
in a series of nine SAR images that served as a 
training set of the system. The complexities of such a 
system as well as the appropriate actions that have to 
be taken into consideration by potential tool 
developers in such fields were analyzed in detail. 
Input to the classifier was straightforward, though 
image preprocessing was not automated.  

The classifier had an open architecture of 
rules so that it could embed user experience in several 
other fields apart from oil detection. Del Frate et al. 
(2000) also used neural network architecture for 
semi-automatic detection of oil spills on SAR images 
using a set of features characterizing a candidate oil 
spill as input vector. Solberg and Solberg (1996) and 
Solberg et al. (1999) produced a semi-automated 
classifier for oil spill detection, in which the objects 
with a high probability of being an oil spill were 
automatically detected. Three different categories of 
probability (low, medium and high) were recognized.  

A rational processing procedure was adopted 
for 84 SAR images utilized. It involved pixel local 
thresholding based on wind level information, 
clustering of small pixel objects or partitioning of 
large pixel objects based on sizing criteria and 
feeding each individual cluster to a classifier 
operating on a stochastic processing basis. Ten 
different object characteristics were identified and 
classification was based on a Bayesian inference 
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procedure. Fiscella et al. (2000) developed a 
stochastic classifier based on Mahalanobis statistical 
tests and classical compound probabilities.  

A preprocessing tool was used in order to 
extract pixel objects from SAR images and classified 
them according to statistical criteria implemented on 
a total of 14 different characteristics of extracted 
clusters. In the present work a fully automated system 
for the identification of possible oil spills that 
resembles the expert’s choice and decisions has been 
developed. The system comprises modules of 
supplementary operation and uses their contribution 
to the analysis and assignment of the probability of a 
dark image shape to be an oil spill. SAR images are 
read, located, land masked, filtered and thresholded 
so that the appropriate dark areas are extracted. 
Candidate oil spill objects are classified to determine 
the likeness of each individual object to be an oil 
spill. The output images and tables provide the user 
with all relevant information for supporting decision-
making 

The remainder of the paper is organized as 
follows. Section 2 describes SAR imaging of oil spills 
and lookalikes, Section 3 describes the feature 
extraction process. The classification problem is 
discussed in detail in Section 4, while Section 5 
contains the experimental results. Section 6 presents 
conclusion.  

2. SAR images of Oil Spills and Look 
Alikes 

SAR systems are mainly used for monitoring the sea 
to detect dark formation in the sea, as they are not 
affected by local weather conditions and cloudiness 
and occupy day to night. SAR systems detect dark 
spots on the sea surface indirectly, through the 
modification dark formations cause on the low wind 
areas – capillary waves. Several manmade and natural 
ocean phenomena affect the backscattering of the 
radar signals. For this reason, a dark formation 
appears dark on SAR imagery in contrast to the 
surrounding clean sea. 
Dark formations can be oil spills, organic film, low 
wind areas, areas sheltered by land, wind front areas, 
rain cells, grease ice, current shear zones, internal 
waves and upwelling zones.  
Dark formation on SAR images is due to decrease of 
back scattering of the sea surface due to oil films and 
other natural phenomena. Oil spills are either 
intentional or accidental. Look –alikes are mostly 
natural ones. May be due to weather or due to sea 
organisms.  

Data set used are ERS -2 , RADARSAT and 
ENVISAT Images.  
 
2.1 Feature Extraction Process 

Fiscella et al. (2000) used 14 features for oil 
spill classification, Solberg and Theophilopoulos 
(1997) used 15 features. Solberg et al. (1999) used 11 
features, many of them different from their previous 
studies and in general different from the 11 features 
used by Del Frate et al. (2000). A different approach 
was given by Espedal and Wahl (1999), in which 
wind vector data were used and compared with the 
spreading and length of the dark formations detected. 
A more general description of the calculated features 
was given by Espedal and Johannessen (2000), where 
texture features were introduced for the first time. 
Moreover, Keramitzoglou et al. (2005) referred to 14 
features without presenting them and Karathanassi et 
al. (2006) used 13 features several studies have tried 
to unify all the features used with similar 
characteristics (Brekke and Solberg 2005, Montali et 
al. 2006). 

 
The absence of systematic research on 

features extracted and their contribution to the 
classification results forces researchers to select 
features arbitrarily as input to their systems. A 
previous work (Stathakis et al. 2006) was focused on 
this issue, trying to bridge this gap and to discover the 
most useful features in oil spill detection. The lack of 
systematic research can be attributed to the fact that 
the existing methodologies for searching into a large 
number of different compilations have not been fully 
exploited. Genetic algorithms have been successful in 
discovering an optimal or near-optimal solution 
amongst a huge number of possible solutions 
(Goldberg 1989). Moreover, a combination of genetic 
algorithms and neural networks can prove to be very 
powerful in classification problems. The methodology 
of feature selection for oil spill detection is given in 
Stathakis et al. (2006). The 25 most commonly used 
features in the scientific community were grouped 
and their contribution to the final classification was 
examined. The methodology explores the opportunity 
of having two unknown parameters in the genetic 
internal structure, i.e. the number of input features 
and the number of hidden neurons. The novelty of 
this approach is the simultaneous evolution of both 
features and neural network topology. Previously 
genetic algorithms have been used either to evolve 
neural network topology (Stathakis and 
Kanellopoulos 2006) or to select features (Kavzoglou 
and Mather 2002) but not both at the same time. 
Thus, a novel synergy of genetic algorithms and 
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neural networks is deployed in order to determine a 
near-optimal neural network for the classification of 
oil spills and lookalikes. The present paper evaluates 
the robustness of the proposed feature combination. 
In order to further justify the proposed feature 
combination robustness a comparison with the results 
of several commonly used reparability indices, 
including Euclidian, Fisher and Mahalanobis, was 
performed. 

 
It is very difficult to develop a automatic oil 

spill detection system as it needs special knowledge 
to interpret SAR images.  Figure 1 shows the steps in 
detecting the oil spills. The main steps are 

1. Preprocess the SAR image to enhance 
the quality by removing the noise. 

2. Detection of Dark areas in SAR 
Imagery using segmentation process 
which uses FCM and level Set methods 

3. Extraction of Features of Dark 
Formations 

4. Analysis of the feature values by 
comparing it with oil spill signatures. 

5. Classification of dark areas (oil spill or 
lookalike) 
 

Fig(1) Steps In Detection Of Oil Spills In Sar Imagery 

  
 
 
 

Five features of oil spills are extracted for 
classification which are basically grouped into the 3 
categories.  They are based on geometric features, 
physical features and Contextual features 

 
2.2 Classification of Dark Area 

After spot detection and feature extraction, 
dark spots are classified as either oil slicks or look-
alikes. This is not an easy task, because slick contrast 
depends on weather conditions, and the probability of 
observing look-alikes depends on wind level and 
other external conditions.  

 
2.2.1 K Nearest Neighbours (KNN) 
classification 

 
In pattern recognition, the k-nearest neighbours 
algorithm (k-NN) is a method for classifying objects 
based on closest training examples in the feature 
space. k-NN is a type of instance based learning, or 
lazy learning where the function is only approximated 
locally and all computation is deferred until 
classification. The k-nearest neighbor algorithm is 
amongst the simplest of all matching learning 
algorithms: an object is classified by a majority vote 
of its neighbors, with the object being assigned to the 
class most common amongst its k nearest neighbors. 
If k = 1, then the object is simply assigned to the class 
of its nearest neighbor. 
The same method can be used for regression, by 
simply assigning the property value for the object to 
be the average of the values of its k nearest neighbors. 
It can be useful to weight the contributions of the 
neighbors, so that the nearer neighbors contribute 
more to the average than the more distant ones. (A 
common weighting scheme is to give each neighbor a 
weight of 1/d, where‘d’ is the distance to the 
neighbor. This scheme is a generalization of linear 
interpolation.) 

The neighbors are taken from a set of objects for 
which the correct classification (or, in the case of 
regression, the value of the property) is known. This 
can be thought of as the training set for the algorithm, 
though no explicit training step is required. The k-
nearest neighbor algorithm is sensitive to the local 
structure of the data.  Using this classification method 
oil spill classification is done. 

 

3. Experimental Setup and results 
 

The Procedure for classification is described as 
follows 

1. 10 images of each oil spill and look 
alike are used to form two separate 
training sets 

2. The features like area, perimeter, 
complexity, shape factor and standard 
deviation are calculated 

3. The values are given as input to the 
KNN classifier, then the dark area is 
classified either  as oil spill or lookalike 
based on features. 

 
 
                     

SAR 
Input 
Image 

Detection  
Of Dark 

Area 

Extracti
on of 

features 

Classifi
cation  
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Sno Area Perimeter Comp
lexity 

Shape  
factor 

Std deviation classificati
on 
* 

Image1 1491 233 0.02 6.04 -1.22 1 

Image2 1484 366 0.02 9.16 -3.36 1 

Image3 1305 395 0.02 9.68 -0.93 1 

Image4 1927 395 0.03 10.72 1.48 1 

Image5 1040 342 0.03 8.38 0.97 1 

Image6 538 243 0.03 10.40 0.91 1 

Image7 2382 634 0.03 30.50 -2.42 1 

Image8 1625 595 0.03 5.90 1.09 1 

Image9 2196 732 0.04 6.71 1.00 1 

Image10 0773 778 0.04 6.95 1.68 1 

Image11 5159 582 2.00 3.11 -1.75 2 # 

Image12 12823 456 1.13 1.14 -2.00 2 

Image13 28074 951 1.6 2.02 0.50 2 

Image14 12778 513 1.11 2.70 0.72 2 

Image15 25857 692 1.13 1.13 .55 2 

Image16 14502 614 1.14 2.35 0.63 2 

Image17 34319 1196 1.94 1.22 -0.43 2 

Image18 32763 824 1.28 1.83 -0.83 2 

Image19 21240 796 1.54 1.84 -0.81 2 

Image20 11562 666 1.77 2.39 -0.47 2 

   
(a) Original                  (b) segmented  

 

4. Conclusions 

SAR is the most promising sensor for oil spill detection, as they 
are not affected by weather conditions. A hybrid method is 
applied to enhance the image quality. A fusion technique of 
GMAC with FCM with thresholding is used to detect the dark 
spots. The features of dark area are extracted. Then they are 
classified either as oil spill or lookalike. To improve the 
accuracies more number of features can be considered. The 
comparison of different classification methods is desirable with 
same set of data and features.  
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Abstract 
The proliferation of dynamic websites operating on databases 
requires generating web pages on-the-fly which is too 
sophisticated for most of the search engines to index. In an 
attempt to crawl the contents of dynamic web pages, we’ve tried 
to come up with a simple approach to index these huge amounts 
of dynamic contents hidden behind the search forms. Our key 
contribution in this paper is the design and implementation of a 
simple framework to index the dynamic web pages and the use of 
Hadoop MapReduce framework to update and maintain the 
index. In our approach, from an initial URL, our crawler 
downloads both the static and dynamic web pages, detects form 
interfaces, adaptively selects keywords to generate most 
promising search results, automatically fill-up search form 
interfaces, submits the dynamic URL and processes the result 
until some conditions are satisfied.   
Keywords: Dynamic web pages, crawler, hidden web, index, 
hadoop. 
. 
1. Introduction 

Web mining is an application of data mining which aims 
to discover useful information or knowledge from the web 
hyperlink structure, page content and usage log. Based on 
the primary kind of data used in the mining process, web 
mining tasks are categorized into four main types: (1) Web 
usage mining, (2) Web structure mining, (3) Web user 
profile mining and (4) Web content mining [7, 14].  In the 
past few years, there was a rapid expansion of activities in 
the web content mining area. This is not surprising 
because of the phenomenal growth of the web contents and 
significant economic benefits of such mining.  Given the 
enormous size of the web, the indexed web contains at 
least 13.85 billion pages [9]. Many users today prefer to 

access web sites through search engines.  A number of 
recent studies have noted that a tremendous amount of 
content on the web is dynamic. According to [8] Google, 
the largest search database on the planet, currently has 
around eight billion web pages which are already indexed. 
That's a lot of information. But it's nothing compared to 
what else is out there. Google can only index the visible 
web, or searchable web which refers to the set of web 
pages reachable purely by following hypertext links. But 
the invisible web or deep web [4, 5, 16, 17, 21], “hidden” 
behind search forms is estimated to be 500 times bigger 
than the searchable web. However, a little of this 
tremendous amount of high quality dynamic contents are 
being crawled or indexed and in particular, most of them 
are ignored. 
 
In this paper the focus is on the automatic indexing of 
dynamic web contents which are the part of deep web. It is 
same as web content mining as we’re extracting the words 
included in web pages. Here we’ve tried to come up with a 
simple approach to crawl the textual portion of dynamic 
contents hidden behind search forms with the following 
techniques: 

 
• Dynamic content extraction: Extraction of structured 

data, hidden behind the search forms of Web pages, 
such as search results. Extracting such data allows one 
to provide services, so search engines will be benefited 
if we index dynamic contents of the web pages as most 
of the time their crawlers avoid those pages. 
 

• Form detection: Web form with single general input 
text field is considered. A site like in [13] uses one 
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single generic text box for form submission. Forms with 
more than one binding inputs will be ignored. 

 

• Selection of searching keywords: Although the Web 
contains a huge amount of data, not always an optimized 
search result is generated for a given keyword. Here the 
method developed for selecting a candidate keyword for 
submitting a query will try to generate an optimized 
search result. 
 

• Detection of duplicate URLs: Sometimes two different 
words may generate same URL twice, which will 
decrease the efficiency if the same URL is crawled 
again and again. Detection of duplicate URLs and 
ignoring them is another try-out of this paper work. 

 

• Automatic processing: There is an automation process 
for crawling. That is recognizing suitable forms, 
generating keyword for searching, putting the word in 
the search bar and making or updating an index for the 
search results; all of these operations will be fully 
automatic without any human interaction. 

This research work only encompasses dynamism in 
content, not dynamism in appearance or user interaction. 
For example, a page with static content, but containing 
client-side scripts and DHTML tags that dynamically 
modify the appearance and visibility of objects on the 
page, does not satisfy our definition as well as our 
objective. 
 
Section 2 of this paper contains some aspects of dynamic 
web pages including the existing techniques for dynamic 
web page indexing. Then the proposed approach is 
presented in Section 3, the framework in Section 4 and its 
delimitations are discussed in Section 5. The conclusion in 
Section 6 includes some directions for future work. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
2. Defining some aspects of dynamic web        

pages 

Considering the tremendous amount of high quality 
content “hidden” behind search forms and stored in large 
searchable electronic database, “Dynamic Web Page” has 
become a buzzword of current web mining technology. 
But before continuing our research on dynamic web pages, 
we’ve to know what a Dynamic Web Page is. A Dynamic 
Web Page is a template that displays specific information 
in response to queries. Its 'dynamism' lies in its resonance 
and interactivity, both in client-side scripting and server-
side scripting. Dynamic web pages can change every time 
they are loaded (without anyone having to make those 
changes) and they can change their content based on what 
user does, like clicking on some text or an image.  
 
Visitors find information in a dynamic site by using a 
search query. That query can either be typed into a search 
form by the visitor or already be coded into a link on the 
home page - making the link a pre-defined search of the 
site's catalog. In that later case, the portion of the link 
containing the search parameters is called a 'Query String' 
.This query is then used to retrieve information from the 
huge database which is hidden behind the search forms. 
This whole operation is depicted in Fig.1 below. 

 
2.1 Problems with dynamic pages  

All dynamic pages can be identified by the “?” symbol in 
the URLs, such as 
 

http://www.mysite.com/products.php?id=1&style=a 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.1: User interactions with search forms to retrieve 
information from hidden database 
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Search engines like Google can crawl and index dynamic 
pages which don’t have more than 2 parameters in the 
URL (the example above has two parameters separated by 
the “&” symbol). Even so, Google may not crawl dynamic 
pages for various reasons. Among them, the most common 
are: 
 
• Trap: A spider trap happens when a search engine's 

web crawler becomes snared in an infinite circle of a 
website's coding, which produce endless numbers of 
documents; web pages that are heavily flooded with 
characters, which may crash spiders programs. 

• Insufficient query information: Search engine spiders 
have a much tougher time with dynamic sites. Some get 
stuck because they can’t supply the information the site 
needs to generate the page. 

 
 Security and privacy issues: Many of these sites 

require user authentication and bypassing it 
automatically may cause violation of privacy or law. 
 

 Policy preferences: Some search engines deliberately 
avoid extensive indexing of these sites. 

 
 Costly: It needs expertise in contradiction to the static 

one that is simple and straight forward. 

Moreover, Google will not follow links that contain 
session IDs embedded in them as in [1]. 
 
2.2 Crawling dynamic pages 

A web crawler is a relatively simple automated program, 
or script that methodically scans or "crawls" through 
Internet pages to create an index of the data it's looking 
for. Alternative names for a web crawler include web 
spider, web robot, bot, crawler, and automatic indexer.  

 

 

 

 

 

 

 

 

When a search engine's web crawler visits a web page, it 
"reads" the visible text, the hyperlinks and the content of 
the various tags used in the site, such as keyword rich 
Meta tags. Using the information gathered from 
the crawler, a search engine will then determine what the 
site is about and index the information. In general, it starts 
with a list of URLs to visit, called the seeds. As the 
crawler visits these URLs, it identifies all the hyperlinks in 
the page and adds them to the list of URLs to visit, called 
the crawl-frontier. URLs from the frontier are recursively 
visited according to a set of policies. Web crawling is done 
on all text contained inside the hypertext content, tags, or 
text. The operation of a hidden web crawler is shown in 
Fig.2. 

In practice common crawler algorithms must be extended 
to address the following issues like in [11]: 

• Speed: In real life if some HTTP request takes one 
second to complete, some will take much longer or fail 
to respond at all. Normally a simple crawler can fetch no 
more than 86,400 pages per day. At this rate, it would 
take 634 years to crawl 20 billion pages in a single 
computation manner. That’s why in practice, crawling is 
carried out using hundreds of distributed crawling 
machines. Now-a-days Hadoop MapReduce is used over 
these distributed systems to overcome the bottleneck of 
a single server computation with higher data processing 
speed.  
 

• Politeness: Unless care is taken, crawler parallelism 
introduces the risk that a single Web server will be 
bombarded with requests to such an extent that it 
becomes overloaded. That’s why crawler algorithms are 
designed to ensure that only one request to a server is 
made at a time. In order to serve this need a politeness 
delay is inserted between requests. 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.2: Hidden web crawler 
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• Excluded content: Before fetching a page from a site, a 
crawler must fetch that site’s robots.txt file to determine 
whether the webmaster has specified to crawl some or 
the entire site. 
 

• Duplicate content: Identical content is frequently 
published at multiple URLs. But when the page includes 
its own URL, a visitor counter or a date; more 
sophisticated fingerprinting methods are needed. 
Crawlers can save considerable resources by 
recognizing and eliminating duplication as early as 
possible because unrecognized duplicates can contain 
relative links to whole families of other duplicate 
content. 

• Continuous crawling: Carrying out a full crawling with 
fixed intervals would imply slow response to important 
changes in the Web. For example, submitting the query 
“current time New York” to the GYM (Google, Yahoo, 
Microsoft) engines reveals that each of these engines 
crawls the www.timeanddate.com/worldclock site every 
couple of days. However, no matter how often the 
search engine crawls this site, the search result will 
always show the wrong time. That’s why continuous 
crawling without any certainty or limit is avoided in 
most of the current search engines 

2.3 Indexing dynamic pages  

Indexes are data structures permitting rapid identification 
of which crawled pages contain like particular words or 
phrases. To index a set of web documents with the words 
they contain, we need to have all documents available for 
processing in a local repository. Creating the index by 
accessing the documents directly on the Web is 
impractical for a number of reasons. Collecting “all” web 
documents can be done by browsing the Web 
systematically and exhaustively and storing all visited 
pages. This is done by a crawler and is used by search 
engines. A similar operation is depicted in Fig.3. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

The purpose of storing an index is to optimize speed and 
performance in finding relevant documents for a search 
query. Without an index, the search engine would scan 
every document in the corpus, which would require 
considerable time and computing power. For example, 
while an index of 10,000 documents can be queried within 
milliseconds, a sequential scan of every word in 10,000 
large documents could take hours. The additional 
computer storage required to store the index, as well as the 
considerable increase in the time required for an update to 
take place, are traded off for the time saved during 
information retrieval. Search engine architectures vary in 
the way indexing is performed and in methods of index 
storage to meet the various design factors. Types of 
indices data structures include: 
 

A. Inverted indices 
B. Forward indices 

 
A. Inverted indices 

Many search engines incorporate an inverted index when 
evaluating a search query to quickly locate documents 
containing the words in a query and then rank these 
documents by relevance. Because the inverted index stores 
a list of the documents containing each word, the search 
engine can use direct access to find the documents 
associated with each word in the query in order to retrieve 
the matching documents quickly. TABLE 1 is a simplified 
illustration of an inverted index. 
 
B. Forward Index 

The forward index stores a list of words for each 
document. TABLE 2 is a simplified form of the forward 
index. 

TABLE 1: Inverted index of words w.r.t. their URLs 

 
Inverted Index Word URL 

the URL 1, URL 3, URL 4, URL 5 
cow URL 2, URL 3, URL 4 

says URL 5 
moo URL 7 

        

Table 2: Forward index of words contained in URLs 

 
Forward  Index URL Words 

URL  1 the, cow, says, moo 

URL 2 the, cat, and, the, hat 

URL 3 the, dish, ran, away, with, the, fork 

 

Fig.3: Crawler used in search engines  
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2.4 Existing techniques for dynamic web page 
indexing 
 

One of the deep web crawler architecture is proposed in 
[2] where a task-specific, human-assisted approach is used 
for crawling the hidden web. There are two basic problems 
related to deep web search,  
 
• Firstly the volume of the hidden web is very large and 
 
• Secondly there is a need of such type of crawlers which 

can handle search interfaces efficiently, which are 
designed mainly for humans.  

 
In this paper a model of task specific human assisted web 
crawler is designed and realized in HiWE (hidden web 
exposure).  The HiWE prototype built at Stanford which 
crawl the dynamic pages is designed to automatically 
process, analyze, and submit forms, using an internal 
model of forms and form submissions. HiWE uses a 
layout-based information extraction technique to process 
and extract useful information. The advantages of HiWE 
architecture is that its application/task specific approach 
allows the crawler to concentrate on relevant pages only 
and with the human assisted approach automatic form 
filling can be done. Limitations of this architecture are that 
it is not precise with response to partially filled forms and 
it is not able to identify and respond to simple dependency 
between form elements. Recently [5] studied the problem 
of automating the retrieval of data hidden behind simple 
search interfaces that accept keyword-based queries but 
did not focus on the detection of search interfaces. 

A technical analysis of some of the important deep web 
search interface detection techniques is done to find out 
their relative strengths and limitations with reference to 
current development in the field of deep web information 
retrieval technology [3] .We found this analysis crucial for 
the detection of the search interface and it can be a good 
starting ground for anyone interested in this field. 
Reference [4] proposed some ways to select keywords for 
query such random, generic-frequency and adaptive.  
Meanwhile other usual approach to dynamic indexing is to 
remove query strings from dynamic URL’s, adding 
dynamic links to static pages, making dynamic links look 
like static using mod_rewrite available in web server like 
apache. We also have some paid inclusion programs ,these 
programs, are premium services for indexing dynamic 
sites include those of AltaVista, Inktomi and FAST, to 
name a few . Also there are Deep web search tools 
enhance deep Web searching, including BrightPlanet, 
Intelliseek's Invisible Web, ProFusion, Quigo, Search.com, 
and Vivisimo. Irregularities highlighted in the existing 
techniques have leaded us to the proposal of the following 
approach.  

 
3. Proposed approach 

In order to index the dynamic contents hidden behind the 
search forms, we’ve come up with an approach which 
contains the following steps: 
 
3.1 Web pages collection 
3.2 Form interface recognition 
3.3 Keyword selection 
3.4 Query submission 
3.5 Result Processing 
3.6 Updating the index 

 
3.1 Web pages collection 

This part is essentially a static crawling, given the initial 
URL, the crawler recursively fetches all pages that are 
linked by it (don't make it recursive, unless you are using 
functional languages; just use a queue of URLs to be 
fetched). Test it on the set of web pages created at the 
beginning. If a page is linked many times, it must be 
downloaded once. Static crawling is depicted in Fig.4 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 

 
 
 

Fig.4:  Static Crawling 
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<form action="MAILTO:someone@example.com" method="post" 
enctype="text/plain"> 
Name:<br /><input type="text" name="name" value="your name" /><br /> 
E-mail:<br /><input type="text" name="mail" value="your email" /><br /> 
Comment:<br /><input type="text" name="comment" value="your comment" 
size="50" /> 
<br /><br /> 
<select name="cars"> 
<option value="volvo">Volvo</option><option value="saab">Saab</option> 
<option value="fiat">Fiat</option><option 
value="audi">Audi</option></select> 
<br /><br /><br /><br /><br /><br /> 
<input type="submit" value="Send"><input type="reset" value="Reset"> 
</form> 
 
 Fig.5: HTML form tag markup for sample Form input controls 
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<form action=http://www.iut.com/department 
method=”get”> 
<input name=keyword type=text/> 
Input name=searching type=submit value=search/> 
</form> 

Fig.7 HTML form tag markup for a considerable sample form 

 
 

Fig.8: Dynamic URL on querysubmission 

 

<form  action=http://www.iut.com/department  
method=“get”> 
<input name=“yourword” type=“text”/> 
<input name=searching type=submit value=search/> 
</form> 
 

URL:http://www.iut.com/department?yourword=anything&searching=s
earch 

 

On Submit 
 

3.2 Form interface recognition 
 

Recognizing a web form and its fields is a key point of this 
approach. A standard HTML web form consists of form 
tags [6], a start tag <form> and an end tag </form> within 
which the form fields reside. Forms can have several 
‘input controls’, each defined by an <input> tag and some 
values considered as domain for those input controls. Input 
controls can be of a number of types, the prominent ones 
‘text boxes’, ‘check boxes’, ‘selection lists’ and ‘buttons’ 
(submit, reset, normal or radio).Each of the field is having 
attributes like label, name and values. The form tag also 
has attributes like ‘method’ i.e.: ‘get’ and ‘post’ and 
‘action’ which identify the server that will perform the 
query processing in response to the form submission. 

In this study, we focus on the forms with one input control 
binding to a generic text box. Forms with multiple input 
controls will be ignored. Fig.6 shows such a form with 
several input controls and Fig.5 shows the piece of HTML 
markup that was used to generate this form. Whenever our 
crawler will encounter forms like this they will be 
discarded from the crawling operation.   
 
But if the crawler encounters a form tag like depicted in 
Fig.7 it will consider the form as eligible for crawling and 
will proceed with its operation. A general search form with 
single input, often on the top-right of the web page is used 
in this approach.    

 
Further, as per the HTML specification, forms using post 
method for form submission are used whenever 
submission of the form results in state changes or side 
effects (e.g. for shopping carts, travel reservation and 
login). For these reasons we restrict our attention to those 
forms which are using get method to submit the form as 
they tend to produce contents suitable for indexing.  
 
 
 
 
 
 
 
 
 
 
 

 
 

 
 

 
 

 
 
 
 

 
 
3.3 Keyword selection 

The selection of the most appropriate and relevant value 
for the input field that can maximize the search is 
challenging, even though the generic text field generally 
can accept any keyword. How should a crawler select the 
queries to issue, given that the goal is to download the 
maximum number of unique documents from a textual 
database? Finding the answer for this question is another 
approach that we’ve tried to cover here.  
 
In order to solve this question we could select our initial 
keyword from a dictionary and use it for query 
submission. But generating a dictionary and searching a 
keyword within it will be both time and space consuming. 
Since we want to cover all possible languages, we can’t 
start with from a dictionary of terms. After all an English 
dictionary will never contain a word which can be used as 
a keyword for query submission in a Chinese search form. 
In this case our approach suggests the following aspects: 

 
• Initial value: At the very first, keywords are selected 

from the static content of the web page having the 
search form interface.  

 
• Adaptive: After the generation of the 1st set of results, 

promising keywords are selected from the successfully 
retrieved pages. Here keywords for query submission in 
a search form are selected adaptively from itself. 

 

• Multilingualism: By selecting the searching keywords 
from the web page instead of a predefined location like 
dictionary or repository our approach also supports 
multilingualism. 

 
 
 

 
 
 
 
 
 
 
 
 Fig.6: Simple labeled form with several control inputs 
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• Limit: At most max submissions per form will take 
place to prevent the crawler from falling in a trap 
(infinite loop). Where max is a given number 
representing the maximum number of queries. 

The priority in keyword selection is calculated based on 
the term frequency Ftf in our approach as it determines the 
importance of a word in a set of documents. The term 
frequency Ftf is a measure of how often a word is found in 
a collection of documents. Suppose a word ‘Wi’ occurs 
‘np’ times within a web page ‘P’ and there are total of Np 
words (including the repeated ones) on that page. Then the 
term frequency, 

 
Ftf = np/ Np.      (1) 

 
But if we fail to obtain a convenient keyword in that given 
page, the choice is taken in the repository or at last in the 
worst case from the dictionary. The selected keywords 
destined to the query should be compared against the stop 
words list as these words used to be more frequent.  

 
3.4 Query submission 

After selecting the keyword, there is another challenge in 
submitting the query in the search form automatically, i.e. 
without any human interaction. Whenever a keyword for a 
query submission will be selected it’d automatically be 
submitted in the search form to generate more search 
results. The action would be something similar depicted in 
Fig.8. 
 
In this way, whenever a form is submitted a dynamic URL 
is generated and sent to the database. How many time the 
query should be submitted and when should it stop? Of 
course it shall stop when max numbers of queries have 
been submitted. 

 
3.5 Result processing  

When our crawler submits a form for processing, different 
results are possible.  
 
1) The returned page will contain all the data behind the 

form. 
 
2) The returned page may contain data, but not showing all 

the data for the query in a single page. Instead, there 
may be a “next” button leading to another page of data, 
such as the. In this case, the system will automatically 
gather all the data on all “next” pages (actually not all, 
up to a certain limit to avoid a Trap) into a single query 
result.  

 

3) The query might return data, but only part of the data 
behind the form because the query is just one of many 
possible combinations of the form fields. In this case the 
only returned portion will be processed.   

 
4) The query may return a page that not only contains data, 

but also contains the original form. Here whatever the 
result is generated we’ll gather information as much as 
possible. 

 
5) The query may return a page that has another different 

form to fill in. For this case we’ll start with the resultant 
form from the beginning. 

 
6) Some other error cases might involve a server being 

down, an unexpected failure of a network connection, or 
some other HTTP errors. 

 

7) The query may go and return the same form requesting 
for required field to be filled or to be filled with 
consistent data. Usually this kind of form contains 
JavaScript. 

 
8) Successive queries may return redundant result, it is 

therefore important for similarity detection be verified 
amount successive queries. After all this, the result 
should be crawled and indexed. 
 

3.6 Updating the index 

After the processing the result an initial index will be 
created. But as this is a continuous process more and more 
pages will be crawled to extract more words and will be 
added to the index in times. As a result a continuous 
updating of the index is required here which will 
eventually exceed the capacity of a normal single storage 
device. That’s why multiple storage device is needed and 
in order to do this we’ve used “Hadoop-MapReduce” to do 
the job. Hadoop is an Apache software foundation project 
as in [20]. It’s a scalable, fault-tolerant system for data 
storage and processing and a framework for running 
applications on large clusters. Hadoop includes: 
 
• HDFS - a distributed file system and  
• Map/Reduce - offline computing engine. 

 
HDFS splits user data across servers in a cluster. It uses 
replication to ensure that even multiple node failures will 
not cause data loss. HDFS breaks incoming files into 
blocks and stores them redundantly across the cluster. In 
this approach we’re using this splitting and reducing 
technique to handle the huge amount of index. 
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Table 3: legend of the framework 

 

 
4. General  Framework 

According to Fig.9, the web crawler starts with an initial 
URL to download the page. After that the downloaded 
web page is crawled and is checked to see if it contains a 
single input text field for query submission or not. If not, it 
will simply be crawled and the words and URLs are 
indexed. If yes, the limit and variable ‘i’ is used 
respectively to count the number of submissions and 
searching keywords. After that this web page containing 
the form is crawled and the term frequency Ftf of words 
extracted from it are calculated and stored in a queue Q. 
Words in the queue are sorted in descending order of their 
Ftf and the duplicates are removed. The top most word 
from Q is submitted to the form through a dynamic URL. 
This process is repeated till the limit reaches the maximum 
limit max when Q is emptied and the crawler stops. 
Contents of web pages retrieved are detected to see if they 
are similar to previous ones and the duplicates are deleted, 
duplicates URLs can be filter as in [18]. These new web 
pages are then crawled again, sent to the index for 
updating and term frequency is calculated and submitted 
as previously until a certain amount of web pages are 
downloaded. More details can be observed from the Fig.9 
and TABLE 3. 
 
5. Delimitations of our approach 

In our approach we are not concerned with the following 
aspects: 

 
1) Dealing with the form unless it is in the standard 

format: If the code is not properly written in a suitable 
form, our parser will not be able to conveniently extract 
information from the web page containing that form. 
Therefore the presence of the form may not be detected. 
 

2) Handling form that doesn’t support passing 
parameters via URL: As in [12] the get method append 
its parameters to the action in the URLs in the form of a 
dynamic URLs format that are often clearly visible (e.g. 
http://jobs.com/find?src=bd&s=go). In contrast the post 
method parameters are sent in the body of the HTTP 
request and its URL is just simple making it difficult for 
us to deal with it (e.g., http://jobs.com/find ). 

 
3) Forms with multiple elements: Because we’re 

focusing in only single input form, any form other than 
this kind will not be considered for submission. 

 
4) Forms that span across several pages: This is the case 

where the same form is extended over multiple 
continuous pages.  

 
5) Forms with JavaScript embedded: Usually input 

fields of this type of form have a lot of restriction such 
the type of input, the format, the length, the syntax. 
Because we are not going to handle all these, we just 
prefer to ignore them and discard the form.     
 

6) Forms that a single input is not a text field: The 
single input under consideration must be a text field type  

 
7) Forms with personal information indication such as 

username, password, E-mail will not be considered for 
privacy raison. 

 

6. Conclusion 

In this paper we have studied how to use a hidden web 
crawler as an approach to dynamic web indexing. We have 
proposed a complete and automated framework that may 
be quite effective in practice, leading to an efficient and 
higher coverage. We have tried to make our design as 
simple with fewer complexities as possible. Towards the 
achievement of our goal, we’ve already developed a 
prototype for dynamic web page indexing using java, and 
the website used is [13]. Our future work will include a 
complete implementation, evaluation and analysis of this 
approach. We’ll also try to compare the performance in 
both java platform and Hadoop MapReduce.  
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Abstract 
To maximize network lifetime in Wireless Sensor Networks 
(WSNs) the paths for data transfer are selected in such a way that 
the total energy consumed along the path is minimized. To 
support high scalability and better data aggregation, sensor nodes 
are often grouped into disjoint, non overlapping subsets called 
clusters. Clusters create hierarchical WSNs which incorporate 
efficient utilization of limited resources of sensor nodes and thus 
extends network lifetime. The objective of this paper is to present 
a state of the art survey on clustering algorithms reported in the 
literature of WSNs. Our paper presents a taxonomy of energy 
efficient clustering algorithms in WSNs. And also present 
timeline and description of LEACH and Its descendant in WSNs. 
 
Keywords: wireless sensor networks, clustering, energy 
efficient clustering, LEACH, network lifetime, energy efficient 
algorithms, energy efficient routing. 

1. Introduction 

Energy usage is an important issue in the design of WSNs 
which typically depends on portable energy sources like 
batteries for power .WSNs is large scale networks of small 
embedded devices, each with sensing, computation and 
communication capabilities. They have been widely 
discussed in recent years [1-3]. Micro-Electro-Mechanical 
System (MEMS) sensor technology has facilitated the 
development of smart sensors, these smart sensors nodes 
are small devices with limited power, processing and 
computation resources. Smart sensors are power 
constrained devices that have one or more sensors, 
memory unit, processor, power supply and actuator [4]. In 
WSNs, sensor nodes have constrained in term of 
processing power, communication bandwidth, and storage 
space which required very efficient resource utilization. In 

WSNs the sensor nodes are often grouped into individual 
disjoint sets called a cluster, clustering is used in WSNs, as 
it provides network scalability, resource sharing and 
efficient use of constrained resources that gives network 
topology stability and energy saving attributes. Clustering 
schemes offer reduced communication overheads, and 
efficient resource allocations thus decreasing the overall 
energy consumption and reducing the interferences among 
sensor nodes. A large number of clusters will congest the 
area with small size clusters and a very small number of 
clusters will exhaust the cluster head with large amount of 
messages transmitted from cluster members. LEACH 
protocol is hierarchical routing based on clustering and 
find the optimal number of clusters in WSNs in order to 
save energy and enhance network lifetime. In this work, we 
have surveyed the state-of-art of clustering algorithms in 
WSNs. We have discussed the advantages and 
disadvantages of clustering along with a survey of LEACH 
and its descendant.   

Given the importance of clustering for WSNs, rest of 
the paper is organized in following structure; Section II 
presents the Challenges and limitations of wireless sensor 
networks. Section III presents an overview of hierarchical 
routing in WSNs. Section IV presents a survey on state-of-
art of clustering algorithms reported in the literature and 
section V presents the conclusion of the paper. 

2. Challenges and limitation of wireless sensor 
networks 

In WSN sensor nodes have limited processing power, 
communication bandwidth, and storage space. This gives 
rise to new and unique challenges in data management and 
information processing. In-network data processing 
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techniques, such as data aggregation, multicast and 
broadcast need to be developed. Network lifetime is the 
key characteristics used for evaluating the performance of 
any sensor network [6]. A lifetime of the network is 
determined by residual energy of the system, hence main 
and most important challenge in WSN is the efficient use 
of energy resources. Literature shows the energy efficiency 
is introduced in WSNs using any of the following 
mechanisms: Energy conservation mechanism, Power 
conservation mechanism, Energy harvesting mechanism 
and Energy efficient routing. 

2.1 Energy aware routing 

The aim of routing in WSNs is to find out and maintain 
routes in WSNs. Routing challenges with reference to 
WSNs [19] are Energy consumption without losing 
accuracy , Node deployment, Link heterogeneity, Data 
reporting model , Scalability, Network dynamic 
transmission media, Connectivity, Coverage, Data 
aggregation, Quality of services. 

3.  Hierarchical Routing in WSNs 
The main target of hierarchical routing or cluster based 
routing is to efficiently maintain the energy usage of sensor 
nodes by involving them in multi-hop communication 
within a particular cluster. Cluster formation is generally 
based on the energy reserve of sensors and sensors 
proximity to the Cluster Head (CHs). Clustering plays an 
important role for energy saving in WSNs. With clustering 
in WSNs, energy consumption, lifetime of the network and 
scalability can be improved. Because only cluster head 
node per cluster is required to perform routing task and the 
other sensor nodes just forward their data to cluster head. 
Clustering has important applications in high-density 
sensor networks, because it is much easier to manage a set 
of cluster representatives (cluster head) from each cluster 
than to manage whole sensor nodes. In WSNs the sensor 
nodes are resource constrained which means they have 
limited energy, transmit power, memory, and 
computational capabilities. Energy consumed by the sensor 
nodes for communicating data from sensor nodes to the 
base station is the crucial cause of energy depletion in 
sensor nodes. 
 
 

3.1   Pros and Cons of clustering in WSNs 
The pros of Clustering are that it enables bandwidth reuse 
thus can improve the system capacity [7]. Due to the fact 
that within a cluster, all the normal nodes send their data to 
the CHs so energy saving is achieved by absence of 
flooding, multiple routes, or routing loops. Due to the fact 

that clustering enables efficient resource allocation and 
thus help in better designing of power control and other 
advantage is due to the fact that any changes of nodes 
behavior within a cluster affect only that cluster but not the 
entire network, which will therefore be robust to these 
changes. There are also several cons of existing clustering 
schemes in WSNs like in the selection of the cluster heads, 
some algorithm selects cluster heads only according to the 
ID number or residual energy of the sensor nodes. Science 
all the data in sensor network are sent to the base station, 
the traffic near the base station is higher. The sensor nodes 
in these areas will therefore run out energy earlier. The 
base station will then be isolated and as a result, the 
residual energy stored in the other sensor nodes will be 
wasted. Another disadvantage is the energy is wasted by 
flooding in route discovery and duplicated transmission of 
data by multiple routes from the source to the destination 
[7]. 

4.  Clustering Algorithms in WSNs 
Fig.1 shows the taxonomy of clustering algorithms in 
WSNs 

4.1 CACC: Clustering Algorithm based on Cell 
Combination [8] 

In this paper author proposed a clustering algorithm which 
based on cell combination for the networks. Sensor nodes 
are distributed densely and the energy of sensor nodes is 
always limited. In this clustering algorithm, the monitoring 
region is divided into hexagonal cells by considering the 
geographic location information of nodes. Each cluster 
consists of at least seven hexagon cells. Nodes with the 
same cluster identity form a cluster and the cluster head in 
each cluster is elected from the central cell of each cluster. 
The shape of the cells consider nearly circular in order to 
improve channel reuse and energy efficiency.  
4.2 VAP-E: Energy-Efficient Clustering -Virtual 
Area Partition [9] 
In this authors proposed an energy efficient clustering 
algorithm which based on virtual area partition in 
heterogeneous networks environment where the maximal 
transmission power of each node may be different. Authors 
found that VAP-E can balance the load between clusters, 
enhance the energy efficiency of sensor nodes, prolong the 
lifetime of networks, and improve the efficiency of 
communications. Authors also compare this algorithm with 
respect to LEACH and LEACH-E and found that VAP-E 
can enhance the stability period and network life time with 
the same simulation condition.  
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Fig.1: Taxonomy of clustering algorithms in WSNs

 
4.3 CFL: Clustering for Localization [10] 
Authors proposed a clustering algorithm which uses a 
combined weight function and tries to divide the sensor 
nodes so that a minimum number of clusters with 
maximum number of sensor nodes in each cluster could be 
achieved. The weight functions at each sensor node, which 
is a combination of different parameters including: residual 
energy, number of neighbors and transmission power. 
Basically CFL clustering algorithm is designed for 
localization in WSNs. It is unable to work when the 
distribution of sensor nodes are not good. 

4.4 FoVs: Overlapped Field of View [11] 
Authors proposed a clustering algorithm for wireless 
multimedia sensor networks based on overlapped Field of 
View (FoV) areas. The main contribution of this algorithm 
is finding the intersection polygon and computing the 
overlapped areas to establish clusters and determine cluster 
membership. For dense networks, overlapping FoVs 
causes wasting power of the system because of redundant 
sensing of the area. The aim of the clustering method is 
prolonging network lifetime and energy conservation.  

4.5 KOCA: K-Hop Overlapping Clustering 
Algorithm [12] 

Authors proposed a clustering algorithm based on K-hop 
overlapping which is used to overcome the problem of 
overlapping multi-hop clustering for WSNs. Goal of 
KOCA algorithm is generating connected overlapping 
clusters that cover the entire sensor network with a specific 
average overlapping degree.  Authors also found that 
KOCA produces approximately equal-sized clusters, which 
allow equally distributing the load evenly over different 
clusters. In KOCA, clustering formation terminates in a 
constant time regardless of the network size. Under 
contention and severe errors, up to 10 percent, KOCA 
communication overhead is reduced due to the dropped 
packets. Author’s simulation results show that clusters are 

approximately equal in size. This is requiring achieving 
load balancing between different clusters. 

4.6 PEZCA: Power-Efficient Zoning Clustering 
Algorithm [13] 

Authors proposed a Power-Efficient Zoning Clustering 
Algorithm (PEZCA) which uses two algorithms: classical 
LEACH (Low-Energy Adaptive Clustering Hierarchy) and 
PEGASIS (Power-Efficient Gathering in Sensor 
Information Systems). In this algorithm, base station  
consider at a center of the scenario and the scenario  area is 
divided into multiple fan shaped regions and the clusters 
closer  to the base station have smaller sizes than those 
farther away from the base station. Thus CHs (cluster 
heads) nearest to the BS (base station) can preserve more 
energy for inter-cluster data transmission. PEZCA provide 
more balance in energy consumption and life time of 
network comparisons to LEACH. 

4.7 VoGC: Voting-on-Grid clustering [14] 
In this author combined voting method and clustering 
algorithm, and developed new clustering schemes for 
secure localization of sensor networks. Authors also found 
that the newly proposed approaches have very good 
performances on localization accuracy and the detection 
rate of malicious beacon signals. In this scheme, malicious 
beacon signals are filtered out according to the clustering 
result of intersections of location reference circles. Authors 
used a voting-on-grid (VOGC) method instead of 
traditional clustering algorithms to reduce the 
computational cost and found that the scheme can provide 
good localization accuracy and identify a high degree of 
malicious beacon signals. 

4.8 BARC: Battery Aware Reliable Clustering [15]  
In this clustering algorithm authors used mathematical 
battery model for implementation in WSNs. With this 
battery model authors proposed a new Battery Aware 
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Reliable Clustering (BARC) algorithm for WSNs. It 
improves the performance over other clustering algorithms 
by using Z-MAC and it rotates the cluster heads according 
to battery recovery schemes. A BARC algorithm consists 
of two stages per round for selection of cluster heads: 
initialization or setup and steady state. In this formation of 
cluster, take place by electing a set of CHs. BARC 
enhances the network lifetime greatly compare to other 
clustering algorithms. 

4.9 Hausdroff Clustering [16] 
Authors considered that, once cluster formations take place 
it’s remaining same throughout the network lifetime. This 
algorithm maximizes the lifetime of each cluster in order to 
increase the life time of the system. Cluster life time can be 
enhanced by rotating the role of cluster heads (CHs) 
among the nodes in the cluster. Cluster heads selection 
basically based on the residual energy of the sensor nodes 
and it also used the proximity of neighbors as a secondary 
criterion for enhancing energy efficiency and further 
prolong the network lifetime. The Hausdroff clustering 
algorithm is equally applicable for both uniform and 
nonuniform sensor node initial energy distribution.  

4.10 HSA: Harmony Search Algorithms [17] 
This is music based metaherustic optimization algorithm 
which is analogous with a music improvisation process 
where musician continue to polish the pitches in order to 
obtain better harmony. By which it optimizing the energy 
consumption and minimizing intra-cluster distance of the 
network. In this the base station computes and allocates 
nodes into clusters according to the information of their 
residual energy and location. The operation has two phases: 
clustering setup and data transmission. This algorithm 
provides improvement in term of power consumption and 
network life time over LEACH protocol. With a small 
network diameter, energy consumption of the network is 
almost same when using different clustering protocols.  

4.11 PEGASIS: Power-Efficient Gathering in 
Sensor Information System [18] 

By this author proposed algorithm PEGASIS that is a 
chain based protocol provide improvement over LEACH 
algorithms. In PEGASIS, each node communicates only 
with a close neighbor and takes turns transmitting to the 
base station, thus reducing the amount of energy spent per 
round. Using greedy algorithm, the nodes will be 
organized to form a chain, after that BS can compute this 
chain and broadcast it to all the sensor nodes. Energy 
saving in PEGASIS over LEACH takes place by many 
stages: First, in the local data gathering, the distances that 
most of the sensor nodes transmit are much less compared 
to transmitting to a cluster-head in LEACH. Second, only 

one node transmits to the BS in each round of 
communication. PEGASIS outperforms LEACH by 
limiting the number of transmissions, eliminating the 
overhead of dynamic. 

4.12 Max-Min D-Cluster Algorithm [19] 
Authors proposed a clustering algorithm in which no nodes 
are more than d-hops away from the cluster head. The 
cluster head selection strategy developed, by having each 
sensor node initiate a 2d round of flooding, from which 
results are considered. In order to select the cluster head 
nodes, follow a set of rule in which 1st d round called 
flummox, used to propagate largest node IDs and after 
completion of this round 2nd d round start which is called 
flagmen. This algorithm is applicable only when two 
assumptions are made: all nodes that survive the flood max 
elect themselves cluster heads. During flooding, no node 
ID will propagate further than d-hops from originating 
node. This algorithm provides load balancing among the 
cluster heads. 

4.13 PDCH: Pegasis Algorithm Improving Based 
on Double Cluster Head [20] 

Authors proposed an algorithm based on hierarchical chain 
topology and this algorithm using bottom level cluster 
head and super level cluster head to improve the load 
balance. In the hierarchical structure, base station (BS) is 
the center of a circle. The BS will predefine the number of 
levels and every node's distance to BS decided the level 
which it belongs to. Every node receives the signal from 
the BS, then according to the signal strength to detect the 
distance to BS. PDCH outperform to PEGASIS algorithm 
and it is also useful for large networks. 

4.14 GROUP [21] 
GROUP clustering algorithms based on clustering 
algorithm that provides scalable and efficient packet 
routing for large-scale WSNs. Only some parts of total 
number of sensor nodes participate in formation of cluster 
heads (CHs). In this, cluster heads are arranged in a grid 
manner and primary sink (One of the sink), dynamically 
and randomly builds the cluster grid. Greed Seed (GS) is a 
node within a given radius from the primary sink. Any 
queries from sink to nodes are propagated from greed seed 
to its cluster heads and so on.  

4.15 EECS: Energy Efficient Clustering Schemes 
[22] 

Authors proposed an algorithm in which cluster formation 
is different from LEACH protocol. In LEACH protocol 
cluster formation takes place on the basis of a minimum 
distance of nodes to their corresponding cluster head. In 
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EECS, dynamic sizing of clusters takes place which is 
based on cluster distance from the base station. The results 
are an algorithm that addresses the problem that clusters at 
a greater distance from the sink requires more energy for 
transmission than those that are closer. Ultimately it 
provides equal distribution of energy in the networks, 
resulting in network lifetime. Thus main advantage of this 
algorithm is the full connectivity can be achieved for a 
longer duration. So we can say it provides reliable sensing 
capabilities at a larger range of networks for a longer 
period of time. It provides a 35 percent improvement in 
network life time over LEACH algorithm. 

4.16  EEUC: Energy Efficient Unequal Clustering 
[23] 

This scheme is distance based scheme similar to EECS and 
it also required that every node has global identification 
such as its locations and distances to the base station. 
Hotspot is the main problem in WSNs because of multi 
hopping that occurs when CHs closer to the sink tend to 
die faster compare to another node in the WSNS, because 
they relay much more traffic than remote nodes. This 
algorithms partition the all nodes into clusters of unequal 
size, and clusters closer to the sink have smaller sizes than 
those farther away from the sink. Thus cluster heads (CHs) 
closer to the sink can conserved some energy for the inter-
cluster data forwarding. Energy consumed by cluster heads 
per round in EEUC much lower than that of LEACH 
standard but similar to HEED protocol. 

4.17 LCA: Linked Cluster Algorithms and LCA2 
[24] 

A link cluster algorithm which was one of the oldest 
clustering algorithms developed for wired sensor networks, 
but later developed also for wireless sensor networks. In 
LCA each node has a unique ID number and selection of 
cluster heads in this algorithm depends upon two factors: 
Node has the highest ID number in the cluster. If none of 
its neighbors' are cluster heads. Since LCA used TDMA 
frame for communication between the nodes, where each 
frame has slots for each network in the network to 
communicate. This means that LCA is only applicable for 
small networks and for larger network LCA impose greater 
communication delay. Authors proposed LCA2 algorithm, 
in order to eliminate the election of an unnecessary number 
of cluster heads, as in LCA. 

4.18  Highest-connectivity cluster algorithm [25] 

Authors, propose a highest-connectivity cluster algorithm 
which is similar to LCA. In this algorithm instead of using 
the ID number for selection of cluster heads authors used 
connectivity by node. In this the node which is connected 
more number of nodes is elected as a cluster head. 

Highest-connectivity cluster algorithm suffers from 
additional overhead associated with more frequent 
topology changes. Highest-connectivity cluster algorithm 
has a slightly larger cluster size than d-hop Max-Min 
clustering algorithms. 

4.19 PSO-Clustering [26] 

Authors proposed PSO-clustering which have four variants 
of PSO: PSO-TVIW (PSO with time varying inertia 
weight), PSO-TVAC (PSO with time varying acceleration 
constants), HPSO-TVAC (hierarchical PSO-TVAC) and 
PSO-SSM (PSO with supervisor student mode) for energy 
aware clustering in WSNs. This algorithm is applicable 
only when each node has fixed Omni-directional 
transmission range, the sensor field should be mapped into 
a 2-Dimensional space and nodes are randomly distributed. 
After deployment of the nodes, the nodes are static and the 
positions of the nodes are known to the base station. The 
base station runs the clustering algorithm and updates 
nodes about their cluster-head and all nodes should have 
same transmission ranges and hardware configurations. 

4.20 PSO-C: Centralized-PSO [27] 
Authors proposed centralized-PSO algorithms, in which 
the nodes which have energy above average energy 
resource are elected as the cluster heads. In this authors 
also compare this algorithm with LEACH protocol and 
with LEACH-C. Simulation results show that PSO 
outperform to LEACH and LEACH-C in term of network 
life time and throughput etc. It also outperforms GA and 
K-means based clustering algorithms. 

4.21 MST-PSO: Minimum Spanning Tree-PSO 
[28] 

Authors proposed a minimum spanning tree-PSO based 
clustering algorithm of the weighted graph of the WSNs. 
The optimized route between the nodes and its cluster 
heads is searched from the entire optimal tree on the basis 
of energy consumption. Election of cluster head is based 
on the energy available to nodes and Euclidean distance to 
its neighbor node in the optimal tree. Others have 
concluded that network life time does not depend on the 
base station location or residual energy of the node. Once 
the topology decided to then network life time becomes 
almost settled. Author’s shows two techniques for 
improving network life time: reduce the startup energy 
consumption of the transmitter and receiver, and optimized 
the network topology. 
4.22 LEACH and Its Descendant 
Low Energy Adaptive Clustering Hierarchical Protocol 
(LEACH) uses the following techniques to achieve the 
design goals: randomized, self-configuring and adaptive 
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cluster formation, Local control for data transfers and low-
energy media access control and application specific data 
processing. LEACH protocol has many rounds and each 
round has two phases, a setup phase and steady state 
phase, in set up phase it provides cluster formation in 
adaptive manner and in the steady state phase transfer of 
data takes place. LEACH uses a TDMA or a CDMA MAC 
to reduce inter-cluster and intra cluster collisions. Cluster 
formation based on many properties such as the number 
and type of sensors, communication range and 
geographical location. The energy consumption of the 
information gathered by the sensors node to reach the sink 
will depend on the number of cluster heads and radio 
range of different algorithms, because the energy 
consumption can be reduced by organizing the sensor 
nodes in the clusters [38].  
LEACH-F:  In this author proposed an algorithm in which 
the number of clusters will be fixed throughout the network 
lifetime and the cluster heads rotated within its clusters. 
Steady state phase of LEACH-F is identical to that of 
LEACH. LEACH-F may or may not be provided energy 
saving and this protocol does not provide the flexibility to 
sensor nodes mobility or sensor nodes being removed or 
added from the sensor networks. 
LEACH-C: LEACH cluster formation algorithm has the 
disadvantages of guarantee about the number of cluster 
head nodes and its placement. Since the clusters are 
adaptive, so there is poor clustering set-up during a round 
will affect overall performance. However, using a central 
control algorithm to form the clusters may produce better 
clusters by distributing the cluster head nodes throughout 
the network. 
LEACH-B : Authors proposed decentralized algorithms 
of cluster formation in which sensor node only knows 
about own position and position of final receiver and not 
the position of all sensor nodes. LEACH-B operates in 
following phases: Cluster head selection algorithm, 
Cluster formation and data transmission with multiple 
accesses. Each sensor node chooses its cluster head by 
evaluating the energy dissipated in the path between final 
receiver and itself. It provides better energy efficiency 
than LEACH. 
LEACH-ET: In this cluster will change only when one 
of the following conditions is satisfied: first, Energy 
consumed by anyone of the cluster head nodes (CHs) 
reach energy threshold (ET) in one round. Second, every 
sensor node should know the energy threshold (ET) 
value. If in initial phase, anyone of the cluster head nodes 
dies. If any sensor node acts as a cluster head node (CHs) 
in a certain round, it should have the energy dissipated 

value and compares the dissipated value with the energy 
threshold (ET) value. 
Energy–LEACH: it provide improvement in selection of 
cluster heads of LEACH protocol It makes residual energy 
of the node as the main factor which decides whether these 
sensor nodes turn into the cluster head or not in the next 
round. E- LEACH improves the cluster head election 
procedure that is chosen in LEACH protocol node cannot 
be chosen to be a cluster head node. This protocol 
provides longer network life time and energy saving 
compared to LEACH protocol 
TL-LEACH: its works in three phases, cluster-head 
casing, Cluster setup and data transmission. In this 
protocol the author improve the LEACH in which some of 
the cluster heads elected during setup phase in LEACH 
were chosen again as the level-2 cluster heads (CHs), 
which have the communication with the base station 
MH-LEACH: In this author proposed a protocol which 
improves communication mode from a single hop to multi 
hop between cluster head and base station. In LEACH 
protocol each cluster head directly communicates with sink 
and the distance between the sink and cluster head does not 
matter, if the distance is large it will consume more power. 
So modified form like MH LEACH protocol which adopt 
an optimal path between the base station and cluster head 
and multi hop communication takes place among cluster 
heads.        
ACHTH –LEACH: The author has induced ACHTH -
LEACH to improve LEACH and rectify its defects. The 
clusters are set up based on the Greedy k-means algorithm. 
The cluster heads are elected by considering the residual 
energy of sensor nodes. And the cluster heads may adopt 
two-top transmission to reduce the energy spent on sending 
data to the BS. The simulation results show that ACHTH-
LEACH effectively prolong the lifespan of the network by 
the balanced clustering approach and the two-hop 
communication to the BS. The performance of ACHTH-
LEACH can be further improved if some parameters and 
threshold values are optimized in and the percent of nodes 
alive is less than threshold values are optimized. 
MELEACH-L: In this paper the authors enumerated 
energy-efficient multi-channel routing protocol for wireless 
sensor networks. With the aid of controlling the size of 
each cluster and separating CHs from backbone nodes, 
MELEACH-L manages the channel assignment among 
neighbor clusters and the cooperation among CHs during 
the data collection. Analysis and simulations clearly show 
the validity of the two criteria for large-scale WSNs and 
the energy-efficiency of MELEACH-L.  
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        Table1: Time line of LEACH and Its Descendant
 

 
 
MS-LEACH: In this paper the authors have analyzed the 
problem of energy consumption of the single-hop and 
multi-hop transmissions in a single cluster.  Finally a 
critical value of the cluster area size is determined. MS-
Leach is based on the critical value. Simulation results 
clearly show that MS-Leach outperforms at most by 200% 
in term of network lifetime. It is proposed as future work 
its relationship between multi-hop and single-hop 
transmissions will be analyzed in-depth in various 
protocols and new mechanisms of routing will be 
developed. 
Trust-Based LEACH: Since the commonly security 
solution based on cryptography and other traditional 
methods which cannot incorporate new challenges from 
internal attackers, and trust is recognized as a novel 
approach to defend against such attacks. In this paper the 
authors have proposed a trust-based LEACH protocol to 
provide secure routing, while keeping the necessary 
functionalities of the original protocol. The decision-

making is based on the decision trust, evaluated 
independently and adaptively for different decisions by 
basic situational trust.  
LEACH-DCHS-CM: The authors have presented a 
LEACH-DCHS-CM algorithm against the characteristic of 
the frequent formation of the clusters in LEACH-DCHS 
algorithm. Highlighted the option of using energy balance 
clustering algorithm when the number of failed nodes up to 
a certain extent. As a future wok main concentration on the 
“certain value” settings of nodes also deserve further 
research. 
TB-LEACH: A new protocol of Cluster-Head Selection 
Algorithm for LEACH based on time (TB-LEACH).  
Principle of TB-LEACH is stated and the main flowchart 
and pseudo codes realizing TB-LEACH.  Analysis 
between new protocol and LEACH protocol is done which 
significantly shows that there is an improvement which is 
done by formation of a constant number of clusters; TB-
LEACH constructs the cluster by using an algorithm based 
random-timer, which doesn't require any global 

S.N. LEACH and Its Descendant Abbreviation Year of 
Publication 

1 LEACH [49] Low energy adaptive clustering hierarchy 2002 
2 LEACH-C [49] Centralized - Low energy adaptive clustering hierarchy 2002 
3 LEACH-F [50] Fixed no. Of Cluster- Low energy adaptive clustering hierarchy 2002 
4 LEACH-B [51] Balanced- Low energy adaptive clustering hierarchy 2003 
5 LEACH-ET [52] Energy threshold- Low energy adaptive clustering hierarchy 2006 
6 LEACH-E [53] Energy- Low energy adaptive clustering hierarchy 2007 
7 TL-LEACH [54] Three Layer- Low energy adaptive clustering hierarchy 2007 
8 A -s LEACH [31] Advanced-solar aware- Low energy adaptive clustering hierarchy 2007 
9 S- LEACH [55] Secure- Low energy adaptive clustering hierarchy 2008 
10 Trust Based –LEACH [36] Trust Based- Low energy adaptive clustering hierarchy 2008 
11 LEACH-DCHS-CM [37] Cluster maintenance - Low energy adaptive clustering hierarchy-DCHS 2008 
12 TB- LEACH [38] Time based- Low energy adaptive clustering hierarchy 2008 
13 MAT- LEACH [40] Mobile agent based- Low energy adaptive clustering hierarchy 2008 
14 Armor- LEACH [42] Advance LEACH routing protocol for micro-sensor networks 2008 
15 LEACH-Mobile [45] Low energy adaptive clustering hierarchy-Mobile 2008 
16 A-LEACH [41] Advanced- Low energy adaptive clustering hierarchy 2008 
17 ME- LEACH-L [34] More energy efficient - Low energy adaptive clustering hierarchy-L 2009 
18 Re-cluster- LEACH [46] Re-cluster- LEACH- Low energy adaptive clustering hierarchy 2009 
19 LEACH-H [44] Low energy adaptive clustering hierarchy-H 2009 
20 O- LEACH [43] Optical- Low energy adaptive clustering hierarchy 2009 
21 LEACH-TM [39] Low energy adaptive clustering hierarchy-trust-minimum 

transmission 
2009 

22 MS- LEACH [35] Combination of multi-hop and single hop- Low energy adaptive 
clustering hierarchy 

2009 

23 Hybrid-LEACH [32] Hybrid- Low energy adaptive clustering hierarchy 2009 
24 LEACH-D [29] Low energy adaptive clustering hierarchy-D 2010 
25 P-LEACH [30] Low energy adaptive clustering hierarchy-partition 2010 
26 

ACHTH- LEACH [33] 
Adaptive cluster head election and two hop transmission- Low 
energy adaptive clustering hierarchy 2010 

27 MR- LEACH [47] Multi-hop hop  routing- Low energy adaptive clustering hierarchy 2010 
28 HPR- LEACH [48] Heterogeneous- Low energy adaptive clustering hierarchy  2010 
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information. Also the simulation results confirm the TB-
LEACH provides the best energy efficiency and the longer 
network lifetime in comparison to LEACH. 
LEACH-TM: In this paper as compared to LEACH which 
have certain drawbacks a new improved LEACH-TM 
introduces the concept of Trust, designs the cluster-head 
adjusting procedure and establishes a multi - path with 
cluster-heads acting as routers. The simulation confirms 
that LEACH-TM over comes the deficiency makes in the 
reliability of data transmission, the distribution of cluster 
heads and the lifetime of networks. 
A-LEACH: LEACH protocol suffers with the problem 
that Head node spends the more energy in comparison to 
others. In this paper it is proposed how effectively to 
process data using a mobile agent technique based 
LEACH. So that the task of energy saving and reliable data 
is fulfilled. In this paper, the authors have elaborated how 
to select the cluster heads in every round which depends 
both on current state probability and general probability.  
Armor-LEACH: This protocol as compared to LEACH, 
Sec-LEACH the Armor-LEACH provides large sensor 
networks with high energy saving, and high level of 
performance, three times better.  Simultaneously it 
produces a higher level of security than it produced by 
LEACH and TCCA. Final results produced provide a very 
efficient solution for sensor networks communications. 
A-LEACH: In this paper Author has elaborated energy-
efficient communication protocol, called optical LEACH 
(a-LEACH), for hybrid sensor networks that incorporate 
distributed optical fiber sensor links located at the center 
and two isolated wireless sensor networks (WSNs) with 
randomly scattered nodes. Simulation results indicate 
performance in terms of lifetime is simulated with -30% 
improvements over LEACH protocol. 
LEACH-H: In order to enhance life span of WSN a new 
protocol LEACH-H is developed which includes pros and 
cons of both LEACH and LEACH-C. Analysis of LEACH 
and LEACH-C is working out by authors which are classic 
WSN cluster routing protocols. It is suitable for 
applications in the large-scale WSN. 
 

LEACH-Mobile: Protocols such as LEACH suitable for 
clusters are best suited for routing in wireless sensor 
networks. LEACH-M which is developed and best suited 
for mobility centric environments with some modification 
was suggested in the basic scheme. LEACH-Mobile is one 
such protocol. The proposed LEACH-M protocol 
improves in the mobile scenario by ensuring whether a 
sensor node is able to communicate with its cluster head 
Re-Cluster-LEACH: This paper puts forward a new 
routing protocol on the basis of LEACH protocol: A Re-
cluster-LEACH routing protocol based on node density. 
This protocol improves the cluster head selection 
algorithm in LEACH, increase cluster-based data fusion 

and brings forward the algorithm of the second selection of 
a cluster head. The paper also makes improvements on the 
most important flaw in LEACH single hop transmission 
MR-LEACH: In this paper, it has proposed a multi-hop 
routing protocol with low energy dynamic cluster hierarchy 
to minimize the energy consumption of sensor nodes. The 
performance evaluation section has shown that MR-
LEACH performs well compared to similar approaches 
given that network is divided into an optimal number of 
layers. 
LEACH-HPR: In this paper, LEACH-HPR introduced an 
energy efficient cluster head election method and using the 
improved Prim algorithm to construct an inter-cluster 
routing in the heterogeneous WSN. Simulation results 
show LEACH-HPR is more efficient to reduce and balance 
energy consumption and hence enhance the lifetime of 
WSN 

                                     5. Results 
We have surveyed the state-of-art of different clustering 
algorithms in wireless sensor networks along with LEACH 
and descendant reported in the literature of WSNs till 
today and presented the comparison of different LEACH 
descendant. We have found that the some energy efficient 
algorithms increases the network lifetime Although every 
effort has been made to provide complete and accurate 
state of the art survey on energy efficient clustering 
algorithms along with LEACH and its descendant as 
applicable to WSNs. 
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Abstract 
Climate change is the major problem that every human being is 
facing over the world. The rise in fossil fuel usage increases the 
emission of `greenhouse' gases, particularly carbon dioxide 
continuously into the earth’s atmosphere. This causes a rise in 
the amount of heat from the sun withheld in the earth’s 
atmosphere that would normally radiated back into space. This 
increase in heat has led to the greenhouse effect, resulting in 
climate change and rise in temperature along with other 
climatological parameters directly affects evaporation losses. 
Accurate modelling and forecasting of these evaporation losses 
are important for preventing further effects due to climate change. 
Evaporation is purely non-linear and varying both spatially and 
temporally. This needs suitable data driven approach to model 
and should have the ability to take care of all these non-linear 
behaviour of the system. As such, though there are many 
empirical and analytical models suggested in the literature for the 
estimation of evaporation losses, such models should be used 
with care and caution. Further, difficulties arise in obtaining all 
the climatological data used in a given analytical or empirical 
model. Genetic programming (GP) is one such technique applied 
where the non-linearity exist.  GP has the flexible mathematical 
structure which is capable of identifying the non-linear 
relationship between input and output data sets. Thus, it is easy 
to construct ‘local’ models for estimating evaporation losses. The 
performance of GP model is compared with Thornthwaite 
method, and results from the study indicate that the GP model 
performed better than the Thornthwaite method. Forecasting of 
meteorological parameters such as temperature, relative humidity 
and wind velocity has been performed using Markovian chain 
series analysis subsequently it is used to estimate the future 
evaporation losses using developed GP model. Finally the effect 

of possible future climate change on evaporation losses in 
Pilavakkal reservoir scheme, India has been discussed. 
 
Keywords: Climate change, genetic programming, green house 
effect. 

1. Introduction 

Climate change is a major issue in this century and it 
affects directly as well as indirectly the water resources. 
Increasing amount of CO2 emission into the atmosphere 
will increase the global temperature known as global 
warming [8]. Also it [8] suggests that the water resources 
system will negatively respond on water availability and 
water supply.  The understanding of the impact of climate 
change on evaporation could be better explained by 
accurate modelling and forecasting of the variable.  

 
Evaporation is one of the least satisfactorily explained 
components of the hydrologic cycle because, unlike say 
stream flow, it cannot be directly measured. The simplest 
approaches are mass transfer, energy budget methods to 
estimate the evaporation. Further more, The National 
Weather Service class “A” pan is the most widely used 
evaporation instrument today and its application in 
hydrologic design and operation is long standing. Pan 
evaporation has been widely used for estimating lake and 
reservoir evaporation. These methods are generic and may 
affect the modelling approach and needs suitable data 
driven approach. 
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Numerous researchers have attempted to estimate the 
evaporation values from climatic variables, and most of 
these methods require data that are not easily available. 
Important historical examples include: (a) empirical 
relationships between meteorological variables ([3], [17], 
and [19]) and (b) physically-based equations ([15], [16]). 
While the former methods estimate evaporation based on 
climate data, the latter methods link evaporation dynamics 
with the supply of energy and the aerodynamics transport 
characteristics of a natural surface. Simple methods that 
are reported (e.g. [14], [18], and [19]) try to fit a linear 
relationship between the variables. However, the 
evapotranspiration process is embedded with large 
variability in both spatial and temporal scales [10].  

 
Black box models like Genetic Programming (GPs), 
artificial neural networks (ANNs) and fuzzy techniques 
have been proposed as efficient tools for modeling and 
their application in water resources problems are reported 
successfully ([1], [2], [4], [9], [10], [12], [13], [20], [23]). 
GP has the advantage of providing inherent functional 
input-output relationships as compared to traditional black 
box models, which can offer some possible interpretations 
to the underlying process.Genetic programming (GP) is 
chosen as the modelling tool owing to its ability to evolve 
mathematical models from historical data.  

 
In this study, the major objective was to evaluate the 
potential of GPs for estimating evaporation for Kovilar 
Reservoir in the Vaipar basin of Tamilnadu, India and its 
results are compared with Thornthwaite method [21]. 
Forecasting of the meteorological parameter such as 
temperature, relative humidity and wind velocity is carried 
out using Markovian chain series analysis method. Using 
the forecasted series, the future evaporation loss is 
estimated with the help of developed GP model. Finally 
climate change effects were discussed with temperature 
and evaporation changes. 

2. Study area and data used 

Pilavakkal reservoir system consists of Periyar and Kovilar 
reservoirs in Virudhunagar District of Tamilnadu State, 
India. For this study, Kovilar reservoir has been taken as a 
study area (Figure 1). It is situated within the geographical 
coordinates of (9o41’N, 77o23’E) and (9o38’N, 77o32E).  
Kovilar reservoir is constructed across the non-perennial 
Kovilar River, which carry only intermittent flash flows 
depending on the seasonal rainfall. The command area 
experiences a tropical climate throughout the year. A 
maximum mean monthly temperature of 38.34oC is 
observed during May, whereas a minimum mean monthly 
temperature of 20.04oC occurred in the month of January. 

Mean annual rainfall of the dam site is 1187 mm against 
the state average of 945mm. However, the rainfall is highly 
erratic and is less than 75% of the mean in 20% of the 
years. Hence the area can be classified as drought prone 
according to the standards fixed by the Indian 
Meteorological Department.  

 
Historical monthly average records of  hydro 
meteorological variables such as temperature, wind speed, 
relative humidity, sunshine hour, precipitation and 
Evaporation have been data collected for the years 1992-
2000 from Kavalur meteorological station, the nearest 
available meteorological station, about 20 km from the 
reservoir site. The data for the years 1992-1997 were used 
in model training and 1998-2000 data were used in model 
testing.  
 

 
Fig. 1 The study area: Kovilar reservoir, Vaipar basin, India. 

3. Materials and methods 

3.1 Genetic Programming 

Genetic Program (GP) is an automatic programming 
technique for evolving computer programs to solve, or 
approximately solve, problems [13]. In engineering 
applications, GP is frequently applied to model structure 
identification problems. In such applications, GP is used to 
infer the underlying structure of either a natural or 
experimental process in order to model the process 
numerically. Genetic programming has recently been 
applied to `real-world' problems [5]. This is a search 
procedure that uses random choice as a tool to direct a 
highly exploitative search through the numerical coding of 
a given parameter space.  Goldberg [7] suggested that the 
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probabilities of crossover and mutation are used in the 
simple genetic algorithm to effectively control the 
operators of crossover and mutation and they must range 
from 0 to 1. The final output of the model consists of 
independent variables and constants, and the functional set 
consists of basic mathematical operators {+, –, x, /, sin, 
cosh, log, power …} that may be used to form the model. 
The choices of operators depend upon the degree of 
complexity of the problem to be modelled.  
 
The following parameters are considered while creating the 
dynamic models of Kovilar reservoir. 
 
Et comp = f (Tt, RHt, Nht, Vt, Et obs)                    
(1) 
                                                                                    
where,  
Et comp = Computed Evaporation losses at time t (Mm3) 
Et obs    = Observed Evaporation losses at time t (Mm3)  
Tt           = Temperature at time t (ºC)  
RHt      = Relative Humidity at time t (%) 
Nht      = Sunshine hour at time t (Hours/day) 
 Vt         = Wind velocity at time t (Kmph)    
 
The mathematical models evolved from GP are presented 
as 

2

1
cos sin

0.107
t t t t t

t

E T RH V T
V

−
= − ∗ ∗
     

          
 (2)                                                                     

      
In equation (2), the temperature term explicitly 

appears. This is mainly because the evaporation losses 
depend on temperature.  The prediction is found to be 
better in the zone of mean of the evaporation values i.e. 
about 0.1 Mm3. 

3.2 Thornthwaite model 

The Thornthwaite method [22] was used to estimate the 
potential evaporation of the basin. This method uses air 
temperature as an index of the energy available for 
evaporation, assuming that air temperature is correlated 
with the integrated effects of net radiation and other 
controls of evaporation, and that the available energy is 
shared in fixed proportion between heating the atmosphere 
and evaporation. There is no correction for different 
vegetation types. It merely requires inputs of mean 
monthly temperature, precipitation, latitude, and an 
estimate of soil storage capacity. Thus, the Potential 
Evaporation (PE) values are calculated based on observed 
temperature (and day-length) data and, when applied to 
typical, calibrated paired experimental watersheds where 
one is treated and the other is a control, may be correlated 
with and evaluated for any change in runoff quantity and 

timing. Ultimately, Thornthwaite method is useful for 
description, classification, management, and research. The 
method’s biggest shortcoming is the minimum time 
division as month. That may produce a situation where 
end-of-the-month precipitation should not in fact appear as 
runoff until the following month, a delay that may be 
confusing in the computed water balance. However, the 
mean annual computations do wrap around: for example, 
mean annual January runoff, is based on mean annual 
December runoff.  

 
The Thornthwaite's empirical equation is: 

10
16

at
PE

I
=  

 
 

                 (3)                                                                                                            

 
where, 
PE = Potential evapotranspiration in centimeter per month. 
 t = Mean monthly air temperature (ºC) 
i = the monthly heat index and it is expressed as: 
 

1.514

5

t
i =  

 
 

     (4)                                    

 
 I = Annual heat index and it is given by the equation: 

12

1j

I i
=

= ∑                                (5) 

 
j = 1, 2, 3 ...12 is the number of the considered months. 

7 3 5 26.7 10 7.7 10 0.018 49a I I I− −= ∗ − ∗ + +   (6)
                             
The computed monthly potential evaporation in Equation 3 
is for a standard month with 360 hours of daylight. It must 
be corrected for the varying length of day with latitude 
using the appropriate correction factor. For the evaluation 
of the actual evaporation the Thornthwaite water balance 
model [6] was utilized. The required parameters to 
determine actual evaporation using this model are mean 
monthly precipitation mean monthly potential evaporation. 
 

3.3 Markovian model 

The Markovian model was used to forecast the required 
meteorological data. After that, these forecasted 
parameters were used for the model prediction. In general, 
the forecasted series preserve the statistical properties such 
as mean and standard deviation of observed series. Errors 
in estimate of statistical properties due to depth of 
observed data and it reflects in generated values also. 
Finally, the forecasting is carried out using the following 
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relationship from the Markovian chain series analysis. The 
following equation represents mth order Markovian model. 

0 1 1 2 2
............i i i m i m iq b b q b q b q e

− − −
= + + + + +    (7)

       
 
 

In this study, the below Markovian equation is used to 
forecast the values  

2

1 ( 1) 1 1 ( 1)

1

( ) 1t
t t t t t t t t t

t

y y r y y e r
σ

σ
σ+ − − − − − −

−

= + − + −   (8)  

where, 
yt+1 = forecasted value at time (t+1) 

ty  = average of actual value at time (t) 

yt-1 = actual value at time (t-1) 

1ty −  = average of actual value at time (t-1) 

σ t = standard deviation at time (t) 
σ t-1 = standard deviation at time (t-1) 
r = correlation coefficient between time series (t), (t-1) 
e = random part, rectangularly distributed (0, 1) 

4. Results and discussion  

The coupled data driven-evaluation scheme (Genetic 
Process and Genetic Algorithm) for evaporation prediction 
in reservoir was developed and demonstrated. The variable 
Tt, RHt, Vt appears in equation 2. The above parameters in 
the equation shows, the evaporation in Kovilar reservoir is 
related with meteorological parameter temperature, wind 
velocity and relative humidity from the given input 
variables. The velocity term appears in the model shows 
that velocity of wind imparts main reason for evaporation. 
This is observed that the study area don’t have obstruction, 
hence free wind movement occurs.  And relative humidity 
of an air-water system is dependent not only on the 
temperature but also on the absolute pressure of the system 
of interest.  Similar findings were earlier reported by [11]. 
The term sunshine hour does not appear in the developed 
model. It is observed that this term indirectly appeared in 
the form of temperature. During the GP model 
development, the exponential term was included. But in 
final model instead of exponential term, the 
trigonometrical term arrived. This shows that there is a 
chance for the seepage along with evaporation. 
 
Thornthwaite method shown lesser efficiency and 
correlation coefficient compare to GP model both in 
training and testing periods in table 1. This probably due to 
the Thornthwaite method considers only temperature and 
precipitation in the model. In GP model, evaporation 
process depend on many more meteorological parameters 
such as temperature, relative humidity, and wind velocity 

which are directly as well as indirectly affecting the 
process. At the same time as the GP model performs very 
well because the GP has the ability to learn the non-
linearities. The fig 2 shows the observed and computed 
value of GP during training and testing period. It uses the 
appropriate functions that are having input-output 
relationship. Moreover, the optimization takes place both 
constant and variables which involves in the model 
generation.  

Table 1: Performance evaluation of static GP and Thornthwaite model 

Model 
 

Model performance in different period 

Training 
(1992-1997) 

Testing 
(1998-2000) 

CC 
(%) 

CE 
(%) 

CC 
(%) 

CE 
(%) 

GP 88.7 77.4 84.3 73.9 

Thornthwaite 73.1 68.5 67.0 61.3 

 
The developed GP evaporation model has been utilized for 
finding the possible future climate change in Pilavakkal 
reservoir. This needs three parameters (i.e. temperature, 
wind velocity and relative humidity) for the estimation of 
evaporation at a given time (t). Hence, the forecasting of 
these three parameters performed using Markovian chain 
series analysis for the next 50 years (2001-2050).  
 
Markovian chain series analysis determines the 
relationship between dependent variables (temperature, 
wind velocity and relative humidity) and independent 
variable (time). The major advantage of using this method 
is taking the sessional variation of climatical parameters. It 
satisfies the statistical conditions by taking care of standard 
deviation and correlation between the data serious. The 
randomly generated part minimises the error in the system. 
Thus, it provides meaningful forecasted values. It is clearly 
presented in the table 2. It shows the values of temperature 
variation in the next 50 years. Mean annual temperature 
and evaporation values are calculated for the year 2000 
from the observed data and it is reported as 29.08°C and 
30.9 x103 m3 respectively. It is fixed as a base period to 
calculate the increase in temperature and evaporation 
values in future. Based on this, the variation is presented in 
table 2. Due to the climate change effect, there is an 
increase in annual temperature 1.09°C in the year 2025 and 
2.14°C in the year 2050 occurred in Kovilar reservoir.  
 
Prediction of evaporation is carried out by obtained 
forecasted values from Markovian method. Table 3 clearly 
shows the changes of evaporation in the next 50 years.  
 

deterministic part random part 
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Fig. 2 Observed and estimated evaporation by GP model for Kovilar 
reservoir. 

 

Table 2: Forecasting of temperature using Markovian chain series 

analysis 

No Time series 
Length of 

Record 
in years 

Annual 
Mean 
Value 
in °C 

Inc. in 
actual value  
from base 

 period 
in °C 

1 
 

1992-2000 
 

9 
 

29.08 
(2000) 

---- 
 

2 
 

2001-2025 
 

25 
 

30.17 
(2025) 

1.09 
 

3 
 

2026-2050 
 

25 
 

31.22 
(2050) 

2.14 
 

 
 

 

Table 3: Prediction of evaporation using Genetic Programming modeling 
approach 

No 
Time 
series 

Length 
of 

Record 
in year 

Annual 
Mean  
Value 

in m3x103 

Inc. in  
actual 
value  

from base  
period 

in m3x103 

Inc. in 
% 

1 
 

1992-
2000 

 

9 
 

30.90 
(2000) 

---- 
 

---- 
 

2 
 

2001-
2025 

 

25 
 

34.30 
(2025) 

3.40 
 

11 
 

3 
 

2026-
2050 

 

25 
 

36.13 
(2050) 

5.23 
 

17 
 

*(Annual mean value at a particular time period) 
 
Evaporation is directly proportional to temperature. From 
the obtained results, it is verified that mean annual 
evaporation loss increases upto 17% with 7.35% increase 
in temperature during they year 2050. Finally, it is 
observed that the approach adopted here is more rigorous 
in regional basis. It considers changes in temperature, and 
evaporation due to climate change scenario.  

5. Conclusions 

Two approaches (GP and Thornthwaite method) have been 
applied for Kovilar reservoir. From this study, GP has 
good potential for the non-linear effects by considering the 
parameters which having more influence to affect the 
evaporation process. GP model results are compared with 
Thornthwaite model. GP model gives satisfactorily better 
performance than Thornthwaite model. Thornthwaite 
model underestimates the evaporation this may be due to 
the empirical nature. These models are calibrated for a 
certain set of conditions and that it may not be applicable 
outside of this environment. These models, being 
developed with the local data alone, offers obvious 
advantages over the general evaporation models which are 
very generic. Thus, GP model provides the promising 
algorithm which can accurately estimate the local 
evaporation losses. Markovian chain series generates a 
reliable forecasted value which is used to calibrate the GP 
model. These models could be a better choice for climate 
change prediction in regional basis level. This can be 
coupled with General Circulation Models (GCMs) to 
predict the global climate change. 
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Abstract 

 
Content Delivery Networks (CDNs) is anticipated to 
provide better performance delivery of content in internet 
through worldwide coverage, which would be a fence for 
new content delivery network providers. The appearance 
of Web as a omnipresent media for sharing content and 
services has led to the rapid growth of the Internet. At 
the same time, the number of users accessing Web-based 
content and services are growing exponentially. This has 
placed a heavy demand on Internet bandwidth and Web 
systems hosting content and application services. As a 
result, many Web sites are unable to manage this demand 
and offer their services in a timely manner. Content 
Delivery Networks (CDNs) have emerged to overcome 
these limitations by offering infrastructure and 
mechanisms to deliver content and services in a scalable 
manner, and enhancing users’ Web experience. The 
planned research provides a framework designed to 
enhance QoS of Web service processes for real time 
servicing. QoS parameters of various domains can be 
combined to provide differentiated services, and 
allocating dynamically available resources in the midst 
of customers while delivering high-quality real time 
multimedia content.  While accessing the service by a 
customer, it is possible to adapt real time streams to 
vastly changeable network conditions to give suitable 
quality in spite of factors upsetting Quality of service. To 
reach these intentions, adaptive web service processes to 
supply more information for determining the quality and 
size of the delivered object. The framework includes a 
section for QoS monitoring and adaptation and QoS 
faults prediction possibility and convalesce actions in 
case of failure. The aim of this research is to encourage 
research about quality of composite services in service-
oriented architectures with security measures. 
 
Key words: Content Delivery, Quality of Service, 
Web Service, Real Time Service Provisioning. 
 
1. Introduction 

Applications of CDNs can also be found in many 
communities, such as academic institutions, advertising 
media and Internet advertisement companies, data  

 

centers, Internet Service Providers (ISPs), online music 
retailers, mobile operators, consumer electronics 
manufacturers, and other carrier companies. Along with 
the proliferation, formation, and consolidation of the 
CDN landscape, new forms of Internet content  and 
services are coming into picture while distribution and 
management of content is introducing new challenges in 
this domain. This raises new issues in the architecture, 
design and implementation of CDNs. The technological 
trends in this domain need to be explored in order to 
provide an exclusive research roadmap to the CDN 
community. The Real Time Streaming Protocol (RTSP) 
is a network control protocol designed for use in 
entertainment and communications systems to control 
streaming media servers. The protocol is used to 
establish and control media sessions between end points. 
Clients of media servers issue VCR-like commands, such 
as play and pause, to facilitate real-time control of 
playback of media files from the server. The 
transmission of streaming data itself is not a task of the 
RTSP protocol. Most RTSP servers use the Real-time 
Transport Protocol (RTP) for media stream delivery; 
however some vendors implement proprietary transport 
protocols. The RTSP server from Real Networks, for 
example, also features Real Networks' proprietary RDT 
stream transport. Web services can also be used to 
implement architecture according to Service-oriented 
architecture (SOA) concepts, where the basic unit of 
communication is a message, rather than an operation. 
This is often referred to as "message-oriented" 
services.SOA Web services are supported by most major 
software vendors and industry analysts. Unlike RPC 
Web services, loose coupling is more likely, because the 
focus is on the "contract" that WSDL provides, rather 
than the underlying implementation details. Middleware 
Analysts use Enterprise Service Buses which combine 
message-oriented processing and Web Services to create 
an Event-driven SOA.At the dawn of the third 
millennium a new breed of web application has risen: 
Web Services (WSs)  These services are “self-contained, 
self-describing, modular applications that can be 
published, located, and invoked across the Web.Once a 
Web service is deployed, other applications (and other 
Web services) can discover and invoke the deployed 
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service.” Since they first appeared, several research 
groups have worked on building efficient frameworks 
that enable the deployment of web services, exploiting 
technologies such as : XML (Extensible Markup 
Language), SOAP3 (Simple object Access Protocol), 
UDDI(Universal Discovery, Description and 
Integration),WSDL5 (Web Services Description 
Language), SOA (Service Oriented Architecture) , etc. 
Some of these groups have focused on developing 
ontologies that capture the WSs’ main properties. 
Nevertheless, little work has been done to represent the 
non-functional features of WSs, the most critical part of 
which concerns their Quality of Service (QoS). 
Integrating QoS features in the profile of WSs is to the 
advantage of both users and providers. QoS profiles of 
WSs are crucial in determining which service best 
addresses the user desires and objectives. If the 
discovered WSs are accompanied with descriptions of 
their non-functional properties, then the automated WS 
selection and composition that takes place, considers the 
user’s QoS preferences in order to optimize the user’s 
WS-experience regarding features such as performance, 
reliability, security, integrity, and cost. On the other 
hand, QoS can give WS providers a significant 
competitive advantage in the e-business domain, as QoS 
aware services meet user needs better and thus attract 
more customers. Adopting a WS best effort policy that 
does not provide any guarantees on response time, 
security, throughput, or availability, may still be 
acceptable in light, non-time-critical and non privacy-
sensitive WSs (e.g., static weather forecast report 
service); it is, however, totally unacceptable in more 
demanding cases, when for example dynamic 
composition of various heterogeneous WSs is required. 
Moreover, QoS awareness in WS provision, coupled 
with dynamic network resource allocation mechanisms, 
enables providers to maximize the utilization of their 
infrastructure, thus contributing to the increase of their 
profits. Lately, some research teams, having identified 
the importance of QoS featured WS profiles, have started 
to work on building QoS ontologies for web services, 
mainly focusing on developing ontology vocabularies, 
i.e., identifying the various QoS ontology parameters that 
are involved in web service provision However, as QoS 
parameters can be a lot more than type-value pairs, the 
need to develop a uniform way to efficiently represent 
the plethora of information concerning QoS parameters 
in a machine interpretable manner, while supporting 
enhanced reasoning functionalities, has appeared. A QoS 
ontology language that provides a standard model to 
formally describe arbitrary QoS parameters and exhibits 
properties such as completeness, flexibility, 
interoperability, reliability, scalability and accuracy. This 
language, combined with the proposed vocabulary, 
formulates a robust QoS semantic framework for WSs 
that can increase both the users’ satisfaction and the 
providers’ gains. The aim of this review focuses to the 
design of a framework to enable the QoS analysis of 
Web-service processes for real-time service provisioning 
(RTSP) based on service compositions. An integrated 
approach to quality of service for content delivery using 
Web services includes 

• Quality definitions for the framework model 
• User contracts 

• Fault monitoring System 
• Security measures and also 
• QoS broker design that can be used in  

providing QoS Web services efficient; 
• The end-to-end QoS issue for Web service    

composition; 
• The Several complex service selection   

algorithms to be used by QoS brokers. 

2. QoS Framework – A Review  

2.1 Web services and streaming delivery 

The framework deals with processes interacting with 
different actors and offering value added services that 
are able to satisfy user requests for complex objects, 
such as an e-learning object, a clinical health service, or 
an e-government service. The methods of quality 
analysis and the reference-tool architecture that  
combine the worlds of Web services and streaming by 
focusing on jointly provisioning complex services and 
their quality. We assume that the environment is 
composed of several nodes operating at two layers: 
Web services and their related protocols, and RTSP 
protocols. Figure 1 shows the reference scenario: a user 
requires, and eventually receives, a complex service 
obtained as a composition (possibly a choreography3) 
of different Web services; one of these (WS2 in the 
figure) provides streaming content. The main concerns 
of this review include addressing problems associated 
with the guarantee of QoS requirements in variable 
contexts and providing an active approach to solving or 
anticipating possible failures. Therefore, the focus of 
this article is not only on monitoring, but also on 
anticipating faults with prediction techniques. 

 

Fig 1 Reference Scenario 

2.2 QoS definition 
 
Defining a general QoS model is essential. Normally 
there are two QoS models, one for the Web service 
layer and one for the RTSP layer. The use two 
ontologies to represent quality parameters, with the 
semantics conforming to methodologies and 
techniques used in the Semantic Web community. 
The OWL Web Ontology Language  to develop the 
QoS ontologies, and followed the conceptual 
structure proposed by Papaioannou. Web-service 
QoS model relies on the following parameters to 
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describe the QoS related to a single synchronous 
operation provided by the server: 

• Response time: Time elapsed between the 
instant a request is sent from the client and 
the instant the server computes the 
response. 

 
• Price: Amount a client pays to the server 

for operation provisioning. 
 

• Availability: Probability that a given 
operation is accessible at the moment of the 
request. 

 
• Reputation: Ratio of the number of 

invocations with the requested QoS and the 
total number of invocations. 

 
• Data quality timeliness: Freshness (up-to-

date degree) of data. 
 

• Data quality accuracy: Correspondence 
between given data and reference data 
considered as correct. 

 
• Data quality completeness: Coverage of 

exchanged data with regard to total data 
representing the managed information. 

 
2.3 Real-time service provisioning layer 
 
The QoS of a multimedia stream is based on two 
classes of parameters, namely: 
 

1. User related - These express the user’s 
requirements and preferences in accessing 
multimedia services, and allow the 
evaluation of relevance to the user of each 
component (video, audio, and data) of the 
delivered multimedia flow. 

 
2. Network related - These parameters support 

the assessment of the amount of available 
network resources (bandwidth, channel 
speed, and so on). 

 

2.3.1 User Contracts 

A QoS contract between a provider (server) and a 
consumer (user) regarding a set of parameters. User 
contract consists of two parts: 
 

 Mandatory part - consisting of the seven 
levels of QoS   one for each QoS parameter 
and of a rule used to determine whether a 
QoS violation occurs;  

 
 Optional part - related to specific aspects, 

such as the QoS of real-time contents 
provided by the server.Table1 provides the 
entire set of parameters defining the QoS at 
the RTSP layer. 

 
Table 1 RTSP Layer QoS Parameters 

Parameter QoS Parameter 

User Related 

Access count 
Video access count 
Audio access count 
Data access count 
Video degradation count 
Audio degradation count 
Data degradation count 
x-resolution 
y-resolution 
Chrominance 
Luminance 
Frame rate 
Audio channels 
Audio codex 
Audio frequency 

Network Related 
Video bandwidth 
Audio bandwidth 
Data bandwidth 

 
2.4 QoS for web services 
 
Future Web-based systems require a seamless 
integration of user processes, server applications, 
domain intelligence, and Web services over the 
Internet. Delivering QoS services for most 
multimedia and real-time applications is a critical 
and significant challenge because of the dynamic 
and unpredictable nature of user applications and 
Internet traffic. User applications with different 
profiles and requirements compete for the resources 
used to provide Web services. Without a careful 
management of Web service QoS, critical 
applications may suffer performance degradation, 
and resulting in customer dissatisfaction or media 
losses. The area of QoS management covers a wide 
range of techniques that match the needs of service 
requestors with those of the service provider’s. QoS 
has been a major area of study in computer 
networking, real-time computing , and system 
middleware. For Web services, QoS guarantee and 
enhancement have started to receive some attention. 
The proposed work only consider the following 
quality attributes as part of Web service parameters. 
 

• Response time (T): The amount of time to 
get a service request fulfilled at the client 
side. This includes service time Ts and 
transmission time Tt: T = Ts + Tt . 

 
• Service time (Ts ): The time a server needs 

to process a service request. The 
information is furnished by the service 
provider; 

 
• Transmission time (Tt ): The time needed 

to send a request to a server and get the 
result from the server (i.e., round trip 
communication time). It is decided by the 
network. 

 
• Cost (C): Includes service cost Cs and 

transmission cost Ct: C = Cs + Ct. 
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Service cost (Cs): Service cost is the 
service charge for each unit of service. 
A Web service may be priced 
differently depending on the quality of 
the (media) service delivered. It is set 
by the service provider;  

 
Transmission cost (Ct ): The price that 
a service requestor has to pay for 
transmitting a request to a server and 
transmitting the result data from the 
server to the requester. The 
transmission cost is decided by the 
network operator; 

 
• Service availability (A): The probability 

that a service is available at some interval 
of time. This only measures the server 
availability in terms of responding to a 
request, not the result quality. It can be 
computed from historical data: A = Ta / Tt 
where Ta: the amount of time that a service 
is available;Tt: total time interval that is 
measured 
 

• Service reliability (R): The probability that 
a request is correctly fulfilled within the 
expected time. It can be computed from 
historical data: R = Ns / N where  
Ns: number of requests successfully 
fulfilled; 
N: total requests. 
 

• Network bandwidth: The minimum 
network bandwidth required to receive the 

service. This is especially important for 
services with multimedia content such as 
video or large graphics. The bandwidth 
attribute will also be important for Web 
service brokers to decide if a service should 
be invoked if the client is using a low 
bandwidth network such as wireless 
connections. The above QoS attributes that 
the work is consider in the framework are 
both easy to understand and to measure. 
These attributes can be collected on a 
system without user intervention. For 
example, before and after each connection 
and invocation of a Web service, a software 
agent can automatically measure the 
response time, the service cost, the 
bandwidth used, and the number of 
connection attempts before the service is 
successfully delivered. 

 
2.5 Prediction 
 
To anticipate faults, the proposed work uses a 
prediction model and a support framework 
based on monitoring and machine learning. 
Because the global QoS varies in the runtime 
environment, to determine the global QoS by 
observing a set of parameters (the prediction 
global QoS is the tuple containing only the 
Web-service quality parameters).Some 
regularity can emerge from observation of the 
global QoS, depending on the values of specific 
parameters in different situations.

 
 

Figure 2. Sample Web services process for QoS prediction 
 
For example, the global QoS on the same sequence 
of operations can change, and this regularity can be 
useful in determining the range variability. By 
observing these regularities, it can be define or 
predict the global QoS. In this scenario, a huge set of 
simulated data contained in the log files generated 
by the runtime environment is available, making it 
possible to analyze this data to define behavioral 
models. The model uses machine-learning 
techniques to build a system capable of providing 
suggestions on possible variations of the global 
QoS.Fig 2 shows a sample process useful in 
describing the learning problem. A process instance 
uses two services S1 and S2, and invokes several 

operations (O1, O2, . . ., On). To formalize the 
learning problem as follows: given an answer to a 
process operation Si.Oi and given the current global 
QoS level CurrQoSLSi:Oi , let try to know with a 
certain probability PglobalQoS, the global QoS level 
global-QoSj corresponding to CurrQoSSSi:Oi, with j 
being an identifier of a future operation of Si. The 
following features represent input instances for the 
classifier: 
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Fig 3 Orchestration versus choreography 
 

 

 Service name S identifying the server 
providing the current operation; 

 
 Operation name O identifying the current 

operation; 
 

 QoS parameters T.Resp, P,Avail, 
Rep,DQ.Timel,DQ.Acc,and, DQ.Compl 
identifying the current values of each of the 
seven QoS parameters; and 

 
 Target operation OTarget identifying the next 

operation upon which the QoS prediction 
will be performed. 

 
2.6 QoS framework 
 
The architecture monitors, detects, and predicts QoS 
faults, which the architectural components detect 
and manage by providing a self healing Web-service 
approach. The approach consists of making the 
services aware of possible faults and capable of 
repairing them. The business scenario consists of 
several coordinated services that provide real-time 
content. Process management occurs on the 
communication layers for Web-services interaction 
and for RTSP due to the technological differences 
between the two layers. However, it’s necessary to 
manage the two layers uniformly from the user 
perspective, and hence the streaming server exposes 
a management interface to the Web-service layer. 
The separation is total for communication protocols,  
while for QoS, information exchange is enabled 
between the two layers to react to QoS faults.  
 
 
 
 

2.6.1 Web-service Layer 
 
In the Web-service layer, monitoring involves 
several purposes: 
 

 Checking if the execution of the complex 
service correctly follows the interaction 
protocol defined by the global 
choreography 

 
 Checking whether a QoS contract is 

respected; 
 
 Estimating the QoS of following operations 

to prevent QoS faults. 
 
Fig 3 shows Web-service choreography, none of the 
involved participants centrally executes the 
composite service. Each Web service is simply 
aware of its own status and doesn’t have a global 
view encompassing all the cooperating services. 
However, the choreography definition represents a 
global perspectives on the composite service that a 
choreography-monitoring Web service can rely on to 
detect faults occurring at the choreography level. 
The choreography monitor, relying on the 
notification messages received by each Web service 
and on the global choreography description, can 
track the progress of the service execution.  
 
2.6.2 Real-time service provisioning layer 
 
Monitoring bandwidth available for RTSP plays a 
key role in the processes related to multimedia 
streaming. Specifically, knowledge of the bandwidth 
available on each network link enables the detection 
of bottleneck links. Monitoring bandwidth is 
therefore essential for regulating and improving the 
QoS associated with a streaming application. Table 
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2 refers the concept of global QoS as a tuple 
composed of the union of different QoS values or 

levels, due to the heterogeneity of the range 
domains. 

3. Empirical Comparisons  
 
The following table 2 shows the performance of the two frameworks 

 
 
 
 
 

 
Web Services and Streaming delivery framework 

 

 
QoS Ontology Framework 

Ambient QoS 

QoS 
Framework 

for CDN 
using Web 
Services 

 
Input 

 
Parameter 

 
Values 

 
Input 

 
Parameter 

 
Values 

 
 
 
Current QoS           

Response time 
 
Price   
 
Availability  
 
Reputation    
 
Data quality 
timeliness     
 
Data quality 
accuracy                                 
 
Data quality 
completeness                                                               

5 s 
                                                                       
7 Euros 
                                                                
0.9 
                                                                
0.75 
                              
0.75 
                               
 
0.75 
 
 
0.75                                         

 
 
Current 
QoS 
Contract 
 

 Response Time 
 
Price 
 
Availability            
 
Capacity     
             
Scalability     
 
(max) Jitter       
(max) Error Rate  
(max) Latency  
(min) Throughput  
(Kbps) 
          
 

6s 
 
20 
Euros 
 
0.88 
 
200 
 
0.80 
 
1 
(msec) 
10-5 
300(ms
ec) 
384 

 
Table 2 Empirical Comparisons – QoS Framework for CDN using Web Services 

 
The following graph shows the performance of Ambient QoS Framework. 
 
  

Fig 4.  The performance graph – QoS Ontology framework 
 
 
 
 

 
 
 

The following graph shows the performance of QoS Framework with streaming delivery. 
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Fig 5 The performance graph – QoS framework with streaming delivery 

 
 
 

 
 

 

4. Conclusion 
 
The proposed model has End-to-End management 
infrastructure for applications, systems, and 
network. It gives them flexible control over business 
processes involving Web services. Content Delivery 
Networks (CDNs) address the problem of network 
congestion by storing and serving internet content 
from different distributed locations rather than from 
a few centralized origin points. The goal of QoS 
framework is to provide guarantees on the ability of 
a network to deliver predictable results. The network 
QoS refers to the ability of the network to handle the 
traffic such that it meets the service needs of certain 
applications. 
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Abstract 
 
Image inpainting or image completion refers to the process 
of filling in the missing data of an image in a visually 
plausible way. Given a natural scene input image with 
selected target regions, both the geometrical property and 
texture information should be propagated from the known 
parts of image into the target regions. Exemplar-based 
model fills the target region using the source exemplars in 
the known parts of image. Many works on this subject have 
been proposed these recent years. In this paper, we present 
an inpainting method based on the improved exemplar-
based texture synthesis technique which includes image 
gradient information during the inpainting process. A 
comparison with some existing methods on different 
natural images shows the strength of the proposed 

approach. 
Keywords: Image Inpainting, exemplar based, Texture 
synthesis, image completion, Partial Differential Equation 
(PDE) 
 
1. Introduction 

 
Image inpainting is an iterative method for repairing 
damaged pictures or removing unnecessary elements 
from pictures. This activity consists of filling in the 
missing areas or modifying the damaged images in a 
non-detectable way by an observer not familiar with 

the original images [1]. Applications of image 
inpainting range from restoration of photographs, 
films and paintings, to removal of occlusions, such as 
large unwanted regions, superimposed text, subtitles, 
stamps and publicity, from images. In addition, it is 
of significant importance in restoration of precious 
work of arts, calligraphies, and paintings in the 
digital museum with image inpainting technique 
[13].A number of algorithms address this image 
filling issue [2], [3], [7], [8], [12]; these image 
inpainting techniques fill holes in images by 
propagating linear structures (called isophotes in the 
inpainting literature) into the target region via 
diffusion. They are inspired by the partial differential 
equations (PDE) of physical heat flow, and work 
convincingly as restoration algorithms.  
 
The PDE-based algorithm does not perform well for 
texture dominated pictures. For such cases the 
exemplar based algorithm is used instead [5], [10], 
[11]. Given a texture sample, the texture synthesis 
problem consists in synthesizing other samples from 
the texture. The usual assumption is that the sample 
is large enough to capture the stationarity of the 
texture. There have been many works extending 
texture synthesis to inpainting.  
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 In the seminal paper [4], the authors have presented 
a simple yet effective nonparametric texture synthesis 
method based on local image patches. The texture is 
modeled as a Markov Random Field (MRF) by 
assuming that the probability distribution of 
brightness values for one pixel given the brightness 
values of its spatial neighborhood is independent 
from the rest of the image. The neighborhood is a 
square window around the pixel and its size is fixed 
by hand. The input of the algorithm is a set of model 
image patches and the task is to select an appropriate 
patch to predict the value of an unknown pixel. This 
is done by computing a distance measure between the 
known neighborhood of an unknown pixel and each 
of the input patches. The distance is a sum of squared 
differences (SSD) metric.  
 
The authors of [5] proposed an extension of Efros 
and Leung’s method, with two improvements. The 
first one concerns the order in which the pixels are 
synthesized. Indeed, a system for assigning priorities 
is used (assigning priorities to the pixels was also 
proposed in [6]. The priority order at a pixel is the 
product of a confidence term, which measures the 
amount of reliable information surrounding the pixel, 
and a data term, that encourages linear structures to 
be synthesized first. The second improvement is a 
speed-up process. Contrary to the original method in 
[4], when synthesizing a pixel, not only the value of 
this pixel is inpainted in the output image (using the 
patch that gives the smallest distance metric), but all 
the pixels in its neighborhood that have to be 
inpainted are filled in. 
 
With these algorithms, the gap will be filled with 
non-blur textures, while at the same time preserve 
and extend the linear structure of the surrounding 
area. These algorithms, however, have some 
problems: firstly, it merely adopts a simple priority 
computing strategy without considering the 
accumulative matching errors; secondly, the 
matching algorithm for texture synthesis only uses 
the color information; thirdly, the filling scheme just 
depends on the priority disregarding the similarity. 
As a result of lacking robustness, their algorithm 
sometimes runs into difficulties and “grows garbage”. 
To solve these problems, we propose an enhanced 
exemplar-based inpainting algorithm. 
 
2. Exemplar-based Texture Synthesis 
Algorithm 
 
The basic conception of exemplar based model is 
copying information from the source exemplar in the 
known parts of image into the target region [14]. The 

selection of the source exemplar is determined by 
similarity function. Similarity is computed by the 
difference between pixels in two exemplars. The 
input of the completion algorithm is an image which 
contains the masked target region D, and the output is 
a completed image with the region D filled. 
 
In this paper, an improved exemplar-based image 
completion model is proposed. The improved model 
follows the basic conception in [5], and it does not 
need user’s interaction. When the removing or 
restoring target region is selected, it processes image 
automatically. The whole image domain is Ω, the 
removing or restoring target region domain is D, and 
image information in Dc (Ω − D) is known; the basic 
unit of synthesis is the exemplar Ψ. Image 
completion generates image information in D 
according to the information in Dc, and the whole 
exemplar Ψ is copied every time. When there are 
different kinds of texture patterns in image, the linear 
structure is restored firstly [9], and then the proper 
exemplar could be found and copied. The difference 
between exemplars is used to weigh the exemplar 
similarity, and the gradient information is often 
adopted. When a textured image is processed, the 
geometrical difference between exemplars should be 
considered. So a composite similarity function which 
is determined by gradient information is used to 
compute the exemplar similarity. Then the proper 
textured exemplar could be found in the textured 
image completion.  
 
3. The Proposed improved Exemplar 
based Texture Synthesis Algorithm 
 
In [3], the texture image is inpainted with the 
algorithm from [4]. This algorithm can be using the 
method from [5]. Indeed, setting an inpainting order 
(depending on the edges and the confidence) to the 
pixels clearly leads to better results. Furthermore, 
copying an entire patch instead of only one pixel is 
faster. We here propose some improvements to this 
algorithm and the modified algorithm has the 
following properties: 
• Properly completes the natural scene image when 
there are different kinds of texture patterns; 
• Preserves the linear structure property; 
• Finds the most similar exemplar in the textured 
image based on gradient information; 
 
3.1 Improvement in Data Term  
 
 The first improvement concerns the data term in the 
priorities of [5]. The data term is defined as  
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      (1) 
where is the orthogonal gradient and a is a 
normalization factor (equal to 255 for grayscale 
images). It encourages the linear structures to be 
synthesized first and depends on the isophotes 
(contours) that eventually pass by p. If we compute 
this term on the texture image, we will only take into 
account the small contours and the noise contained in 
the texture, but not the important edges. Indeed, we 
can now use the tensors of texture J(p) 
 
 

 (2) 
to compute the data term where ∇Id  denotes the 
gradient image. The eigenvalues at pixel p are 

 and  and corresponding eigenvectors 
are and   
 
Using these notations, the new data term is given by: 
 

(3) 
 
3.2 Improvement in Search Direction  
 
Another improvement concerns the directions in 
which the candidate patches are searched for. It can 
be applied directly to the algorithm from [5]. The 
idea is to remark that the best patch for the 
source patch is probably in the direction of the 
isophotes (the isophote direction is given by the 

eigenvector ). We then propose to only look for 

the candidate patches   that verify the following 
test:  
 

  (4) 
 
In the original texture synthesis method, finding the 
candidate patch (centered at pixel   ) 
corresponds to solving 
 

 (5) 
 
where d is the sum of square differences (SSD) 
function. 
 
The best patches correspond to the patches that have 
the smallest associated distance measures. Restricting 
the direction of the search, eq. (5) becomes: 
 

   (6) 
Note that we compute the distance both on the texture 
and the structure images because the texture image 
can sometimes only contain non informative noise. 
We then finally get the following equation:  
 

  (7) 
 
where r′ = r− p+q. 
 
3.3 Steps in the Proposed Algorithm 
 
1. For all the pixels p of the mask, compute the 
priorities P (p) =C (p)*D (p) (for the others, P 
(p) =0). The pixels with higher values of P will be 
inpainted first. 
 
2. Inpaint the texture image: 
(a) Find the pixel  having the highest priority 
value and that has not been inpainted yet. 
 
(b) Deciding a pixel belongs to a strong Structure or 
Texture  
 
• if  , then apply texture synthesis to 
the pixel p using equation (13) (in practice one patch 
is arbitrarily chosen between the best ones as in [4]. 
 
Copy image data from for all the pixels of 

 
 
• else do not change the pixel value. 
 

(c) Set  
(d) Return to (a). 
 
4. Visual Comparison of Experiment 
Results 

 
The improved exemplar-based algorithm is applied in 
different kinds of natural scene images to prove its 
validity in this section. The purpose of image 
completion is to restore the target region while 
satisfying the visual perception. The experimental 
results demonstrate that images generated by our 
algorithm have satisfactory results compared with 
Criminisi et al’s algorithm [5]. 
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Fig. 1 Reconstruction of lady occluded region of image.  (a) 
Original Image. (b) The target region has been blanked out. (c) The 
final image in which the occluded area is reconstructed using 
Criminisi et al’s algorithm. (d) Reconstructed image using 
proposed algorithm. 
 

   
                   (a)              (b)   

                  (c)                 (d) 

  
Fig. 2 Reconstruction of bird occluded region of image.  (a) 
Original Image. (b) The target region has been blanked out. (c) The 
final image in which the occluded area is reconstructed using 
Criminisi et al’s algorithm. (d) Reconstructed image using 
proposed algorithm 

 

       
                    (a)     (b) 

       (c)     (d) 
 

Fig. 3 Reconstruction of man occluded region of image.  (a) 
Original Image. (b) The target region has been blanked out. (c) The 
final image in which the occluded area is reconstructed using 
Criminisi et al’s algorithm. (d) Reconstructed image using 
proposed algorithm 

 

 
                       (a)     (b) 

     (c)     (d) 

 
5. Conclusion 
 
In this paper, we have proposed an image inpainting 
algorithm based on modifying the exemplar-based 
image inpainting method. The developed algorithm 
enhances the robustness and effectiveness by 
including image gradient information during the 
inpainting process. Several natural scene test images 
have been used and the results demonstrate that the 
developed algorithm can reproduce texture and as 
well as the structure of the surrounding area of the 
inpainted region. The method proved to be effective 
in completion of an image which has a hole after 
removing large objects from it, ensuring accurate 
propagation of textured pattern. The results obtained 
are preferable to those obtained by other similar 
methods. The examples presented demonstrate the 
effectiveness of the modified algorithm. 
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Abstract 
Software engineering was introduced to cope with software crisis 
with two fundamental principles: separation of concerns and 
modularity. Many programming paradigms have been proposed 
and used while considering the fundamental principles from the 
early days. Complex software systems were successfully 
modularized but complete separation of concerns is still 
impossible to achieve using today’s most popular programming 
paradigms such as object-oriented programming. There are some 
concerns which could not be separated properly in a single class 
or module due to their highly coupling with other classes or 
modules’ behaviors. We call such unmodularized concerns as 
crosscutting concerns and these are responsible for scattering and 
tangling.  
 
Aspects are the natural evolution of the object-oriented paradigm. 
They provide a solution to some difficulties encountered with 
object-oriented programming, sometimes scattering and tangling. 
Hence, Aspect-Oriented Software Development (AOSD) is 
another step towards achieving improved modularity during 
software development. It gives emphasis to the separation of 
crosscutting concerns i.e. advanced separation of concerns and 
encapsulation of crosscutting concerns in separate modules, 
known as aspects. It later uses composition mechanism to weave 
them with other core modules at loading time, compilation time, 
or run-time. Aspect-Oriented Requirements Engineering (AORE) 
is an early phase in AOSD that supports separation of 
crosscutting concerns at requirements level. It does not replace 
but rather complements any of the existing requirements 
methodologies. 
 
Over the last few years, several research efforts have been 
devoted to this area. Several techniques for crosscutting concern 
identification have already been proposed. In this paper, an 
attempt is made to review the existing approaches and understand 
their contribution to requirements engineering. 
Keywords: Separation of Concerns, Crosscutting 
Concerns, Aspect-Oriented Software Development, 
Aspect-Oriented Requirements Engineering. 

1. Introduction 

The term “Software Engineering” was introduced in the 
NATO Working conference [1] on Software Engineering 
in 1968 to cope with software crisis. A number of 

approaches have been proposed to deal with the software 
crisis. Developing the complex software systems became 
easy. However, the progress in software engineering 
concepts did not keep track with increasing complexity of 
modern software systems. It is difficult to meet current and 
future needs in software development using today’s most 
popular programming paradigm such as object-oriented 
programming. 
 
According to the Standish Group in 1995 [2], only about 
16% of software projects were successful, 53% were full 
with problems (cost or budget overruns, content 
deficiencies), and 31% were cancelled. The Standish 
Group's just-released report, "CHAOS Summary 2009 [3]", 
only 32% of all projects succeeding which are delivered on 
time, on budget, with required features and functions" says 
Jim Johnson, chairman of The Standish Group, "44% were 
challenged which are late, over budget, and/or with less 
than the required features and functions and 24% failed 
which are cancelled prior to completion or delivered and 
never used”. Evidence suggests that despite the 
improvement from 1995 to 2009 the current situation in 
software development is far from adequate. 
 
Separation of concerns and modularity are the 
fundamental principles that drive the research in software 
engineering since the early days. The term “separation of 
concerns” was introduced by Edsger Dijkstra, to refer the 
ability of identifying, encapsulating and manipulating parts 
of software that are crucial to a particular goal or purpose 
in his book “A Discipline of Programming” [4]. The basic 
idea behind separation of concerns is to handle one 
property of a system at a time. In other words, a complex 
problem that is hard to understand should be divided into a 
series of smaller problems; those are less complex and 
easier to handle by the designer. These smaller problems 
may then be designed one at a time by different designers 
and finally integrated to solve the big problem. Modularity 
[5] [6] is the principle to structure software into modules 
where modules are self-contained, cohesive building 
blocks of software. A module is a device to implement a 
concern and modularity is a consequence of separation of 
concerns. 
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Many programming paradigm have been proposed with 
keeping the fundamental principles in mind. It becomes 
possible to modularize the complex software systems. But, 
it is still difficult to achieve complete separation of 
concerns using today’s most popular programming 
paradigm such as object-oriented programming. There are 
some pieces of processing i.e. concerns that did not seem 
to fit in any particular single classes. This is because they 
are too tightly coupled to the behaviors in many other 
classes or modules. These unmodularized concerns are 
called as crosscutting concerns and are responsible for 
scattering: the implementation of a concern is spread over 
several program modules and tangling: a program module 
implements multiple concerns. Several empirical studies 
provide evidence that crosscutting concerns degrade code 
quality because they negatively impact internal quality 
metrics such as program size, coupling, and separation of 
concerns [7]. 
 
Aspects are the natural evolution of the object-oriented 
paradigm. They provide a solution to some difficulties 
encountered with object-oriented programming, sometimes 
scattering and tangling. AOSD [8] is another step towards 
achieving improved modularity during software 
development. It focuses on crosscutting concerns by 
providing means for their systematic identification, 
separation, representation and composition [9]. It 
encapsulates crosscutting concerns in separate modules, 
known as aspects. It later uses composition mechanism to 
weave them with other core modules at loading time, 
compilation time, or run-time [10].  
 
AOSD was introduced first at programming level, with 
Aspect-Oriented Programming, where aspects are handled 
in code. A number of Aspect-Oriented Programming 
approaches have been proposed. Work has also been 
carried out incorporate aspects, and hence separation of 
crosscutting concerns, at the design level mainly through 
extensions to the UML metamodel [11] [12] [13]. 
However, crosscutting concerns are often present before 
the solution domain, such as in Requirements Engineering 
[14] [15] [16]. 
 
AORE [17] is still an emerging field with many open 
research issues. Research in the early phases of software 
development with aspect-oriented paradigm has been 
increasing. Handling crosscutting concerns in the early 
stages of software development is beneficial rather than 
handling them in later stages of software development 
because it not only makes the design simpler, but also 
helps to reduce the cost and defects that occur in the later 
stages of development. AORE focuses on identifying, 
analyzing, specifying, verifying, and managing the 
crosscutting concerns at the early stages of software 

development. It does not replace but rather complements 
any of the existing requirements methodologies. 
 
In this section, an attempt is made to highlight the concept 
of AORE for advanced separation of concerns i.e. AORE 
for handling crosscutting concerns at the early stage of 
software development. Section 2 reviews the existing 
literature by many researchers. A roadmap to research is 
discussed in section 3. Finally, we conclude in section 4. 

2. Literature Review 

The success of a software system depends on how well it 
fits the needs of its users and its environment [18]. 
Software requirements comprise these needs, and 
requirements engineering (RE) is the process by which the 
requirements are determined [19]. Successful RE involves 
understanding the needs of users, customers, and other 
stakeholders; understanding the contexts in which the to-
be-developed software will be used; modelling, analyzing, 
negotiating, and documenting the stakeholders’ 
requirements; validating that the documented requirements 
match the negotiated requirements; and managing 
requirements evolution [20]. Existing requirements 
engineering approaches, such as use cases [21], viewpoints 
[22], and goals [23] provide good support for identification 
and treatment of some kinds of requirements. However, 
these requirements approaches do not explicitly support 
well broadly-scoped requirements, such as crosscutting 
concerns, and do not explicitly support their composition. 
Moreover, they all suffer from the “tyranny of the 
dominant decomposition” [24]. AORE, therefore, 
complements these approaches by providing systematic 
means for handling such crosscutting concerns. 
 
Over the last few years, several research efforts have been 
devoted to developing AORE models that can help in 
extracting, identifying, and modeling aspects in the early 
phase of requirements analysis. In the following we 
discuss briefly these efforts.  
 
Grundy’s [25] proposed an approach called Aspect-
Oriented Component Requirements Engineering (AOCRE) 
that focuses on identifying and specifying the functional 
and non-functional requirements relating to key aspects of 
a system each component provides or requires. In 
component-based systems, applications are built from 
discrete, inter-related software components, often 
dynamically plugged into running applications and 
reconfigured by end users or other components. Some 
components may have many aspects and others a few. 
Aspects may be decomposed into aspect details. Candidate 
components are found from OOA diagrams, by reverse 
engineering software components, or bottom-up 
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consideration of individual, reusable components. The 
AOCRE process begins with identifying components’ 
aspects, where for each component, we identify aspects for 
which the component provides services or requires 
services from other components using possible stakeholder 
requirements and object services. After identifying a 
component’s aspects, we can reason about components 
and aspects. Further, we can infer inter-component 
relationships that allow engineers to reason about the 
validity relationships and aspects specified. Aspect-
oriented component requirements also assist components 
design and implementation. They provide a focused set of 
functional and non-functional constraints for refining 
design, and provide a specification that an implementation 
can be tested against. AOCRE exhibit improved 
reusability and extensibility, and systems built with these 
components exhibit improved allocation of responsibility 
for data and behaviour among both reused and application-
specific components. This approach is too specific for 
component development, not showing evidence of its use 
in software development in general. Besides, the 
identification of aspects for each component is not clearly 
defined and lacks tool support. 
 
Rashid et al. [26] proposed a model for aspect-oriented 
requirements engineering. The model supports separation 
of crosscutting properties from early stages of the 
development and identification of their mapping and 
influence on later development stages. Now, it is possible 
to identify conflicts, establish possible tradeoffs, and 
promotes traceability throughout the system development 
and its evolution. The early separation of crosscutting 
concerns improves modularisation and hence, it is possible 
to build flexible and adaptable systems that meet the needs 
of volatile domains such as banking, telecommunications 
and e-commerce. The model supports separation of 
crosscutting properties from early stages of the 
development and identification of their mapping and 
influence on later development stages. But it lacks on 
validation of aspects, their composition with other 
requirements and resolution of possible conflicts resulting 
from the composition process. It also lacks a notation to 
describe aspects, their interactions and composition 
relationships at the requirements level. 
 
Baniassad and Clarke [27] proposed the theme approach 
that provides support for aspect-oriented software 
development at two different stages. Theme/Doc, which is 
used for viewing and analyzing the requirements at 
requirements phase; and Theme/UML, which allows a 
developer to model features and aspects of a system, and 
specifies how they should be combined at design phase. In 
the theme approach, a theme is an element of design, 
which is a collection of structures and behaviours that 
represent one feature. Multiple themes can be combined or 

integrated to form a system. Themes are further classified 
as base themes, which may share some structure and 
behaviour with other base themes, and crosscutting themes 
which have behaviour that overlay the functionality of the 
base themes. Crosscutting themes are known as aspects. 
Action view is used to identify crosscutting behaviours. To 
create an action view, two inputs are needed: a list of key 
actions identified by the developer by looking at the 
requirements document and picking out sensible verbs, 
and the requirements as written in the original document. 
Theme/Doc then performs lexical analysis of the text and 
generates the action view. The theme approach involves 
three main activities as finding themes, modeling and 
composing themes, and checking Themes/UML. The 
process begins with finding themes. Here, we identify 
actions and generate an action view to examine their 
relationships. After analysis of the view, we determine that 
all of these actions will not be modelled as separate 
themes. Instead, we determine the relationships between 
the actions to decide how to group the actions into larger 
themes. Here, we also determine which themes are 
crosscutting and which are base. The next step in theme 
process is modelling and composing themes. Here, the 
theme view is used to drive the modelling and composition 
semantics for design using Theme/UML. To ensure that 
the developer carefully considers the order in which 
crosscutting themes are composed with base themes, 
Theme/UML allows only one crosscutting theme per 
composition. We therefore needed to inspect the 
crosscutting relationships to determine the order of 
binding. For this we used the clipped action view. In this 
view, the themes are positioned hierarchically, based on 
whether they crosscut one another. Finally, we check the 
validity of the design choices we made. This approach 
supports effective aspect identification, requirements 
coverage, traceability, and scalability of action views. 
However, this approach is only applicable for structured 
requirements document. As for the developers, they must 
possess the domain knowledge. Hence they must go 
through the whole requirements source document to 
identify the crosscutting concerns. They have to manually 
map the relationship between the themes and 
requirements. It is costly and time consuming to handle 
large amount of requirement sources.  
 
Whittle et al. [28] proposed an approach to model 
scenario-based requirements using aspect-oriented 
paradigm. The main focus was on representing aspects 
during use case modelling. The approach provides a way 
to describe aspectual and non-aspectual scenarios 
independently and then merge them together to validate 
the complete set of scenarios. Aspectual scenarios, i.e., 
scenarios that crosscut other scenarios, are modeled as 
interaction pattern specifications (IPSs) and non-aspectual 
scenarios are modeled as UML sequence diagrams. Each 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 290



aspectual and non-aspectual scenario is then translated into 
a set of state machines. The next stage of the process 
composes the aspectual and non-aspectual state machine 
for each entity. The result is an executable set of state 
machines that completely describe the requirements and in 
which aspectual and non-aspectual behaviour has been 
merged. Validation of these state machines can now take 
place using either a simulation harness or a code generator 
and the results can be feedback into the overall process. 
Composing (or weaving) aspectual and non-aspectual state 
machines helps the requirements engineer grasp the full 
picture. The approach supports better modularization and 
traceability but it lacks to address scalability. The 
developer must provide binding statements for each aspect 
and for each scenario that the aspect crosscuts.  It also not 
proposed any systematic technique to aspectual scenarios 
identification. 
 
Jacobson et al. [29] proposed an approach called aspect-
oriented software development with use cases to handle 
crosscutting concerns. This approach is an extension to the 
traditional Use Case approach proposed by the same 
author and introduced new concepts like use case slices, 
extension use case, and pointcut. Here, a system is built 
use case by use case.  The process begins with identifying 
use cases. Further, we need to specify each use case, to 
analyze it, and to design use cases in terms of use case 
slices and use case modules. Use case slices are used to 
employ aspects. Use case modules are used to contain the 
specifics of a use case over all system models.  Extension 
use cases are the special kind of use cases that contain 
additional functionality of the use case. We implement and 
compose them using a composition mechanism to weave 
them at loading time, compilation time, or run-time to 
form a complete system. The approach includes processes 
like identifying, specifying, analyzing, designing, and 
implementing use cases. The approach strongly related to 
UML; but lacks in conflicts handling.  
 
Moreira et al. [30] proposed an approach called concern-
oriented requirements engineering (CORE), which treats 
each concerns uniformly. Here, a concern is any coherent 
collection of requirements. They also not classified 
concerns into viewpoints, use cases or aspects though their 
concerns encapsulate the coherent sets of functional and 
non-functional requirements. Concern space at the 
requirements level is represented as a hypercube. Each 
face of the hypercube represents a particular concern of 
interest. The process begins with identifying and 
specifying concerns using existing requirements elicitation 
mechanisms such as such as viewpoints, use cases, and 
goals. The identified concerns are specified using well-
defined templates. The second step is to identify coarse-
grained relationships among concerns by relating concerns 
to each other through a matrix. These relationships are 

identified using techniques such as domain analysis, 
ethnography, and natural language processing. The third 
step is to specify the possible projections of each concern 
on other concerns, which is achieved through composition 
rules. The fourth step is to identify and resolve conflicts (if 
any) among the concerns. This is achieved by building a 
contribution matrix, where each concern may contribute 
positively or negatively to the others. Prioritisation 
mechanism is used to solve conflicts and helping 
negotiation and decision-making. The last activity is to 
identify the dimensions of concerns. There are two 
dimensions of a concern at requirements level, which are 
mapping and influence. This approach supports multi-
dimensional separation of concerns, which treats each 
concerns uniformly, hence, avoiding the dominant 
decomposing. It also establishes early trade-offs and solve 
conflicts that help negotiation and decision-making. But, it 
does not focus on the exact kind of relationships between 
two concerns, validation of proposed model with more 
case studies, and setting the concern specific actions and 
operators. 
 
Araujo et al. [31] proposed an approach that incorporates 
aspect-oriented concepts into agile software development 
at requirements level. Agile software development aims at 
fast communication and incremental delivering of software 
artefacts. The aspect-oriented agile requirements approach 
focuses on defining and modelling initial crosscutting 
requirements as scenarios. Scenarios are descriptions of 
desired or existing system behaviour. Scenarios are 
commonly used in requirements engineering because they 
are easily understood by all stakeholders. Scenarios may 
crosscut other scenarios. Crosscutting scenarios are called 
aspectual scenarios. First, we begin with identifying main 
functionalities and refine those using scenarios. Secondly, 
we need to identify aspectual scenarios. This is achieved 
by analyzing all scenarios and observing some behaviour 
that crosscut several scenarios. Third, we need to compose 
aspectual and non-aspectual scenario definitions. 
Compositions are specified through simple rules. Finally, 
by analyzing the composition rules we may find 
ambiguities, errors omissions and conflicts in our 
scenarios. This analysis can be realized through 
inspections. Also, the participation of the stakeholders is 
crucial. Conflict identification can be accomplished by 
adapting the existing mechanism. The final set of aspectual 
and non aspectual scenarios plus composition rules are 
used to implement users’ functionalities. The approach 
lacks on complete composition mechanism, conflict 
identification mechanism, validation, and tool support to 
guarantee that the approach will be used in an agile 
fashion. 
 
Brito et al. [32] proposed an integrated approach for 
aspectual requirements to handle separation, 
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modularization, representation and composition of 
concerns. The approach defines three main tasks, each one 
divided in several subtasks. The first task is identifying 
concerns, which aims at identifying the concerns of a 
system. A concern can be defined as a set of coherent 
requirements that the future system must have. This can be 
accomplished by analyzing the initial requirements, 
transcripts of stakeholders’ interviews, etc. The second 
task is specifying concerns, which consists of many 
subtasks such as collecting information about concerns, 
specifying them using a template, and to design models 
like UML use case, interaction and class diagrams. The 
final task is composing concerns incrementally until the 
whole system is obtained. Each composition takes place in 
a match point in the form of a composition rule. A match 
point tells us which concerns (crosscutting or non-
crosscutting) should be composed together. A composition 
rule shows how a set of concerns can be weaved together 
by means of some pre-defined operators. In order to 
accomplish this, we need to identify crosscutting concerns. 
The approach defined the main concepts as an extension of 
the UML metamodel, which allows a developer to better 
capture, analyze and understand the approach. The tool 
facilitates the specification of concerns, identification of 
crosscutting concerns, generation of the match point table 
and definition of composition rules. The approach does not 
define any method and tool with a reference model to 
support forward and backward traceability.  
 
Z. Jingjun et al. [33] proposed aspect-oriented 
requirements modelling aiming to apply AOP paradigm at 
requirements engineering stages of software development. 
This approach supports separation of concerns both 
functional and non-functional, and modelling them in 
UML with class diagrams and state-chart diagrams 
respectively. The process includes five activities as follow: 
identifying and specifying concerns, analyzing concerns, 
composing concerns, weaving concerns, and simulating 
and validating requirements. First, identify both functional 
and non-functional concerns from system requirements, 
and then specify them in UML as OOP class and aspect 
class. Second, analyze the relation among concerns by 
detecting and removing the conflicts if any. Third, 
compose concerns by describing the static structure of the 
system. Next, during weaving concerns, the whole state-
chart diagram of the system is given, and then finishes the 
weave process. Finally, simulate the system function with 
the whole state chart, and validate the function whether it 
meets the system requirements or not. If not, return to the 
first activity, identify and specify concerns again. Or, 
complete the model process. This model supports 
separation and modelling of concerns. It also supports an 
effective method to solve the mismatch among the aspects, 
which reduces the complexity of the system and increases 
software’s reusability and maintainability. It uses terms 

functional and non-functional concerns as core and 
crosscutting concerns respectively. But, a crosscutting 
concern may be functional as well as non-functional. So, 
this method does not clearly identify and specify 
crosscutting concerns which are functional.  
  
Chitchyan et al. [34] proposed Requirements Description 
Language (RDL), which is a symmetric AORE approach. 
It modularizes the requirements in symmetric fashion and 
represents them using the same abstraction, i.e., a Concern, 
to represent both crosscutting and non-crosscutting 
elements. A concern may be simple i.e. containing only 
requirements or composite i.e. containing requirements 
and other concerns. Both concern and requirement can be 
described as multi-sentence elements; where an element 
can be a subject or an object or relationship. A subject is 
described as an entity that undertakes actions and in RDL; 
it corresponds to the grammatical subject in the clause. An 
object is described as an entity that is affected by the 
actions undertaken by the subject of the sentence. In RDL, 
it corresponds to the grammatical object in the clause. A 
relationship is described as the action performed by the 
subject on or with regards to its object(s) and can be 
expressed by any the verbs or verb phrases in natural 
language. The main semantic load is carried by subject-
relationship-object structure. The subject and object denote 
the entities of significance in it, whereas, the interactions 
between these entities are reflected by relationships. In this 
approach the relationship denotes the most central 
function, as it defines the functionality and/or properties 
that the subjects and objects provide. When specifying 
requirements stakeholders often qualify how important or 
significant a specific functionality or property is to them. 
In the RDL such qualifications are represented by the 
Degree element. Degree element depicts the strength of the 
relationship between the subject and object. The RDL 
elements discussed above are used for requirements 
description. The next activity is element composition. The 
assembling of separately defined requirements modules 
aiming to ensure their desired interactions or addressing 
undesired ones is termed as composition. Here, three sub-
elements of a composition element are constraint, base, 
and outcome. A Constraint element specifies checks and 
restrictions applied on a set of requirements, and the action 
taken in imposing these constraints. Base element provides 
a query for selecting the set of requirements that are 
affected by some constraints; and the temporal or 
conditional dependency between these requirements and 
the constraints. The Outcome element defines how to treat 
the imposition of constraints upon the base sets of 
requirements. Composition specifications are written 
based on these semantics rather than requirements syntax, 
hence providing improved means for expressing the 
intentionality of the composition, in turn facilitating 
semantics-based reasoning about aspect influences and 
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trade-offs. However, the approach requires a complete and 
precise requirements document, which can’t be expected 
before requirements elicitation and analysis. Also, to 
validate this approach, it is still required to refine 
requirements, identify and resolve conflicts and trade-offs. 
 
Jing Zhang et al. [35] proposed an aspect-oriented 
approach to supporting separation of crosscutting concerns 
in activity modelling. Aspect-specific constructs have been 
introduced as an extension to the activity models. Activity 
modeling describes the behavioural aspects of a system 
and is used to define a computational process as control 
flow and data flow among its constituent actions. It 
consists of many kinds of nodes and edges. The 
sequencing of actions is controlled by control flow and 
object flow edges. An activity node can be an action, an 
object node or a control node. An object node holds data 
that flow through the activity model. Control nodes are 
responsible for routing control and data flows in an 
activity. Activities can be divided into different partitions 
that represent different kinds of activity groups for 
identifying actions that have some characteristics in 
common. Activity specifications grow with increasing 
complexity of the system and require lifecycle 
maintenance for the concerns that crosscut different 
activity modules. Aspect-oriented paradigm provides a 
solution to above problem by encapsulating crosscutting 
concerns in specialized units called aspects. New concepts 
like joinpoints, pointcut, and advice are introduced here. A 
joinpoint specifies “where” the crosscutting concern 
emerges in the activity model. A pointcut is defined as a 
special construct containing a group of particular join 
points, which defines a pattern to identify matching join 
points. In activity modeling, the concern behaviour is 
implemented using an activity model referenced by a 
special action called advice, which specifies “what” (i.e., 
the behaviour) makes up the crosscutting concern. This 
paper applies an aspect-oriented approach to supporting 
separation of crosscutting concerns in activity modeling. 
Aspect-specific constructs have been introduced as an 
extension to the activity models. The current 
implementation of the pointcut specification only allows 
join point to be referred to action nodes. The approach 
lacks on covering other kinds of activity nodes and 
investigating more advanced pointcut selection patterns. 
 
Budwell and Mitropoulos [36] proposed a methodology 
called Structured Lexicon for Aspectual Identification 
(SLAI) that is based upon the Language Extended Lexicon 
(LEL) for capturing requirements. LEL is used for 
vocabulary acquisition or understanding problem 
language. LEL consists of three elements: signs, notions, 
and behavioural responses. Signs represent any word or 
phrase that has a special meaning within the Universe of 
Discourse (UofD). Notions and behavioural responses help 

to define the meaning of each sign. Notions define the 
signs in the context of the UofD, whereas behavioural 
responses define how the sign is used. The principle of 
circularity and minimal vocabulary is used to define signs. 
The process begins with clearly identifying and defining 
aspects at the requirements phase of software 
development. An aspect is a crosscutting concern or matter 
of interest in a software system. A concern must be 
derived from either functional or non-functional 
requirements. The next step is to capture crosscutting 
requirements (functional or non-functional) as aspects. 
Functional requirements can be identified as aspects in the 
form of UML use cases. A functional aspect is defined as a 
crosscuts use case. This is a new type of use case in UML 
after modifying extends and includes use cases. Non-
functional requirements are converted into 
operationalizations and then into use cases. This 
methodology is divided into two flows, functional 
requirements flow and non-functional requirements flow. 
In functional requirements flow, actors of the system are 
identified first. Next, use cases are identified and detailed 
them into use case steps. Later, the use case steps are 
recorded in the SLAI. In non-functional requirements 
flow, SIG graph is used where the roots of the SIG graph 
represent non-functional requirements and leaf nodes for 
each path represent operationalizations, which are either 
operations or design constraints. Since design constraints 
tend to be considerations that need to be addressed in the 
design phase, they are not included in the SLAI. The use 
case information is not enough to classify crosscuts use 
cases as aspects. Thus, for each crosscuts use case, a table 
is generated that lists each use case with which it 
interfaces. For each of these use cases listed, the condition 
of the extension, the composition rule operator, and the 
affected point are defined. The approach supports the 
identification of aspectual or crosscutting use cases from 
both functional and non-functional requirements as well as 
systematically identifying both aspects and potential 
aspects by the use of a limited set of vocabulary for the 
terms defining the requirements of the system. From the 
study, it is observed that the methodology lacks on aspect 
composition as well as conflict resolution. 
 
Ali and Kashirun [37] developed a model to identify 
crosscutting concern and designed an automated tool based 
on the model. The model is based on the proposed 
approach which is adapted from Theme/Doc and Early 
Aspects Identification approaches. The model is fully 
automated and involves non-collaborative processes unlike 
conventional requirements engineering processes, which 
are generally collaborative and iterative in nature. The 
execution of processes in this model is sequential where 
each process requires output of the previous process as 
input for execution. The model consists of processes like 
structuring requirements, removing redundancy, part-of-
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speech (pos) analysis, semantic analysis, filter verbs 
identification, map relationship view, refining the 
relationship view, identifying dominating verb, and 
modelling crosscutting influences. Structuring 
requirements task involves numbering all the requirements 
agreed by the stakeholders to identify and manipulate each 
requirement uniquely in the next stages. Sometimes, same 
requirements are specified many times by different 
stakeholders. The redundant requirements are eliminated 
during removing redundancy process.  Verbs are extracted 
from each requirement during POS analysis and they will 
be used for modelling the relation with the requirements 
and interdependency among other verbs. Semantic analysis 
task utilizes semantic tagger to analyse the context of the 
phrase in which the verb is used. This information is used 
to identify verbs used to describe similar requirements. 
Based on the semantic analysis performed, duplication of 
the verbs in terms of the context is discarded during filter 
verbs identification process. Next, we map the 
requirements using a matrix during map relationship view 
process. The requirements shared by more than one verb 
and the scattered verbs are identified based on the 
relationship view. Finally, identify the dominating verb in 
the requirement, which are the candidate aspect and model 
them to identify the crosscutting concern using Action 
View Model as used in Theme/Doc approach. This paper 
described a tool that provides automated support for 
crosscutting concern identification at the requirements 
level. The tool utilises natural language processing 
technique to reason about properties of the concerns and 
model their structure and relationship. But, this model 
lacks on conflict resolution and implementation and 
validation of the tool and tests it with case studies. 
 
G. Mussbacher [38] proposed an approach Aspect-oriented 
User Requirements Notation (AoURN) that extends the 
User Requirements Notation (URN) with aspects. URN 
contains two complementary modelling languages Goal-
oriented Requirement Language (GRL) and Use Case 
Maps (UCMs) for goals and scenarios respectively. GRL 
is a visual modelling notation and supports reasoning 
about goals and non-functional requirements (NFRs). 
UCM is a visual scenario notation that supports the 
definition of scenarios. A scenario describes a specific 
path through the UCM model where only one alternative at 
any choice point is taken. Given a scenario definition, a 
traversal mechanism can highlight the scenario path or 
transform the scenario into a message sequence chart 
(MSC). AoURN extends the URN by defining a joinpoint 
model for the GRL and UCMs. All nodes of GRL graphs 
or UCMs, which are optional to an actor or a component, 
are considered as joinpoints. Pointcut expressions are used 
for matching joinpoints in AoURN models to identify any 
URN node, and are defined on pointcut diagrams. Pointcut 
diagrams are standard URN diagrams that allow 

requirements engineer to increase matching power by 
using wildcards (“*”) and logical expressions (containing 
“and”, “or”, and “not”). This approach extends URN with 
aspects and thus unifies goal-oriented, scenario-based, and 
aspect-oriented concepts in one framework. Minimal 
changes to URN ensure that requirements engineers can 
continue working with goal and scenario models expressed 
in a familiar notation. At the same time, concerns in goal 
and scenario models, regardless of whether these concerns 
crosscut or not, can be managed across model types. But, it 
uses flexible composition rules that are only limited by the 
expressiveness of URN itself. 
 
Iqbal and Allen [39] suggest a process modeling approach 
that represents aspect from the initialization of software to 
its implementation. It suggests the identification of aspects 
in the Use Case Model and Sequence Diagrams of the 
system. Use cases which involve multiple use cases like 
included or extended use cases may be considered as 
candidate aspects since they have the probability of 
crosscutting representation in design as well as in 
implementation. Similarly, the objects which have 
communication with multiple objects and which are 
represented in multiple sequence diagrams may also be 
regarded as candidate aspects. Proper specification of the 
candidate aspects can help identifying actual aspects. In 
this approach, it is not mentioned how to identify aspects. 
Also, it lacks on implementing the model and validation it 
with some case studies. 
 
Hamza and Darwish [40] proposed a new approach to 
identify and model candidate aspects from functional and 
non-functional requirements of the system, and propagate 
them to the design phase. The approach needs problem 
definition as input and produces EBT-NFR analysis model 
as output. The EBT-NFR model identifies crosscutting 
NFR and visually shows how they are scattered across the 
various modules in the system. The process begins with 
performing requirements and domain analysis. The 
outcomes of this step are lists of: functional requirements 
(FRs): non-functional requirements (NFRs), Enduring 
Business Themes (EBTs), Business Objects (BOs), and 
Industrial Objects (IOs). The next step is to develop and 
document main use cases in the system using identified 
FRs, EBTs, BOs, and IOs. After identifying the main use 
cases, NFR Matching is performed where each identified 
NFR in the system is matched with a set of use cases. The 
next step is Concept Analysis step where, concepts within 
the problem are discovered using use cases, EBTs, BOs, 
and IOs. Here, classify the EBTs as concept EBTs (i.e 
form a formal concept) and none-concept EBT. Next, we 
need to identify candidate aspects by establishing and 
understanding the relationships between different NFRs 
and EBTs in the system. This is achieved by classifying 
NFRs, and then developing an EBT-NFR model that 
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shows the relationships between EBTs and NFRs. An NFR 
can be classified into one of three types: Localized-NFR 
(L-NFR), Distributed-NFR (D-NFR), or an Aspect-EBT 
(A-EBT). To classify a NFR, calculate Coupling Factor 
(CF), which measures the coupling between a NFR and 
each EBT in the system. Finally, develop the EBT-NFR 
analysis model that visualizes the interaction between the 
different NFRs and EBT modules in the system and can be 
used as a link to the design phase. The approach uses 
Formal Concept Analysis and EBTs that can be identified 
using Software Stability Model to understand the 
interaction between NFRs and FRs, and to identify 
possible aspects in early stages of the development. 
Further, the proposed approach is the only approach that 
identifies crosscutting NFRs with respect to the structural 
nature of the system. The approach lacks a tool to partially 
automate the proposed approach and applicability of the 
approach to several case-studies to validate the results. 
 
Liu et al. [41] proposed a use case and non-functional 
scenario template-based approach to identify aspects. This 
approach consists of a sequence of activities. The process 
begins with identifying and defining actors and use cases 
and building an initial use case model. The next activity is 
to refine use case model by identifying extensions and 
inclusions of the use cases. After this, describe NFRs at 
key association points in the use case model. Association 
points are of many types as NFRs Association Points, 
which are specific points of use cases where NFRs can be 
associated; use case association points associate NFRs to 
the described functionality, actor association points specify 
NFRs related to external entities, actor-use case 
association points represent NFRs related to interaction 
between external entities and a functionality, and system 
boundary association points define NFRs that are global in 
nature. A concern can be identified with a set of 
architectural policies, and each of these can be described 
using specific dimensions that specify with more details 
the NFRs in architectural terms in each use case. Hence, 
describe architectural policies at platform-independent 
level through Architectural Policy Scenarios. Finally, 
identify aspects, where an aspect is a function that 
influences more functions or more use cases. This 
approach is based on use cases and described and map 
non-functional requirements into function and 
architectures through non-functional scenario template. It 
not only improves modularity in the requirements which 
make it possible to begin tackling the problem of tangling, 
scattering of the requirement as early as in requirement 
analysis phrase, but also improves traceability from 
requirement analysis level to implement level, so it 
achieves a smooth transition between the system analysis 
and the design. It lacks on supporting the approach with 
formal method and applying it in more case studies and 
real systems. 

3. A Roadmap to Research 

Based on the above discussion, we present a roadmap to 
our research. The focus of our research work will be 
exactly on handling crosscutting concerns during 
requirements phase and to propose a new requirements 
engineering model for advanced separation of concerns 
using aspect-oriented concepts having the following 
challenges:   

 Prevent the tyranny of dominant decomposition 
symptom.  

 Improve the ability to identify, specify and 
compose both crosscutting and non-crosscutting 
concerns. 

 Handle conflicts that could emerge when two or 
more crosscutting concerns affect each other. 

4. Conclusion 

Crosscutting concerns are the concerns which affect other 
concerns. These concerns often cannot be clearly 
decomposed from the rest of the system in both design and 
implementation and hence result in scattering, tangling, or 
both; that are difficult to understand and maintain. AOSD 
is used to identify and specify such crosscutting concerns 
in separate modules, known as aspects. This results in 
better support for modularization hence reducing 
development, maintenance and evolution costs. 
 
AORE is a process that focuses on identifying, analyzing, 
specifying, verifying, and managing the crosscutting 
concerns at the early stages of software development. In 
this literature review, we have discussed many AORE 
approaches to deal with crosscutting concerns at early 
stages of software development. As compared with 
traditional approaches like use cases, viewpoints, and 
goals; AORE approaches are too young and still need to 
validate them with more case studies and avoid the tyranny 
of dominant decomposition, improve the ability for 
identifying both functional and non-functional crosscutting 
concerns, offer an automatic mechanism for specifying 
concern compositions, and to handle conflicts (if any). 
Some work has been done in this area, but the 
development of a complete methodology is needed. 
Without the formulation of this methodology, the full 
benefits of the aspect-oriented programming paradigm 
cannot be realized. 
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Abstract 
The technique of producing ciphers via transformations from one 
domain to another domain has been widely studied. In this paper 
a new cryptographic algorithm is presented based on complex 
bilinear transformations, the strength and performance of the 
algorithm is analyzed. 
Keywords: Cryptography, Complex Bilinear Transformations, 
Encryption, Decryption. 

1. Introduction 

Security has become an important aspect in the digital 
world with the advent of technological advancements. 
Though the art of designing new methods and algorithms 
for secure transmission of data dates back to centuries it 
emerged as a separate branch of technology during the 
last few years. Several researchers devised methods for 
encryption and decryption based on mathematical 
functions.  
The Conventional cryptography uses symmetric key 
algorithms in which a common key is shared between the 
sender, receiver and operates block wise. Most of the 
modern symmetric ciphers operate at bit level and 
largely designed around fiestel structure. DES, AES, 
BLOWFISH, IDEA, TWO FISH are some of the 
popular algorithms. The paradigm shift brought by the 
RSA algorithm towards the public key cryptosystem has 
changed the scenario of security systems. 
For several years the rich theory of numbers has 
dominated this domain. For the past few years several 
algorithms were developed using algebraic theory and 
other fields of mathematics. 
However not much work is reported on methods using 
complex arithmetic. Recently Dimitrov et al, [4] in their 
work discussed some algorithms for multi 
exponentiations based on complex arithmetic.  
 
 

 
Elsayed Mohammad et al described the elliptic curve 
cryptography over Gaussian integers [5].    
Mohammad Ahmad Alia et al presented a new digital 
signature scheme based on Mandebrot and Julia fracal 
sets [8]. In this paper a new symmetric key algorithm 
that operates block wise based on complex bilinear 
transformation is proposed. 

2. Bilinear Transformation 

A mapping f: C → C, (C denotes complex plane) of the 
form w= f (z) =            (ad-bc≠0) where a, b, c and d ϵ C,  
 
are constants and z=x+iy, w=u+iv be complex variables in 
different planes, is called a bilinear transformation from C 
to C. In fact several transformations can be considered 
from C to C, however this transformation is a one-to-one 
mapping from C to C. A bilinear mapping is called 
conformal if it preserves the angles and orientations 
between the curves under the transformation. A bilinear 
transformation is actually a combination of translation, 
dilation, rotation and inversion. 
 

 

 

 

 

Fig. 1 Bilinear Transformation from one curve to another. 
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These transformations are widely studied in the theory 
of complex variables and got many applications in several 
branches of engineering.   

    

3. Proposed System 

In this proposed system data is encoded onto a complex 
plane and then using a bilinear transformation the data 
points are transformed into a another set of points in 
another complex plane producing the cipher text. The 
transformation being reversible the original data can be 
obtained using inverse transformation. For the application 
of the transformation a, b, c and d (constants) act as key. 
Several methods can be adopted to exchange these keys. 
However a new system is developed to identify the a, b, c 
and d based on a preshared information, which actually 
prevents from transmission of a, b, c and d. Initially sender 
and receiver will agree on a common text message. A hash 
code is developed from the text message from a randomly 
chosen part of the text which is used in the construction of 
the key. 
A common hash table is also shared that consists of 
information to retrieve information regarding computation 
of key. 
The encryption algorithm makes use of pseudorandom 
numbers to select the index for the starting point of shared 
text and to select indicator from hash table to generate the 
key. The encryption algorithm generates a random number 
within a specified range that acts as an index for the 
selection of position of the shared text. The selected text is 
transformed into 128-bit hash code by MD5.Again another 
pseudorandom number is generated to identify a splitting 
criteria from the hash table, the 128 bit hash code is 
separated into four parts by using the split values obtained 
from the hash table, that are converted to integers to form a, 
b, c and d. 
The text to be encrypted is processed in blocks of seven 
characters each. Each block is converted into equal parts of 
binary and then into decimal x, y to form x+iy(=z) (zeros 
are appended if necessary). 
By using a, b, c and d w=          (=u+iv) is computed.  
 
Then w together with the pseudorandom numbers used for 
the block are converted into text form that forms the cipher 
text. A predefined protocol for embedding the 
pseudorandom numbers can be used. (Eg: 128 bits after 
first 10 bits or at the end of w etc;) 
On receipt of cipher text, receiver separates pseudorandom 
numbers and u+iv. Receiver computes a, b, c and d by 
using the pre shared information and pseudo random 
numbers.  

By using z=         , the receiver gains the text message from 
x+iy. 

4. Algorithms 

4.1 Generation of keys(on sender side) 
Input: Common text message, hash table. 
Output: values of a, b, c and d. 
Step 1: Generate pseudorandom number(r1) 
(0<r1<length(shared text)) 
Step 2: Starting at r1

th character the shared text is 
converted into binary and 128 bit binary code is generated 
using MD5. 
Step 3: Generate pseudorandom number(r2) (0<r2<N) (N 
denote the maximum number of splits stored in hash table). 
Step 4: Select a particular split values to generate a, b, c 
and d from hash table using r2. (Number of bits to compute 
a, b, c and d respectively). 
Step 5: Divide 128 bits obtained in step 2 into four parts 
and convert the bits into decimal form as per values 
obtained in step 4. 
 
4.2 Algorithm for encryption 
Input: Plain text 
Output: Cipher text 
Step 1: Split the plain text into block of seven characters 
each and convert into binary form ( zeros are appended to 
binary form to make it a multiple of 2). 
Step 2: Compute x, y by splitting binary form obtained in 
step 1 into two equal to from z=x+iy. 
Step 3: compute w=            (=u+iv) 
 
Step 4: Convert w, r1, r2 into text to from cipher text. 
Step 5: Repeat steps 1 to 4 until entire text is converted 
 
4.3 Algorithm to generate keys ( on receiver side) 
Input: common shared message, hash table, cipher text. 
Output : a, b, c and d. 
Step 1: From the block of cipher text retrieve r1, r2. 
Step 2: use r1 to generate 128 bit binary code from 
common text. 
Step 3: using r2 find the split for 128 bit code from hash 
table. 
Step 4: compute a, b, c and d. 
 
4. 4 Algorithm for decryption 
Input: cipher text 
Output: original text 
Step 1: Convert each cipher text block into decimal 
equivalent to from w=u+iv. 
 
Step 2: compute z=              (=x+iy) 
 awc

wdb
−

−
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wdb
−

−
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Step 3: Convert x, y into binary form and hence into text 
form. 
Step 4: Repeat the steps 1 to 3 until entire message is 
decrypted. 

5. Example 

Consider the plain text: (Empty space is also considered as 
a character) 
“Cryptography is used to encrypt and decrypt data” 
The plain text is separated into blocks of seven characters 
each and corresponding value of z(=x+iy) are given by 
Cryptog = 8899535.0 + 1914855.0i    
raphy i=   1.5042438E7 + 1.8763881E7i 
 s used = 1.5106991E7 + 7959072.0i    
 to encr= 1.5318278E7 + 1603428.0i 
 ypt and= 1.597533E7+ 16034328i     
decryp= 4257518.0 +8174832.0i 
 t data   =1.5237926E7 + 4010144.0i   
The pseudo random number generated from common 
message is 4. Hence plain text is   converted into 128 bit 
binary from “ptography is used to encrypt and decrypt 
data” 
The 128-bit hash code is 
00001110001001011011001001001111111110000000111
11100011111011001000101010000110011010110001000
1101111101010001000100110001000110 
The split for a, b, c and d for first 21 characters is 32, 28, 
24, 44. The decimal equivalents are 
a(237351503),b(260111485),c(9523405),d(6.7494952499
9E+12) 
The split for b, c, a and d for next 21 characters is 28, 24, 
32, 44. The decimal equivalents are 
b(14834468),c(16744700),a(2106675405),d(6.749495249
99E+12) 
The split for c, a, b and d for remaining characters is 
36,40,24,28. The decimal equivalents are 
c(3797624063),a(553991901520),b(13460023),d(2225797
82). 
W=              for each block is 
 
Cryptog=0.005514710810825561 -1.060427362652612E-
9i 
raphy i=0.005514707075943306 -1.4888801636146341E-
9i 
s used=0.005514708260135056 -1.2527272333429005E-
9i 
to encr=0.33331102880924857 +1.790851616570252E-5i 
ypt and=0.33329850919102816 +3.4948303171133865E-
6i 
 decryp= 0.3333050105270643 +5.385138305935736E-5i 

t data   = 0.3333050105270643 +5.385138305935736E-5i 
w,r1,r2 for each block is converted into text form which is 
given by 
As{qvnescqjx"hq!wrge"um!goas{qv!cof!fdas{qv!f`v`    
and is sent to receiver.  
The receiver receives cipher text as: 
 As{qvnescqjx"hq!wrge"um!goas{qv!cof!fdas{qv!f`v` 
The receiver converts them into equivalent float 
equivalents. 
Receiver has information regarding ciphers(w) as 
0.005514710810825561-1.060427362652612E-9i   
0.005514707075943306-.4888801636146341E-9i 
0.005514708260135056 -1.2527272333429005E-9i 
0.33331102880924857 +1.790851616570252E-5i 
0.33329850919102816 +3.4948303171133865E-6i 
0.3333050105270643 +5.385138305935736E-5i 
0.3333050105270643 +5.385138305935736E-5i 
The receiver computes a,b, c and d values from algorithm 
used to generate the key by decryption algorithm. 
Hence receiver computes plain text z=                 and 
converts it into string equivalent. 
The receiver then gets plain text z as 
8899535.0 + 1914855.0i  1.5042438E7 + 1.8763881E7i 
1.5106991E7 + 7959072.0i  1.5318278E7 + 1603428.0i 
1.597533E7+ 16034328i    4257518.0 +8174832.0i 
 1.5237926E7 + 4010144.0i 
The receiver transfers above into string equivalent which 
forms the plain text: 
“Cryptography is used to encrypt and decrypt data” 

6. Cryptanalysis 

The strength of algorithm is analyzed in cryptanalysis. 
Several techniques are proposed in literature namely, linear 
cryptanalysis, differential cryptanalysis etc. The present 
method produces cipher text using a mathematical function 
and operates on blocks of text and hence the following 
analysis is made, given the algorithm is known. 
 
6.1 Cipher text only  
In this case if the attacker knows only the cipher text since 
there are infinitely many combinations of a, b, c and d it is 
infeasible to guess a, b, c and d for a text block. Even if a, 
b, c and d are guessed they are limited to 21 characters. 
 
 
 
6.2 Cipher text and corresponding plain text  
The knowledge of shared message and cipher text may 
reveal the 128 bit key, if four blocks of plain text and the 
corresponding cipher text (z1, w1), (z2, w2), (z3, w3), (z4, 
w4) are known. Then by solving four equations a, b, c and 
d can be found. However since in this method a, b, c and d 

awc
wdb
−

−

dcz
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+
+
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are chosen for every three pairs and hence even if (z1, w1), 
(z2, w2), (z3, w3) are known then three equations for four 
unknowns are obtained, its difficult to guess a, b, c and d. 
While transmission of cipher text the indices r1, r2 are 
embedded. They can be embedded in variety of ways with 
a mutual agreement. Even if they are revealed, since the 
common message and hash table are not known they are 
not useful to attacker. 
 
6.3 Cipher text, corresponding plain text and key 
While decrypting the cipher text even if the attacker grabs 
the 128 bit key used to generate a, b, c and d there are 127c4 

 possible ways of splitting the 128 bits into blocks and 
since again a, b, c and d can be arranged in 4! Ways 
altogether 127c4  * 4!= 1488186000 possible ways to split 
128 bits to generate a, b, c and d and this has to be carried 
out for every 21 characters of text. 
If a, b, c and d values are taken as complex numbers then if 
the attacker grabs the 128 bit key used to generate a, b, c, 
and d there are 127c8  possible ways of splitting the 128 bits 
into blocks and since again complex numbers a, b, c and 
d(4 real parts and 4 imaginary parts) can be arranged in 8! 
Ways altogether 
 127c8  * 8!= 2728665444597882048000 ( >271) possible 
ways to split 128 bits to generate a, b, c and d and this has 
to be carried out for every 21 characters of text, which 
further increases the complexity and security of the system. 
Again, 128 bits in hash table can be rearranged in 2128 
ways, which correspondingly changes values of a, b, c and 
d. Hence total number of combinations now become 2128 * 
271  = 2199. 
The time that is required for computation of w=            is 
0.12 milliseconds. Hence 2199 combinations would require 
2199 * 0.12 = 9.642e+58 milliseconds = 3.056e+48 years. 
If the attacker is in possession of hash table and cipher text 
then has to try 2199 combinations by brute force which 
takes approximately 3.056e + 48 years run on an Intel 
Pentium-IV 2.4 Ghz Processor. 
Even if an malicious user requests to communicate with a 
valid user exchanges the secret message and hash table, by 
using different texts and different hash tables for different 
users this kind of attack can be avoided. 
Most of block ciphers with symmetric keys operate at bit 
level and if once the keys are broken entire message is 
revealed. In this case since each pair of parameters that are 
used to generate keys are useful for only 21 characters and 
hence this method is much stronger. 

7. Experimental Results 

This method based on mathematical operations, the 
performance of the method is compared with the much 
popular public key algorithm RSA. 

The time taken for encryption and decryption are observed 
for different file sizes. 
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It is observed that the proposed method takes almost same 
time to encrypt or decrypt as file size increases. Since the 
two parameters are embedded into cipher text for every 21 
characters the size of the encrypted file will increase in 
size marginally, however by using efficient data structures 
like linked lists, each block may contain much larger plain 
text there by making the increase of encrypted file 
negligible. The data type ‘double’ is used to store the 
values of x, y which restricts the block size to be seven 
characters. However block size can be increased by using 
more efficient data types.  

8. Usage of the method 

This method can be used in different ways. This method 
can be used in network security applications. Apart from 
the direct application, the theme can be used in 
conjunction with any method that involves encoding the 
text onto a curve or a two dimensional plane. First in case 
of Elliptic curve cryptography the plain text is encoded 
onto an elliptic curve. The key used in elliptic curve 
cryptography can be used to generate the a, b, c and d in 
bilinear transformation and thereby bilinear transformation 
can be applied on the encoded points of the elliptic curve. 
The images under bilinear transformation form the cipher 
text thereby providing a double encryption with the same 
key and some additional preshared information regarding 
the breakup of key into a, b, c and d. 
Secondly, once the text is encoded onto the complex plane, 
bilinear transformations can be repeatedly applied on the 
points possibly with different sets of values of a, b, c and d 
in each round there by increasing the security.  

9. Conclusion 

In this paper a new cryptographic algorithm has been 
proposed based on the concept of bilinear transformation 
from one complex plane to another plane, with additional 
features the new system is observed to provide more 
security when compared to existing block ciphers and 
performance is compared with popular public key 
algorithm RSA. 
The work can be extended to several other complex 
transformations which are great cryptographic potential. 
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Abstract 

Many companies/organizations are trying to move towards 
automation and provide their workers with the internet facility on 
their mobile in order to carry out their routine tasks to save time 
and resources. The proposed system is based on GPRS 
technology aims to provide a solution to problem faced in 
carryout routine tasks considering mobility. The system is 
designed in a way that facilitates Workers/field staff get updates 
on their mobile phone regarding tasks at hand. This System is 
beneficial in a sense that it saves resources in term of time, 
human resources and cuts down the paper work. The proposed 
system has been developed in view of research study conducted 
in the software development and telecom industry and provides a 
high end solution to the customers/fieldworkers that use GPRS 
technology for transactions updates of databases. 
 
Keywords: GPRS (General Packet Radio Service), GSM 
(Global System for Mobile communication), UMTS (universal 
Mobile Telecommunications System), HACS (SMS Based 
Wireless Home Appliance Control System), HTTP (hypertext 
transfer protocol), FTP (File Transfer Protocol), TCP/IP 
(Transmission Control Protocol / Internet Protocol) 
 

1. Introduction 

Organizations are moving towards automation. With the 
growing need of gadget, mobility becomes the integral part 
of people’s life [1] and now they are becoming more 
dependent on the mobility. They need solutions that are 
low in cost, high in speed, high in performances, saves 
human resources, increase the organization revenue and 
net profit, facilitate the customers, cut down the paper 
work etc. After analysis a system is proposed that provide 
the solution of the problem faced by the organizations, 

organization employees and customer. Following the 
results of research survey conducted proposed system is 
divided into two parts; “Server Side” [2] and “Client Side” 
[3]. Both Applications are connected to central database. 
Client side application is basically designed for mobile 
devices/phones and is connected to central database via 
GPRS [4]. “Client Side” application is used by field 
staff/workers, first they login then they are able to view the 
customer information and invoices in the database via 
GPRS connectivity, and are able to save the status of the 
customer in the database after delivering the product. 
“Server Side” application is especially for the 
administration side (the organization providing mobile data 
services) and is used by the employees who first login and 
then view, add, update, and delete the records. 

The remaining part of this paper is divided into sections. In 
section II the reviewed literature is described, in sections 
III methodology is described in detail with frame work and 
mathematical model elaborated, in section VI 
implementation is described, in section V research analysis 
results and experimental results are illustrated and in last 
section conclusion and future work is summarized. 

2. Literature Review 

GPRS Mobile Phones - An Overview for Test 
Professionals [5], this paper focuses on the difference 
between GPRS and GSM, how GPRS operates and how 
GPRS is tested. GPRS (General Packet Radio Service) is 
widely growing technology that facilitates mobile users to 
transfer information in packets.  
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SMS Based Wireless Home Appliance Control System 
(HACS) for Automating Appliances and Security [6] 
remotely control the home appliances and also to provide 
the security to user when user is away from home and 
wireless technology has its impact on the living standards. 
This system provides solution for those problems which is 
faced by the home owner regarding security in their daily 
life. This system uses the GSM technology to access the 
appliance control and system for security. 
The motivation behind design the system is to facilitate the 
user to automate their homes with a low cost system. Data 
Transfer Over GPRS: Palm OS [7], Transfer of files from a 
device to a pc (server) can be done in different way: like 
HTTP, FTP and TCP/IP. In these entire cases one thing 
that remains same is the channel that is the “Cellular 
Network”. Things are bit different while sending data files 
across to the server, when we are using the cellular 
network. Software architecture should is considered very 
important when designing application depending on the 
GPRS. 
Growth in the cellular telephony has increased demand for 
the wireless data services. There are many standards like 
3G (3rd generation) UMTS (universal Mobile 
Telecommunications System) mobile networks but these 
are still away from the wide-scale development. In the 
meantime, the extension of GPRS (General Packet Radio 
Services) to current 2G GSM networks provides a widely 
deployed solution for data access. In the wired internet 
TCP is the dominant protocol and is very important for the 
mobile users too. 
“Implementation of Telecontrol Applications over GPRS 
Networks” [8], depicts how GPRS technology has reached 
sufficient levels of development and reliability. GPRS can 
be applied in technological applications, either as a backup 
for private communications channels or as a main 
communications technology. It also tells how GPRS 
Applications work over network.  
 
3. Methodology 

 
 
 
 
 
 
 
 
 
 
 

                            Figure 1: Frame work 

The working of the system model given in fig1 is as 
follow: 
Mobile Device (Bluetooth enabled): the mobile user 
wants to see the invoices of the customer. User first 
connects to the central database via GPRS and then user 

provides the login information. After successful login user 
will be able to view the invoices. 
GPRS module: GPRS module provides the connectivity to 
the central database. 
Central database: mobile user connects to the central 
database via GPRS module and Admin user/Employee 
connects to central database without using GPRS module. 
Encryption/Decryption module: Encryption technique 
Caesar Cipher is used in order to provide the database 
security [9] [10]. 
Admin user/Employee: employee wants to insert, update 
and delete the records. Employee first connects to the 
central database and provides login information. After 
successful login employee can perform insertion, updating 
and deletion of records. 
Bluetooth connectivity: mobile user print invoice by 
Bluetooth printer using Bluetooth connectivity. 

Table 1: List of Factors 

Symbols                Description 

MU Mobile user/Staff member/Worker 

G GPRS 

Ec/Dc Encryption/Decryption 

S Server 

DB Database 

B Bluetooth 

P Printer 

R Record 

I Insert  

U Update 

D Delete 

PO Place Order 

C Customer 

Mobile 
device

GPRS 
Gateway Printer

GSM/GPRS 
module

Blue-tooth 
controller/

device 

Central 
database

Security 
module  

Encryption/
decryption

Encryption/
decryption

Admin 
User/

Employee
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E Employee 

Sv Save 

Ci Customer Information  

V View 

Aut Authenticate 

Linfo Login Information 

OI Order Information 

Ent Enter 

St Save status in database 

Pinv Print invoice 

Pdev Deliver product 

 

A. Client Side 

Var1=C(PO)  (i) 

Var2=OI  (ii) 

Var3=E(Ent(Linfo))  (iii) 

Var4= Aut(E(Ent(Linfo)))  (iv)  

Var5= MU(Ent(Linfo))  (v) 

 Var6=Aut(MU(Ent(Linfo))) 

Var7=MU(V(Dc(Sv(Ci))))  (vi) 

Var8=MU(V(Dc(E(Sv(Ec(OI)))))  (vii) 

Var9=MU(Pdev)  (viii) 

Var10= MU(Sv(Ec(St)))  (ix) 

Var11=MU(Pinv)  (x) 

B. Server Side 

Var1=E(Ent(Linfo))  (i) 

Var2=Aut(E(Ent(Linfo)))  (ii) 

Var3=DB(Sv(Ec(E(I(R)))))  (iii) 

Var4=DB(Sv(Ec(E(U(R)))))  (iv) 

Var5=E(D(R))  (v) 

 
4.  Implementation 
 
4.1 Characteristics of System 
The system allow mobile user to remotely connect to the 
database in order to retrieve and enter the information, 
system security is provided by using the 
encryption/decryption at both ends (client side and server 
side). 
 
4.2 Strengths of System 
The proposed system has many advantages: 

• Remotely access the database 
• GPRS technology is used to provide connectivity 

to the central database 
• The system is of low cost; provide high speed, cut 

down the paper works, saves on human resources. 
• Easiness to the workers to carry out their tasks 

quickly and efficiently. 
• Works gets tasks on their mobiles devices via 

GPRS, no need to go to offices in order to get 
their tasks. 

• Workers get connected to central database via 
GPRS and can retrieve, update, save information 
directly in to database 

• Data transactions are secured because 
encryption/decryption is applied at both ends 
(client side/server sides). 

 

5. Results 
 
Research is divided into two phases 

5.1 Research Analysis Results 
5.2 Experimental Results 
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5.1 Research Analysis Results 
The research survey is divided into three sections i) Mobile 
applications in Organization ii) GPRS iii) Databases  
Sample size is 30 and the results of research are shown in 
graphs represented by Figure 2, Figure 3 and Figure 4. 
 

 
Figure 2: Importance of mobile applications 

 

 
Figure 3: GPRS implementation 

 

 
Figure 4: Databases 

 
5.2 Experimental Results 
 
5.1 Memory usage without encryption 

 
 
5.2 Memory usage with encryption 
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5.3 Processor time without encryption 
The fig 5 shows the processor time without encryption. 

Figure 5: Processor time without encryption 

 
5.4 Processor time with encryption 
The fig 6 shows the processor time with encryption. 

Figure 6: Processor time with encryption 

 
5.5 Constraints of System 

• Mobile application(Client-Side) failed 
Mobile user must have backup of client-side 
application in any case of failure of application 
that is installed on his mobile device.  

• GPRS not available in some areas 
If worker is in that area where GPRS services are 
not available then he can save or update the data 
in the database that is locally available in his 
mobile device. 

• Mobile devices corrupted/not properly 
working  
In any case if mobile devices get corrupted/not 
working properly then worker should have an 
extra mobile device with the feature of GPRS 
and Bluetooth 

 
6. Conclusion and future work 
Organizations can easily move towards automations,saves 
on human resources, increase net profit,saves on extra 
effort by using this proposed system and survey results 
shows that organizations are willing to pay for such 
proposed system/applications.For developing applications 
GPRS is the right solution and survey results also shows 
that people are satisfied with the results of this technology 
as it is a step forward technology then GSM and it 
provides secure mean for data transaction and also saves 
on network resources.As our proposed system is divided in 
to two application one is Client side application and other 
is server side application and both are connected with the 
central database.Survey results shows that use of databases 
cut down the paper work, increases performance by 
updating the databases via mobile phones rather than 
manually entering the data, encryption data before storing 
in the database is a viable solution for sceuring data. 
Experimental results shows that there is a negligeable 
effect on the memory when using encryption/decryption 
and processor time with and without encryption/decryption 
is almost same. 

Anyone can use different technology to implement the 
system other than GPRS. Secondly, anyone can use the 
same technology but can use different method to connect 
to the central database as here IP address in the URL is 
given to connect to the central database. Third, anyone can 
add the additional functionality that after delivering 
product can print the invoice through the Bluetooth 
mobile/devices by using the Bluetooth printer. Fourth, If 
GPRS service is not available in an area then the mobile 
user is provided with some mechanism that he save records 
locally in the database that is available in his mobile and 
when GPRS facility is available then he sinks the local 
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database with the central database. Last, anyone can embed 
the feature of the GPS (Global Positing system) so that to 
keep track of the current position of the employee. 
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Abstract 
 
   Clos Interconnection network is one of the known connection 
networks in processing systems and distributed systems, which is 
used extensively in many fields such as Telecommunication 
networks, ATM switches and Data transmission. In order to 
eliminate the blocking in such networks, various routing 
algorithm have been proposed, each imposing extra costs due to 
hardware use and re-routing algorithm. This study offers a 
routing algorithm which takes a blocking-avoidance approach 
hence avoiding related costs. There is no blocking while the 
primary routing is performed from the input to output. This 
method has the complexity of 𝑶𝑶�𝑵𝑵√𝑵𝑵�. The results show that this 
algorithm is simpler than the algorithms previously proposed. 
 
Keywords: Clos Interconnection Networks, Routing Algorithm, 
Blocking Avoidance, Three Stage Interconnection Networks. 
 
 

 
1. Introduction 
 
   As one of the most important parts of parallel processing 
systems, interconnection networks make connection 
between switches [1, 2, 15]. The topologies typically found 
in processing systems are often regular. They are classified 
into two groups: statistic and dynamic. The networks using 
dynamic topology fall in the following categories of 
structures: bus networks, crossbar switching networks, 
multi-stage connection networks. Multistage 
interconnection networks consist of blocking networks, 
rearrangeable non-blocking networks, wide-sense non-
blocking networks and strictly non-blocking networks [3, 
4, 5, 6]. 
 
 
   Routing algorithm can be divided into two groups: 

1- blocking avoidance routing, 2- routing irrespective of 
blocking. In the first method, routing in the algorithm is 
performed in such a way that there is no blocking but in the 
second method, initially the routing is performed from 
input set to output set. In case of any blocking, attempts 
are made to eliminate it through changing the arrangements 
in network switching, using routing algorithm. 
 
   Routing algorithm in multi-stage connection can be 
performed by 2 methods: 1- Graph coloring algorithm,   2- 
decomposition algorithm using matrixes. Generally, graph 
coloring algorithm enjoys a better time complexity than 
decomposition algorithm, using matrix. However, as the 
network size is too large, it will be inefficient. 
Decomposition algorithm using matrixes has the following 
advantages: Directly locating the problems and enjoying 
simplicity in switching settings .Unfortunately, many 
proposed decomposition algorithms using matrix are 
incomplete. Neiman algorithm has been implemented, 
using decomposition matrix and time complexity 𝑂𝑂�𝑁𝑁√𝑁𝑁� 
[13]. GS algorithm with complexity  𝑂𝑂�𝑁𝑁√𝑁𝑁�  uses 2 
matrixes, namely: Specification and Count. But Siu, Chiu, 
Lee and Carpinelli believes GS algorithm to be incomplete 
[7, 13]. Later, a new method called the modified methods 
of GS was proposed [7]. This algorithm was proposed at 
time  𝑂𝑂�𝑁𝑁√𝑁𝑁𝐿𝐿𝐿𝐿𝐿𝐿√𝑁𝑁� , by adding 3 steps to the main 
algorithm and deleting 2 steps for purpose of eliminating 
indefinite loops. Later, an algorithm on the basis of 
Heuristic Routing Algorithm using minimum distribution 
priority scheme was introduced for routing Clos networks. 
This method had the capability of accessing all non-
blocking routings, reducing its time complexity to  𝑂𝑂�𝑁𝑁√𝑁𝑁� 
in the worst situation [14]. 
  
   This study presents the routing mechanism in Clos 
interconnection networks, taking blocking-avoidance 
approach. This method can be applied extensively in 
distributed and parallel networks for purpose of 
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processing. Section 2 introduces the Clos networks and 
blocking-avoidance routing algorithm. Section 3 compares 
this new method with the previously proposed methods and 
section 4 concludes this study. 
 

2. Blocking Avoidance Routing Algorithm in 
Clos Networks 
 

2.1 Clos Network 
    
   Using small crossbar switches, Charles Clos introduced a 
type of interconnection network which is extensively 
studied and applied as a framework for ATM switches 
because it is economical, regular, scalable, fault-tolerant 
and highly efficient. Special attention has been paid to 
Clos three-stage networks as they are rearrangeable for 
developing multi-stage networks. These three stage-
networks are intended to be used for data communication 
and parallel computing system. 
 
   A switching network is composed of one or more switch 
stages that can create various paths through creating 
various connections between their inputs and outputs. Clos 
three-stage network is an example of multi-stage switching 
networks (Fig.1). 
 
   Clos three-stage networks  𝑁𝑁 × 𝑀𝑀   are represented as 
 𝑐𝑐(𝑛𝑛1,𝑛𝑛2,𝑚𝑚, 𝑟𝑟1, 𝑟𝑟2) where N represents the overall inputs of 
network and M as overall outputs of network. 𝑛𝑛1,𝑛𝑛2,𝑚𝑚, 𝑟𝑟1, 𝑟𝑟2, 
represent the number of inputs of each switch of input 
stage, the number of outputs of each switch of output stage, 
number of  switches of  middle  stage ,number of switches 
of input stage and number of switches of output stage, 
respectively. If  𝑁𝑁 = 𝑀𝑀  then   𝑟𝑟1 = 𝑟𝑟2 , 𝑛𝑛1 = 𝑛𝑛2 . In this case, 
Clos symmetrical networks are shown as   𝑐𝑐(𝑛𝑛, 𝑟𝑟,𝑚𝑚)  [15, 
16]. The first stage of a three-stage network is called input 
stage which includes r (𝑛𝑛 × 𝑚𝑚) switches. The second stage 
is called middle stage which includes m (𝑟𝑟 × 𝑟𝑟)  switches. 
The third stage is called output stage which includes r 
(𝑚𝑚 × 𝑛𝑛) switches. The network is capable of connecting one 
to one and one to many with  𝑁𝑁 = 𝑛𝑛𝑟𝑟  and   𝑚𝑚 ≥ 𝑛𝑛 . There is 
a link between 2 switches in 2 continuous stages [7, 8]. As 
 𝑐𝑐(𝑛𝑛, 𝑟𝑟,𝑚𝑚) knows all possible permutations between inputs 
and outputs.  A link can be accessed between stages, 
provided it is usable and not engaged. 
 
 
 
 
 
 

 
 
 
 
 
 
 
  

Fig. 1. Clos Three-stage network [15]. 

 
   The Clos networks have the following advantages over 
other interconnection networks [8, 9, 10, 11, 12]: 

1. This network is more efficient in terms of 
switching data. 

2. The lower hardware costs of this network 
have drawn the attention of many researchers. 

3. Clos networks have the capability to add 
switching packages in their configuration, 
increasing fault-tolerance compared to one-stage 
interconnection networks. 

5B2.2 Vector Modeling of Clos Networks 
   
   The connections between each input and output can be 
shown as follows: 
 

 𝑃𝑃 = � 0
𝜋𝜋(0)

1
𝜋𝜋(1)

…
…

𝑖𝑖
𝜋𝜋(𝑖𝑖)

…
…

𝑁𝑁 − 1
𝜋𝜋(𝑁𝑁 − 1)�       (1) 

 
   Where input i is connected to output  𝜋𝜋(𝑖𝑖) and 0 ≤ 𝑖𝑖 ≤ 𝑁𝑁 −
1,  𝑁𝑁 = 𝑛𝑛𝑟𝑟 . The switch between input and output is assumed 
to be of non-blocking type. P may be changed between 
input switches and output switches [13]. 
 
   In this algorithm, the matrix is used in such a way that 
network initially has its connections. Then, the new inputs 
are added into the network in such a way that there will be 
not any blocking. This is made possible through 4 main 
matrixes (A, B, C, D) and an mono dimensional array (e). 
The matrixes consist of elements 0, 1.  0 represents the free 
link and 1 represents the engaged link in the network. 
 
   Now the matrixes and array (e) are explained briefly: 

1. Matrix A represents a connection between input 
switches and inputs of each input switch. The 
number of rows (i) represents input switches and 
the number of columns (j) represents the inputs of 
each input switch. 

2.  Matrix B represents the connection between 
middle switches and inputs of each middle switch. 
The number of rows (i1) represents the middle 
switches and the number of columns (j1) 
represents inputs of each middle switch. 

.  

.  .  

.  

0
0
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1 

m 
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0
0
0 
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1 

 

r1 
1 
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3. Matrix C shows the connections between output 
switches and inputs of each output switch. The 
number of rows (i3)  encompasses output 
switches and the number of columns (j3) 
represents the input of each output switch. 

4. Matrix D indicates the connection between the 
outputs of each output switch and output switches. 
Here, the row (i4)  represents output switches and 
columns (j4) represent the outputs of each output 
switch. 

5. Array (e): each member of this array represents 
the number of the engaged input of each middle 
switch. The length of the array equals the number 
of middle stages. 

  
Definition: All steps are complete when the elements of 
matrix A are transferred to matrix D. That is, all contents 
of input switches are added in the network and the input 
stage links are free for receiving new inputs. 
 

2.3  Blocking-Avoidance Routing Algorithm  

1. Initially, 0 is assigned to matrixes B, C, D and 
array (e). 

2.  Matrix A is derived from the inputs. 
3. In matrixes B and A, a movement is made in 

parallel in such a way that in matrix A, the 
movement is made from row to row and in matrix 
B form column to column. When 1 is seen in 
matrix A, a free link is needed in middle switches 
to which the inputs are transferred. Then we turn 
to matrix B, searching for 0. On finding the first 0 
in matrix B, we should replace it by 1 in matrix A. 

4. Having transferred all engaged links of matrix A 
(input stage) to matrix B (middle stage) in such a 
way that there is no blocking in the input 
switches, now the output of middle stages should 
be arranged. To this purpose, the number of 
engaged input links into each middle switch is 
calculated, then added to the array (e). Having 
calculated all engaged links, we should assign the 
passive output links in middle switches (matrix B) 
to the engaged input links in middle switches (in 
array (e)).  

5. We should arrange matrix B (middle stage) to 
matrix C (output stage) in parallel so that matrix 
B is examined in terms of columns and matrix C 
in terms of rows. On seeing 1 in matrix B, we 
should replace it by 0 in matrix C. 

6. Finally, in order to transfer the engaged links to 
the output, we should make use of matrix D.  That 
is, the movement in matrix C should be made 

from row to row and in metric D from the row to 
row in parallel. On seeing 1 in matrix C, it is 
replaced by 0 in matrix D. 
 

   Now, pseudo code of blocking-avoidance routing 
algorithm is presented as follows: 
 
Step1) Initialize by Setting Middle Matrix (𝐵𝐵) , 𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂1  
Matrix(𝐶𝐶),  𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂𝑂2  Matrix(𝐷𝐷) and Middle array (e) = False. 
 
Step 2) Read Input Matrix (A). 
 
Step 3) For each of row elements of Matrix A, that is "True", if 
(𝐴𝐴[𝑖𝑖, 𝑗𝑗] == 1) then {Find The First column elements of Matrix 
B, that is "False", if (𝐵𝐵[𝑖𝑖1, 𝑗𝑗1] == 0) {Swap (𝐴𝐴[𝑖𝑖, 𝑗𝑗],𝐵𝐵[𝑖𝑖1, 𝑗𝑗1]); }}  
 
Step 4) For each of row elements of Matrix B, that is "True", if 
(𝐵𝐵[𝑖𝑖1, 𝑗𝑗1] == 1)   then {S++;}e [k++]=S; 
if (𝑒𝑒[𝑘𝑘 > 0]) then {  𝐵𝐵[𝑘𝑘][𝑗𝑗11] = 1 , k-- ;} 
 
Step 5) For each of column elements of Matrix(𝐵𝐵)  , that is 
"True"  , if  (𝐵𝐵[𝑖𝑖1, 𝑗𝑗1] == 1) then {Find The First row elements 
of Matrix C, that is "False", if  (𝐶𝐶[𝑖𝑖3, 𝑗𝑗3] == 0)   {Swap 
(𝐵𝐵[𝑖𝑖1, 𝑗𝑗1],𝐶𝐶[𝑖𝑖3, 𝑗𝑗3]) ; }} 
 
Step 6) For each of row elements of Matrix C , that is "True", if  
 𝐶𝐶[𝑖𝑖3, 𝑗𝑗3] == 1 then { Find The First row elements of Matrix D, 
that is "False", if (𝐷𝐷[𝑖𝑖4, 𝑗𝑗4] == 0) { Swap(𝐶𝐶[𝑖𝑖3, 𝑗𝑗3],𝐷𝐷[𝑖𝑖4, 𝑗𝑗4]); }}  
 

   As you can see, all elements in matrixes A, B and C can be 
transferred to the next stage matrix in a parallel manner. This 
speaks for the parallel routing in the proposed manner. 

1B3. Comparing blocking- avoidance routing 
algorithm with the previous methods 
 
   To compare the algorithm proposed by this study with 
the previous ones, we can examine them from two 
perspectives: 
 

- The complexity of routing algorithm 
 

- Time 
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3.1 The complexity of routing algorithm 

The following should be taken into account to compute the 
complexity of routing algorithm: 

-  m = n, this indicates that the number of middle 
stage switches (m) equals the number of input 
ports of the switches of input stage (n). 

- N= r×n, this indicates that overall network inputs 
are obtained by multiplying the number of 
switches of input stage (r) by the input ports of 
each switch of input stage (n).  

- n =√N. 
 

   Each matrix is read by time  𝑂𝑂(𝑁𝑁) and the main body of 
algorithm is formed at  𝑂𝑂(𝑁𝑁𝑛𝑛) . thus, the overall complexity 
of proposed algorithm is : 
 

𝑂𝑂(𝑁𝑁𝑛𝑛) + 3𝑂𝑂(𝑁𝑁) = 𝑂𝑂(𝑁𝑁𝑛𝑛)
𝑛𝑛=√𝑁𝑁
�⎯⎯�  𝑂𝑂�𝑁𝑁√𝑁𝑁� 

 

   Table1 shows the complexity of blocking-avoidance 
algorithm, drawing on the previously proposed algorithms. 
 

Table 1: shows the complexity of blocking-avoidance algorithm in 
comparison with the previously proposed algorithms. 

 
Algorithm name 

Complexity of 
Routing Algorithm 

GS Algorithm  𝑁𝑁√𝑁𝑁 

GS Modification 
Algorithm 

𝑁𝑁√𝑁𝑁𝐿𝐿𝐿𝐿𝐿𝐿√𝑁𝑁 

Heuristic Algorithm  𝑁𝑁√𝑁𝑁 

Blocking-Avoidance 
Algorithm 

𝑁𝑁√𝑁𝑁 

 
   As table 1 shows, the proposed routing algorithm 
outperforms the GS modified routing algorithm, with the 
former maintaining the network hardware. The proposed 
routing algorithm also equals Heuristic routing algorithm 
and GS routing algorithm in terms of algorithm 
complexity. 
 
   In GS routing Algorithm, there are indefinite loops 
which don’t appear in the proposed routing algorithm in 
this study, resulting in higher efficiency of the proposed 
method. 
 
   In heuristic routing method, rearrangement is required. 
This leads to additional costs. While, in blocking 
avoidance approach, there is no such cost. This is because 
the blocking is eliminated while routing is being done.        
   Hence the better performance of this method over other 
methods. 
 

10B3.2 Time 
 
   Regarding time, the algorithm proposed by this study 
outperforms the previously proposed methods. The 
previous methods start routing without taking account of 
blocking. That is, when routing is over, these methods 
make an attempt to eliminate the blocking through using 
some new algorithm, taking some time. This method 
proposed by this study starts routing so as to prevent the 
occurrence of any blocking, saving a lot of time. 
 

2B4. Discussion and Conclusion 
    
   This study presents a routing mechanism in Clos 
interconnection networks, taking a blocking-avoidance 
approach so that the routing is performed properly from 
input to output without blocking the links in network. 
While in the previously proposed methods, the strictly non-
blocking network was defined by simple routing which 
results in high hardware costs. Or alternatively, the routing 
was performed irrespective of blocking. Then, a new 
algorithm was used to eliminate these blocking, leading to 
some costs. The method proposed by this study has solved 
this problem. On the other hand, this algorithm completes 
its cycle at time  𝑂𝑂�𝑁𝑁√𝑁𝑁�. This type of routing can be used 
in communications switching as well as in data 
transmission networks for purpose of reducing the delay in 
transference time and for controlling the network traffic. 
The future studies can examine the ways in which new 
algorithms can be used to reduce routing time and the use 
of memory and to reduce the complexity of algorithm. 
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Abstract 

Image processing operations can be categorized into three 
major categories: image enhancement, image compression 
and image restoration. The objective of image enhancement 
is to improve the insight of the information in images for 
human viewing or to be used as a preprocessing tool for 
other image processing techniques. Filtering techniques 
play a crucial role in enhancing the quality of an image. 
This article explores the possibility of using an Artificial 
Neural Network for image noise classification followed by 
the suitable filter classification. Probabilistic Neural 
Network strikes a superior performance in identifying the 
noise as well as the suitable filter for the removal of a 
specific type of noise. 
Keywords: Image enhancement, Noise and Filter 
classification, neural networks. 

1. Introduction 

Image enhancement aims in improving the quality of 
a digital image needed for visual inspection or for 
automated image processing operations. The main 
objective of image enhancement is to process an 
image so that the result is more suitable than the 
original image for a specific application. Image 
enhancement approaches fall in to two broader 
categories namely spatial domain methods and 
frequency domain methods. The approaches in the 
spatial domain are based on direct manipulation of 
pixels in an image and the approaches in the 
frequency domain refer to the modification of the 
Fourier transform of an image. When image 
enhancement techniques are used as pre-processing 
tools for other image processing techniques, then 
quantitative measures can determine which 
techniques are most appropriate.  
  
1.1. Spatial Domain methods  

 

The value of a pixel with coordinates (x,y) in the 
enhanced image F is the result of performing some 
operation on the pixels in the neighborhood of (x,y) 
in the input image, F. Neighborhoods can be any 
shape, but usually they are rectangular. Gray level 
transformations, Histogram processing, Enhancement 
using Arithmetic/Logic operations, Smoothing filters 
and Sharpening filters are some of the methods used 
in the spatial domain for image enhancement. 
 
1.2. Frequency domain methods 
 
Image enhancement in the frequency domain is 
straightforward. The Fourier transform of the image 
to be enhanced is computed, multiply the result by a 
filter and take the inverse transform to produce the 
enhanced image. Ideal filters, Butterworth filters, 
Gaussian filters, Laplacian filters and Homomorphic 
filters are used in the frequency domain for image 
enhancement. 
 
In Information Technology, biometric authentication 
refers to technologies that measure and analyzes 
human physical and behavioural characteristics. 
Physical characteristics such as fingerprints, irises 
and facial patterns when captured, as raw images 
requires some image processing techniques to get the 
exact image so that the individual’s identity is 
established. Filters are widely employed in the field 
of biometrics for improving the quality of images 
before extracting the features for 
identification/recognition. 

2. Artificial Neural Network 

An Artificial Neural Network (ANN), usually called 
"Neural Network" (NN), is a mathematical model or 
computational model that tries to simulate the 
structure and/or functional aspects of biological 
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neural networks. It consists of an interconnected 
group of artificial neurons and processes information 
using a connectionist approach to computation. In 
most cases an ANN is an adaptive system that 
changes its structure based on external or internal 
information that flows through the network during the 
learning phase. Neural networks can be used to model 
complex relationships between inputs and outputs or 
to find patterns in data. 
 
Classification is one of the major research areas of 
neural networks and many neural networks have 
emerged as an important tool for classification. The 
recent research has established that neural networks 
are a promising alternative to various conventional 
classification methods. The advantage of neural 
networks is that it makes use of self-adaptive methods 
to adjust to the data without any explicit specification. 
Fabio Roli and G N Marcialis used a single layer 
perceptron with a class-separation loss function for 
classifying individuals based on their fingerprints. [2]  
 
Image denoising is an important image processing 
task, both as a process itself, and as a component in 
other processes. Very many ways to denoise an image 
or a set of data exists. The main properties of a good 
image denoising model are that it will remove noise 
while preserving the fine details of the image. Many 
image denoising algorithms were prevalent in the 
past, but they weren’t successful when it comes to 
automatic image restoration. [3][4][5][6] 
Identification of the noise is crucial for an image 
denoising model to be accurate. 
 
The use of a Multi Layer Perceptron (MLP) [7], Back 
Propagation Network (BPN) [7] and Probabilistic 
Neural Network (PNN) [8] to classify the image 
noise, based on the statistical features like skewness 
and kurtosis is available in the literature. Noise 
identification is vital for determining the denoising 
procedure for an image, which leads to image 
enhancement for further processing.  
 
2.1 Back Propagation Network (BPN) 

Back Propagation Network is a multilayer 
feedforward network employing back propagation 
algorithm. As the name implies, the errors propagate 
backwards from the output nodes to the inner nodes. 

The steps in the BPN algorithm are [9] 

1. Select a pattern Xk  from the training set Т, 
and present it to the network. 

2. Compute activations and signals of input, 
hidden and output neurons in that sequence. 

3. Find the error over the output neurons by 
comparing the generated outputs with the 
desired outputs. 

4. Use the error calculated in step 3 to compute 
the change in the hidden to output layer 
weights, and the change in input to hidden 
layer weights (including all bias weights), 
such that a global error measure gets 
reduced. 

5. Update all weights of the network in 
accordance with the changes computed in 
step 4. 

Hidden to output layer weights 

W hj
k+1 = W hj

k   + ΔW  hj
k                                      (1) 

Input to hidden layer weights 

Wih
k+1 = Wih

k  + ΔW ih
k                                          (2) 

where ΔWhj
k  and  ΔW ih

k     are weight 
changes computed in step 4. 

6. Repeat steps 1 through 5 until the global 
error falls below a predefined threshold. 

T. Kalpalatha Reddy and N. Kumaravel have used 
BPN for classification of bone samples at different 
locations of the jawbone region [12] and Graham 
Kendall et al. have used it to classify document zone 
content in technical document images. [13] 

2.2 Multilayer Perceptron (MLP) 
 
The most common neural network model is the 
multilayer perceptron (MLP). This type of neural 
network is known as a supervised network because it 
requires a desired output in order to learn. The goal 
of this type of network is to create a model that 
correctly maps the input to the output using historical 
data so that the model can then be used to produce the 
output when the desired output is unknown. 
 
The inputs are fed into the input layer and get 
multiplied by interconnection weights as they are 
passed from the input layer to the first hidden layer. 
Within the first hidden layer, they get summed then 
processed by a nonlinear function. As the processed 
data leaves the first hidden layer, again it gets 
multiplied by interconnection weights, then summed 
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and processed by the second hidden layer. Finally the 
data is multiplied by interconnection weights then 
processed one last time within the output layer to 
produce the neural network output. 
 
Real-world task like the classification of hand-written 
numerals may be efficiently and economically 
accomplished by means of a general-purpose Multi 
Layer Perceptron. [1] 
 
2.3 Probabilistic Neural Network (PNN) 

Probabilistic neural networks are forward feed 
networks built with three layers. They are derived 
from Bayes Decision Networks. They train quickly 
since the training is done in one pass of each training 
vector, rather than several. Probabilistic neural 
networks estimate the probability density function for 
each class based on the training samples. 

There is an input unit for each dimension in the 
vector. The input layer is fully connected to the 
hidden layer. The hidden layer has a node for each 
classification. Each hidden node calculates the dot 
product of the input vector with a test vector subtracts 
1 from it and divides the result by the standard 
deviation squared. The output layer has a node for 
each pattern classification. The sum for each hidden 
node is sent to the output layer and the highest values 
wins. 

The Probabilistic neural network trains immediately 
and is used for classifying data. Probabilistic neural 
networks handle data that has spikes and points 
outside the norm better than other neural nets. PNN is 
used in classifying cancer data. [10][11] 

3.Methodology 

Step 1: The noises in an image are classified as non-
gaussian white, gaussian white and salt and pepper 
noise by the PNN as given in [8] and the performance 
of the network is above 90%.  

Step 2: The classified noises are given as input to 
BPN, MLP and PNN networks which identifies the 
suitable filters for noise removal. The filters that are 
classified by the neural network are Wiener filter 
(Non gaussian white) [14], Infinte Impulse Response 
filter (Gaussian white) [15] and Median filter (Salt 
and pepper noise) [16] . The performance of BPN, 
MLP and PNN networks are given in Table-1. 

A k-fold cross-validation is used. i.e. the images are 
partitioned in to k (say 10) partitions at random. 
Training is carried out with k-1 partitions and testing 

is carried out with the left out partition. The cross 
validation process is then repeated k times, with each 
of the k partition being used exactly once for testing. 
The k results are averaged to determine the resulting 
accuracy. 
 

Table 1: Performance analysis of PNN, MLP and BPN network 

 

Wiener 
filter 

IIR 
filter 

Median 
filter 

PNN 93.33% 96.67% 93.27% 

MLP 96.67% 86.67% 90% 

BPN 93.33% 93.33% 86.67% 
 
The entries in the table give the correct % of filters 
classified for a specific type of noise. The 
performance of PNN in classifying the filter for noise 
removal is greater than 90% and is superior to MLP 
and BPN network. 
 
4.Conclusion 
 

The use of Neural Network for classification of noise 
followed by classification of filter is explored in this 
article. CASIA-Irisv3 database have been used to test 
the performance of the network and the experiments 
have been carried out in MATLAB. The results show 
that PNN proves to be a better network in classifying 
the noises as well as filters than the MLP and BPN 
models. The results obtained can be used in 
employing the suitable filter for noise removal, thus 
enhancing the image for further processing. 
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Abstract 
Current trend of e-learning promote continuous learning 
environment. Unfortunately, it fails to optimize the learning 
between student and learner. Some factors are discussed to 
encounter the current problem. It should have suitable contents 
representations that will be remembered and applied in practice 
by the students. The e-learning discussed in context of 
Requirement Engineering domain. Maximize the usage of e-
Requirement Engineering Learning System, the cognitive domain 
is suggested to cooperate with the e-learning system. It will help 
Higher Learning Education (HLE) deliver students with 
employability skill with critical thinking strategy. In addition, it 
gives a big impact to software development project. Future work 
will be discussed on the quantitative analysis to measure the 
effectiveness of e-Requirement Engineering Learning System. 
Keywords: Requirement Engineering, cognitive Domain, 
Higher Learning Education, software development project, 
employability skill, problem-solving, bloom’s taxonomy. 
 
1. Introduction 
 
Developed country is boost with learning in virtual 
environment. Then, developing country with high effort 
make real a virtual learning in Higher Learning Education 
(HLE) to become a same level with developed country is 
undeniable fact [13, 24]. Most of the HLE [32] probably 
has the e-learning in their website. Unfortunately, the e-
learning content different among others HLE in Malaysia. 
Sometimes, the e-learning website is not fully utilizing the 
needs for students learning [1, 2]. It make the e-learning is 
less effective. The improvement of e-learning should be 
growth fast [14] to deliver knowledgeable students with 
employability skill [35]. It should be concurrent with the 
industrial needs [22]. 
 
The concept of designing an e-learning [7, 25] should be 
similar with new car engine. The new engine is design with 
high performance to make a car move smoothly. At the 
same time, the car is very useful to the driver. To that 
reason, developing e-learning with cognitive domain is a 

way to improve the virtual learning between student and 
lecturer [3, 31]. 
 

2. Current Trend of e-Learning 
 
Traditional learning promotes more on face-to-face 
environment [4, 26]. The constraint of face-to-face is 
based on limited of time and place for students to have 
guidance from the lecturer. They should come to the class 
as per schedule and only have the consultation hour by 
appointment. The learning is growing slowly. Especially, 
in Requirement Engineering subject, the technological tool 
is rapidly changes and the students unable to have 
continuously learning environment.  
 
E-learning is taking place [15] to offer continuously 
learning environment with virtual medium. The internet is 
utilized by the students and lecturer to commit into e-
learning environment. However, if e-learning does not 
have suitable contents and approaches, then e-learning will 
not enhance the learning entirely [17]. The success of e-
learning depends on it being ‘brain friendly’ [8]. It defines 
that the students can totally optimize learning by e-learning 
contents representations that will be remembered and 
applied in practice [18]. 
 

3. Development of e-Requirement 
Engineering Learning System 
 
Requirement Engineering [34] is a first step in controlling 
the whole software development project [20, 21] run 
successfully and meets stakeholder needs. Understanding 
the process and practice skill will help student to be a 
demanding employee. Somehow, the problems occur in 
traditional class which communication with the lecturer 
and stakeholder become a barrier to the student in finishing 
their task [33].  
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To that reason, some researchers have predicted that the 
traditional classroom will disappear [6, 9]. E-learning has 
entered the education [12] as well as the corporate world in 
a major way and it also complements the traditional 
delivery methods. It has facilitated the traditionally 
difficult educational paradigms such as adult learning or 
distance learning.  
 
e-Requirement Engineering Learning System come across 
to provide a versatile learning environment, which many 
companies realize that educational institutions should be a 
kick start in deliver a student with employability skill [27, 
38]. It is a combination of e-learning and Requirement 
Engineering. There are several factors are identified in 
implementing successful collaboration between cognitive 
domain [16] that cooperate with e-Requirement 
Engineering Learning system. 
 
Development of web technology over the last two decades 
has led to a productive blooming of e-Learning 
methodology [18]. E-Learning materials and environments 
have several identifying characteristics [36, 37]: 1) 
availability – the learning materials are available on the net 
and students can easily download them; 2) multiple 
representations – the learning materials combine text, 
graphics, animation, sound and video; 3) multiple 
communication tools – several specially-developed social 
tools support e-Learning such as: discussion groups, e-
mail, video conference, blogs and social networks. E-
Learning instructors at the beginning of twenty-first 
century rely on this environment to implement various 
pedagogies. 
 
Currently, e-Learning had been implemented but not 
favorably used [18]. Haverila and Barkhi (2011) identified 
that more experienced students felt e-learning is less 
effective than the less experienced students in using e-
learning. When the students lack the experience in e-
learning, it is important that the procedures, software tools, 
and materials are well organized and expectations are 
explained in detail before the course starts. 
 

3.1 Infrastructure Factor 

Lack of infrastructure support will lead to e-learning 
failure. In organization, e-learning can help in employees 
development in term of consistency of message, flexibility 
of learning, availability of learning and monitoring of 
progress and performance. Technology in e-learning [28] 
known as web-based learning is another channel of 
learning, which provides 1) Real time communication 
(Synchronous technology) such as instant message, 
audio/video conferencing and 2) Anywhere and anytime 

(Asynchronous technology) to access the courses over the 
Internet or intranet [19, 29]. 
 
Table 1. The Influence of Experience, Ability and Interest on e-learning 

Effectiveness (Haverila, M. & Barkhi, R., 2011). 

  
Place 

  
Same Different 

Time 
Synchronous Traditional Method Distance Learning 

Asynchronous Recorded e-Learning 

3.2  Students / Learner Factor 

The other factors contribute in e-learning failure is 
individual perspective. It includes self-motivation among 
students. The e-learning level decrease if the student gets 
difficult to use e-learning if they don’t have technological 
skill [22, 35]. 
 
Responsible (self-directed leaning) on finishing the task 
given by the lecturer is another crucial factor [14]. Better 
learner attitudes contribute to increase learner’s control 
[17]. 
 

4. Element in Learning Environment 
 
There are several arguments and similarity from three well-
known researchers about the element in successful learning 
environment. According to Bloom's taxonomy (1956) of 
learning domains, there are three domains of educational 
activities 1) Cognitive Domain, which involves knowledge 
and the development of intellectual and mental skills, 2) 
The Affective Domain, which describes the way we face 
things emotionally and 3) The Psychomotor Domain, 
which involves physical movement, coordination, and use 
of the motor-skills. 
 
In addition, Parnas (1999) encouraged Software 
Engineering curriculum to involve with five 
complementary elements in learning environment. It 
includes 1) principles (lasting concepts that underlie the 
whole field), 2) practices (problem-solving techniques 
which good professionals will apply consciously and 
regularly), 3) applications (areas of expertise where the 
principles and practices find their best expression), 4) tools 
(state-of-the-art products that facilitate the application of 
these principles and practices) and 5) mathematics (the 
formal basis that makes it possible to understand 
everything else). 
 
Furthermore, Jazayeri (2004) states that learning 
environment should integrate with projects. This is often 
recognized as a very critical issue in Software Engineering 
education. Replaying the complexity of real-life projects in 
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an educational environment can be impossible. Thus we 
need to find innovative ways of integrating project [20, 21] 
work in curricula. 
 

Table 2. Similarity element of successful learning. 
Author Year Element (s) Similarity on 

Bloom’s 
taxonomy 

1956 

1. Cognitive Domain 
2. Affective Domain 
3. Psychomotor 

Domain 

• Cognitive 
Domain 

 

Parnas 1999 

1. Principles 
2. Practices 
3. Application 
4. Tool 
5. Mathematics 

• Practices 
• Application 
• Tool 
 

Jayazeri 2004 1. Project • Project 

5. Design e-Learning with Cognitive Domain 
Perspectives 

Zamfir (2007) indicated that “cognitive domain, focused 
on learning about learning, both as individual and as 
organization, imply information technology and two effects 
of it: diversity and globalization”. 
 
Figure 1 shows that some factors influence in designing [7, 
10, 11] the software towards cognitive domain. It is 
particularly based on 1) individual (refer to student, 
lecturer and stakeholder (who contribute in learning 
environment), 2) team (is among student’s team members) 
and 3) project (refer to students team, lecturer (monitor 
student’s project progress), and stakeholder (who will 
approve the requirement deliverables) factors. 
 

 
Figure 1. Factors influencing the software design process 
(Curtis et al., 1988) 
 
Cognitive Strategy used as an internal process by which 
the student [37] controls their own ways of thinking and 
learning. Example: Engaging in self-testing to decide how 
much study is needed; knowing what sorts of questions to 
ask to best define a domain of knowledge; ability to form a 
mental model of the problem [10]. Problem solving is 
combining lower level rules to solve problems in a 

situation never encountered by the person solving the 
problem. It may involve generating new rules which 
receive trial and error use until the one that solves the 
problem is found. Bloom (1956) described six sub-
categories in the cognitive domain, which are measured by 
degrees and levels of difficulties so that an individual 
cannot master one of these levels if the student has not first 
mastered the preceding sub-category. 
 
6. Conclusion 
 
As a conclusion, the e-Requirement Engineering Learning 
System should integrate with Cognitive Domain to increase 
problem-solving skill among student. The students should 
have a responsibility in order to finish their task according 
to the milestone given by the lecturer. 
 
Table 3 discussed the suggestion of assessment method 
regarding the Cognitive Domain (Blooms, 1956) and 
Bloom’s Revised Taxanomy (Pohl’s, 2000). Several top 
universities such as Harvard [40] and Cambridge [41] 
University were used quiz as a medium for students to 
memorize learned information. 
 
Other assessment [23] methods (case study, small group 
assignment and project) have collaboration between 
students, lecturer and stakeholder [20]. It should be an 
important element in an interactive and process-oriented 
course. It will facilitate a collaborative learning context to 
improve critical thinking skills. Otherwise, projects [21] 
are used to tailor with the needs of employability skill [33]. 
The skill of presentation can be improved by using peer-to-
peer assessment of assignments and conferencing in a team 
environment.  
 
In addition, the expectations should be clear with proper 
milestones and set it in specific time frames. Students 
should be informed that the deadlines and schedules should 
be taken seriously [18]. Ada (2009) highlight a positive 
correlation between the quality of the group's engagement 
in a collaborative process and the quality of cognitive 
skills fostered. Future work will be discussed on the 
challenges in developing e-Requirement Engineering 
Learning System. 
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Table 3: Suggestion of e-Requirement Engineering Learning 
System based on Cognitive Domain (Blooms, 1956) and 

Bloom’s Revised Taxanomy (Pohl’s, 2000). 
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Domain 

Bloom's Revised 
Taxonomy Suggestion 

assessment 
method e-

Requirement 
Engineering 

Learning System 

Participant 

Knowledge:  
Recall data or 
information 

Remembering: 
Recall previous 
learned information. 
 

Quiz / Exercise / 
Short Essay 

Student 

Comprehension: 
Understand the 
meaning, 
translation, 
interpolation, and 
interpretation of 
instructions and 
problems. State a 
problem in one's 
own words 

Understanding: 
Comprehending the 
meaning, translation, 
interpolation, and 
interpretation of 
instructions and 
problems. State a 
problem in one's own 
words. 
 

Exercise / Case 
Study 

Student / 
Lecturer 

Application:  
Use a concept in a 
new situation or 
unprompted use 
of an abstraction. 
Applies what was 
learned in the 
classroom into 
novel situations in 
the work place. 

Applying:  
Use a concept in a 
new situation or 
unprompted use of an 
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the classroom into 
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Case Study / 
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Student / 
Lecturer / 
Industry 

Analysis:  
Separates material 
or concepts into 
component parts 
so that its 
organizational 
structure may be 
understood. 
Distinguishes 
between facts and 
inferences. 

Analyzing:  
Separates material or 
concepts into 
component parts so 
that its organizational 
structure may be 
understood. 
Distinguishes 
between facts and 
inferences. 
 

Small Groups 
Assignment / 
Project 

Student / 
Lecturer / 
Industry 

Synthesis:  
Builds a structure 
or pattern from 
diverse elements. 
Put parts together 
to form a whole, 
with emphasis on 
creating a new 
meaning or 
structure. 
 

Evaluating:  
Make judgments 
about the value of 
ideas or materials. 

Project / 
Presentation 

Student / 
Lecturer / 
Industry 

Evaluation:  
Make judgments 
about the value of 
ideas or materials. 

Creating:  
Builds a structure or 
pattern from diverse 
elements. Put parts 
together to form a 
whole, with emphasis 
on creating a new 
meaning or structure. 
 

Project / 
Presentation 

Student / 
Lecturer / 
Industry 
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Abstract 

   Image compression helps in storing the transmitted data 
in proficient way by decreasing its redundancy. This 
technique helps in transferring more digital or multimedia 
data over internet as it increases the storage space. It is 
important to maintain the image quality even if it is 
compressed to certain extent. Depends upon this the image 
compression is classified into two categories: lossy and 
lossless image compression. There are many lossy digital 
image compression techniques exists. Among this Wavelet 
Transform based image compression is the most familiar 
one. The good picture quality can be retrieved if Wavelet-
based image compression technique is used for 
compression and also provides better compression ratio. In 
the past few years Artificial Neural Network becomes 
popular in the field of image compression. This paper 
proposes a technique for image compression using 
modified Self-Organizing Map (SOM) based vector 
quantization.  Self-Organizing Feature Map (SOFM) 
algorithm is a type of neural network model which consists 
of one input and one output layer. Each input node is 
connected with output node by adaptive weights. By 
modifying the weights between input nodes and output 
nodes, SOFM generate codebook for vector quantization. 
If the compression is performed using Vector Quantization 
(VQ), then it results in enhanced performance in 
compression than any other existing algorithms. Vector 
Quantization is based on the encoding of scalar quantities. 
The experimental result shows that the proposed technique 
obtained better PSNR value end also reduces Mean Square 
Error. 

Keywords—Data Compression, Image Compression, 
Neural Networks, Self-Organizing Feature Map, Vector 
Quantization, Wavelet Transform  
 
 

1. Introduction  
Image compression is a result of applying data 

compression to the digital image. The main objective of 
image compression is to decrease the redundancy of the 
image data which helps in increasing the capacity of 
storage and efficient transmission. Image compression aids 
in decreasing the size in bytes of a digital image without 
degrading the quality of the image to an undesirable level. 
There are two classifications in image compression: 
lossless and lossy compression. The reduction in file size 
allows more images to be stored in a given amount of disk 
or memory space. This supports in decreasing the time 
required for the image to send or download from internet. 
Consequently compression methods are being hastily 
developed to compress large data files such as images, 
where data compression in multimedia applications has 
recently become very important [1]. 

 
Figure 1.Vector Quantization 
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In general wavelets are a mathematical tool for 
hierarchically decomposing functions. The huge numbers 
of lossy compression techniques are proposed in the past. 
Among this Wavelet Transform based image compression 
is the most familiar one. Wavelet-based image 
compression provides better enhancements in picture 
quality even at higher compression ratios. It is an 
established transform used for a number of image 
compression standards in lossy compression methods. 
Divergentto the discrete cosine transforms, the wavelet 
transform is not Fourier-based and therefore wavelets do a 
superior job of handling discontinuities in data. Wavelet 
Transforms (WT) based image compression is a prevailing 
method that is favored by most of the researchers to get the 
compressed images at higher compression ratios with 
higher PSNR values [2]. 

The usage of Artificial neural network (ANN) in image 
processing applications has been increased in recent years. 
Due to the advantages over the existing methods in terms 
of handling the noisy or partial data, the Artificial Neural 
Networks can be used in image compression technique. An 
Artificial Neural network is appropriate technique for 
image compression as it has the ability to reproduce the 
original data with the help of available fewer components. 
Different types of Artificial Neural Networks have been 
trained to perform Image Compression. Some of them are 
Feed-Forward Neural Networks, Self-Organizing Feature 
Maps and Learning Vector Quantizer Network 

Artificial neural networks are well-resembled in function 
approximation, owing to their capability to fairly accurate 
complicated nonlinear functions. Several techniques have 
been projected previously for image compression using 
neural networks and wavelet transform. In the past wavelet 
transform and a neural network are suggested for image 
compression [4].Similarly, variety of image compression 
techniques were combined with neural network classifier 
for various applications [5] [6].Some recent papers show 
that the combination of neural network based approach and 
classical wavelet based approach leads to better 
compression ratio [7]. Combining the Wavelet Transform 
and Artificial Neural Networks utilizes the advantages of 
the two techniques thereby improving the compression 
ratio. They may also ensure the quality of the compressed 
image.  

The modified Self-Organizing Feature Map (SOFM) 
based vector quantization for image compression is 
proposed in this paper.  Self-Organizing Feature Map 
(SOFM) algorithm is a type of neural network model 
which consists of one input and one output layer.  Each 
input node is connected with output node by adaptive 
weights. By modifying the weights between input nodes 
and output nodes SOFM will generate codebook for vector 
quantization. If the compression is performed using Vector 
Quantization (VQ), then it results in enhanced performance 

in compression than any other existing algorithms. Vector 
Quantization is based on the encoding of scalar quantities. 
The experimental shows that the proposed technique will 
provide better PSNR value and also reduces Mean Square 
Error. 

The remainder of this paper is organized as follows. 
Section 2 of the paper discusses the earlier proposed 
techniques related to image compression using wavelet 
transform and neural networks. Section 3 explains the 
proposed approach for image compression. Section 4 
illustrates the experimental results with relevant 
explanations and Section 5 concludes the paper with fewer 
discussions for future work. 

2. Related Work 
A lot of works were found in literature related to the 

wavelet based image compression technique using the 
neural network technique. This section of the paper 
discusses some of the earlier work proposed on image 
compression using neural networks and wavelet transform.  

Debnath et al., proposed an image compression method 
combining discrete wavelet transform (DWT) and vector 
quantization (VQ). First, a three-level DWT is carried out 
on the original image resulting in ten separate subbands 
(ten codebooks are generated using the Self Organizing 
Feature Map algorithm, which are then used in Vector 
Quantization, of the wavelet transformed subband images, 
i.e. one codebook for one subband). These subbands are 
then vector quantized. VQ indices are Huffman coded to 
raise the compression ratio. A new iterative error 
correction scheme is presented to continuously check the 
image quality after sending the Huffman coded bit stream 
of the error codebook indices through the channel so as to 
improve the peak signal to noise ratio (PSNR) of the 
reconstructed image. Ten errors are also generated for the 
error correction method by means of the difference 
between the original and the reconstructed images in the 
wavelet domain. This technique shows better image quality 
in terms of PSNR at the same compression ratio as 
compared to other DWT and VQ based image compression 
techniques found in the literature. 

A method of still image compression was put forth by 
Wilford Gillespie in [11]. The fundamental approach to 
image compression consists of a number of key steps. They 
are wavelet packet decomposition, quantization, 
organization of vectors, neural networks approximation or 
storage, and lossless encoding and reduction. As an initial 
stage of image compression, the image is put through 
several layers of wavelet packet decomposition. The 
results of the decomposition are then divide or processed 
in some way, depending on the method. Integer 
quantization is performed on all of the decomposed 
wavelet sections. The quantization value is the determining 
factor of quality. A quantization value of 1 is near lossless 
quality, although little to no compression is achieved. This 
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is accomplished by taking each section and dividing it by a 
set value and rounding to the nearest integer. There are 
many ways to systematize a tree of decomposition sections. 
Three methods were tried with this compression scheme. 
The type of neural network used in their approach was a 
two-layer feed-forward network with a standard back 
propagation learning function. At last, the entire data 
stream is taken and is processed by a run length encoded 
(RLE) method and saved in a lossless state using the ZIP 
file format. 

A Neuro-Wavelet based approach for image 
compression was put forth by Singh et al. in [12]. Images 
have large data quantity. For storage and transmission of 
images, high efficiency image compression methods are 
under wide attention. They proposed a neuro- wavelet 
based model for image compression which combines the 
advantage of wavelet transform and neural network. 
Images are decomposed using wavelet filters into a set of 
sub bands with different resolution corresponding to 
different frequency bands. Different quantization and 
coding schemes are used for different sub bands based on 
their statistical properties. The coefficients in low 
frequency band are compressed by differential pulse code 
modulation (DPCM) and the coefficients in higher 
frequency bands are compressed using neural network. 
Using their proposed scheme one can accomplish 
satisfactory reconstructed images with large compression 
ratios. Their experimental results revealed that their 
proposed technique of image compression out performed 
some of the conventional image compression approaches. 
Barbalho et al., [13] presented a novel approach involving 
vector quantization (VQ) that relies on the design of a 
finite set of codes which will substitute the original signal 
during transmission with a minimal of distortion, taking 
advantage of the spatial redundancy of image to compress 
them. Algorithms for instance LBG and SOM work in an 
unsupervised way toward finding a good codebook for a 
given training data. However, the number of code vectors 
(N) required for VQ. 

increases with the vector dimension, and full-search 
algorithms such as LBG and SOM can lead to large 
training and coding times. An alternative for reducing the 
computational difficulty is the use of a tree-structured 
vector quantization algorithm. This approach presents an 
application of a hierarchical SOM for image compression 
which reduces the search complexity from O(N) to O(log 
N), enabling a faster training and image coding. Results 
when compared with conventional SOM, LBG and HSOM, 
shows the better image compression result. 

Amar et al. in [14] proposed a wavelet networks 
approach for image compression. Wavelet networks are a 
combination of radial basis function (RBF) networks and 
wavelet decomposition, where radial basis functions were 
replaced by wavelets. The wavelet network is a 

combination of wavelets and neural networks. The network 
can be considered composed of three layers: a layer with 
Ni inputs, a hidden layer with Nw wavelets and an output 
linear neuron receiving the weighted outputs of wavelets. 
Both input and output layers are fully connected to the 
hidden layer. Moreover they used a feed forward 
propagation algorithm from input neurons to output 
neurons. The main similarity between the proposed 
wavelet network and the neural network is that both 
networks calculate a linear combination of nonlinear 
functions to adjust parameters. These nonlinear functions 
depend on adjustable parameters (dilations and 
translations). During training stage the weights, dilations 
and translations parameters, are iteratively adjusted to 
minimize the network error. They used a quadratic cost 
function to evaluate this error. In order to test the 
robustness of their approach, they have implemented and 
compared the results with some other approaches based on 
neural networks (MLP). 

Kwang-Baek et al., [15] puts forth a novel vector 
quantization approach for image compression using 
wavelet transform and enhanced SOM algorithm for 
medical image compression. The enhanced self-organizing 
algorithm is presented to improve the defects of SOM 
algorithm, which, at first, reflects the error between the 
winner node and the input vector to the weight adaptation 
by using the frequency of the winner node. Secondly, it 
adjusts the weight in proportion to the weight change at 
hand and the previous weight change as well. To decrease 
the blocking effect and Improve the resolution, by using 
wavelet transform the vectors are constructed and applied 
the enhanced SOM algorithm to them.  

Khashman et al. in [16] proposed a technique for 
compressing the digital image using neural networks and 
Haar Wavelet transform. The aim of the work presented 
within the paper was to develop an optimum image 
compression system using Haar wavelet transform and a 
neural network. With Wavelet transform based 
compression, the quality of compressed images is typically 
high, and the option of a perfect compression ratio is 
complicated to formulate as it varies depending on the 
content of the image. They proposed that neural networks 
can be trained to ascertain the non-linear relationship 
between the image intensity and its compression ratios in 
search for an optimum ratio. Moreover their paper 
suggested that a neural network could be trained to be 
familiar with an optimum ratio for Haar wavelet 
compression of an image upon presenting the image to the 
network. The method utilized Haar compression with nine 
compression ratios and a supervised neural network that 
learns to correlate the grey image intensity (pixel values) 
with a single optimum compression ratio. Two neural 
networks receiving different input image sizes are 
developed in their work and a comparison between their 
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performances in finding optimum Haar-based compression 
was presented. 

3. Proposed approach 
    The proposed methodology deals with the combination 
of wavelet and vector quantization for image compression. 
The image compression technique proposed here is 
applicable to those areas of digital images where high 
precision reconstructed image is required like criminal 
investigations, medical imaging, etc., The image of certain 
quality is need to be transmitted by user in order to retrieve 
the original image without any loss in quality. This method 
is tested on gray scale images, but it can be easily extended 
to color images by processing the three color matrices 
separately. 
A. Self-Organizing Map 
    Each data from data set recognizes themselves by 
competing for representation. The weight vectors 
initialization is the starting process of SOM mapping. Then 
the sample vector is randomly selected and the map of 
weight vectors is searched to find which weight best 
represents that sample. Each weight vector has neighboring 
weights that are close to it. The weight that is chosen is 
rewarded by being able to become more like that randomly 
selected sample vector. The neighbors of that weight are 
also rewarded by being able to become more like the 
chosen sample vector. From this step the number of 
neighbors and how much each weight can learn decreases 
over time. This whole process is repeated a large number 
of times, usually more than 1000 times.  
In sum, learning occurs in several steps and over much 
iteration:  
1. Each node's weights are initialized.  
2. A vector is chosen at random from the set of training 
data.  
3. Every node is examined to calculate which one's weights 
are most like the input vector. The winning node is 
commonly known as the Best Matching Unit (BMU).  
4. Then the neighborhood of the BMU is calculated. The 
amount of neighbors decreases over time.  
5. The winning weight is rewarded with becoming more 
like the sample vector. The neighbors also become more 
like the sample vector. The closer a node is to the BMU, 
the more its weights get altered and the farther away the 
neighbor is from the BMU, the less it learns.  
6. Repeat step 2 for N iterations. 
B. Modified Self Organizing Feature Map 
       The basic operation of the Kohonen’s network is to 
classify the input patterns with a set of m× n weight matrix 
where m is the number of nodes in input layer and n is the 
grid size. Existing learning system considers the previously 
learned patterns while adopting the weight matrix for the 
current input pattern that is avoided by the proposed 
subsystem. The modification in existing learning system is 
highlighted below –  

 1. Adoption of Weights: Existing learning systems 
deals with the previously stored patterns which are already 
been learnt. It increases the learning time exhaustively. 
Learning time for each pattern is a factor of the number of 
previously learned patterns. But the modified system only 
tries to operate on the recently given pattern sample. It 
avoids the previously learned patterns for the swiftness of 
learning process.  
 2. Regular learning system using KSOM offers 
the modification of weights for all the connections among 
the two layers. It indicates the static size of neighbors. Due 
to the rapid change of neighborhood size, number of 
weight adoption easily decreased with the time. The 
modified MKSOM system proposes a function for 
changing the neighborhood size along with the change of 
the distance of winner node  
ν(t +1) = ν (t) − 0(t)(d (t) − d (t −1)). 
A 3-level 2-D DWT is firstly applied to the test image in 
the proposed method (i.e. the image to be compressed) and 
then VQ is used to different subbands for compression. 
Ten subbands are created after the application of 3-level 2-
D DWT using SOFM, and thus all these codebooks are 
used for this all subbands individually. 3-level 2-D DWT is 
applied to images because the low frequency subband, 
which contains the maximum energy content of the original 
image, becomes of smaller size so that in case of vector 
quantization this subband is treated with a codebook size 
of 7-bits only. These vector indices are subjected to 
Huffman coding [6] for improving the compression ratio of 
the transmitted data.  Whole compression process of this 
work is divided into three steps, i) Codebook generation, 
ii) Encoding of the original image and iii) Decoding of the 
image. All of these steps will now be discussed. The 
proposed method uses a total of twenty codebooks, ten 
codebooks for original image reconstruction and other ten 
are used to reconstruct the error images.  
 
Algorithm 
Step 1: 
Initial image= Input image; 
Input image→10 sub-images using 3-Level DWT; 
For (each of 10 image) 

Vector quantization using separate codebook 
foreach subband; 

Codebook indices are now Huffman coded and 
then transmitted to the decoder; 
End; 
If (PSNR < Threshold Th) 

Move to step 2; 
Else 

Stop; 
End; 
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Step 2: 
At the encoder end 
Initial image (I.I) = obtained subbands; 
For (each image) 
 Subbands are reconstructed→ this is the 
reconstructed image (R.I); 
End; 
goto step 3; 
Step 3: 
Image Error (I.E) = Difference between I.I and R.I; 
These I.E’s (Ten error subbands)→ Vector Quantized 
using the error codebooks (Ten different error codebooks 
used); 
Error Codebook →Huffman coding →transmitted to the 
decoder; 
Again at the encoder end  
Using these error codebooks I.E’s are reconstructed = 
R.I.E; 
R.Inew=R.I + R.I.E; \\ Recalculate the new Reconstructed 
image 
If (PSNR<Th) 
If No. of Iteration < 3 

Goto step 3; 
Else 

Stop; 
End; 

Stop; 
End; 
C. Codebook Generation  
In the codebook generation step (i.e. the training stage) 
four different standard images (namely Lena, Couple, 
Frog, and Baboon) are used to generate ten original 
codebooks and also ten error codebooks are generated in 
this step.3-level 2-D DWT is applied to each of these 
original training images in all ten codebook generation 
step. These generate ten wavelet sub bands for each of the 
original images. Similar sub bands of each image are then 
combined to form a single frame and this frame is then 
considered as a new image.  Therefore there are ten 
separate images available at this stage. Using these ten 
separate images, ten separate codebooks are generated 
using SOFM. Then in the error codebook generation step, 
using these generated ten codebooks ten sub band images 
are vector quantized and then these sub bands are 
reconstructed. These ten reconstructed images are then 
compared with the original ten images in the wavelet 
domain; the error of this comparison was taken to generate 
the error codebooks. In this case SOFM or Modified 
SOFM is used.  
D. Encoding and Decoding 
In this step, 3-level 2-D DWT is applied to the test image 
(i.e. the image to be compressed). Then each of these 
available ten subbands is vector quantized using the 
original codebooks, so that separate codebook is used for 

different sub bands. The codebook indices of this VQ 
process are transmitted to the decoder after Huffman 
coding. At the encoder end image is reconstructed using 
the transmitted image indices and peak signal to noise ratio 
(PSNR) of this transmitted image is calculated to test the 
image quality. If the calculated PSNR is higher or equal to 
the desired PSNR then the process ends, otherwise the 
iterative error correction method is executed. In this 
iterative error correction method, error between the 
original image and the reconstructed image (I.E), is 
calculated in the wavelet domain. Vector quantization 
using the available error codebooks is then applied to these 
subband errors between the original and reconstructed 
image (R.I.). Error codebook indices are also transmitted 
to the decoder after Huffman coding. The transmitted error 
image is reconstructed from the transmitted error codebook 
indices (at the encoder or transmission end). Then the 
reconstructed image errors (R.I.E) are added 
(algebraically) to the previously reconstructed image, and 
thus R.I. is modified. This iterative error correction 
process continues until the PSNR of the modified 
reconstructed image is larger than or equal to the desired 
PSNR or the maximum number of iteration (considering 
the case of infinite loop, the iteration process stopped by 
force at the third iteration) is reached.  In the decoding 
phase the decoder first receives the Huffman coded bit-
stream of the VQ indices corresponding to the original 
wavelet coefficients from the channel. It then reconstructs 
the codebook indices of the different wavelet sub bands. In 
the initial stage the receiver receives the reconstructed 
image and successively in the later steps the receiver 
receives image errors (actually it receives Huffman coded 
image errors, and reconstructs the image error coefficients 
from these Huffman coded indices). The receiver adds 
(algebraically) the received errors of each sub band. In the 
final step the image is reconstructed using 3-level inverse 
2-D DWT.  

4. Experimental Results 
In order to evaluate the performance of the proposed 

approach of image compression using modified SOM 
algorithm based vector quantization two standard images 
are considered. The work is implemented using MATLAB. 
Lena and Cameraman are the two standard images used to 
explore the performance of the proposed approach of 
image compression. The experiments are carried out with 
the number of clusters of 4, 8, 16, 32 and 64. The 
evaluation of the proposed approach in image compression 
was performed using the following measures,  
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These three factors will decide about the image noise 

ratio, retrieval quality and ratio of compression for the 
digital image. The PSNR is most familiarly used as a 
measure of quality of reconstruction of lossy image 
compression. The MSE (Mean Square Error) is the 
cumulative squared error between the compressed and the 
original image, whereas PSNR is a measure of the peak 
error. 

The experimental results that evaluate the performance 
of the proposed approach by comparing it with the self-
organizing map are tabulated. Table 1 shows the 
experimental results applied for Lena image and table 2 
shows the experimental results of proposed approach 
applied for Cameraman image.  

From table1 and table 2, it can be observed that the bits 
per pixel (bpp) are more for the proposed modified SOM 
when compared to the standard SOM. That is bpp for Lena 
image using modified SOM is 1.84, 2.54, 4.62, 5.12 and 
6.76 for cluster size 4, 8, 16, 32 and 64 respectively, 
whereas in standard SOM less bpp is obtained. With this 
analysis it can be said that the bits obtained after 
reconstruction of compressed image will be similar to the 
original image which undergoes compression. 
Then if PSNR is considered, the proposed modified SOM 
produces PSNR value as 22.15,23.14, 24.23, 26.78 and 
28.32 for cluster size 4, 8, 16, 32 and 64 respectively, 
whereas in standard SOM the PSNR value is minimum 
when compared with proposed one. This clearly indicates 
that the noise produced in reconstructed image after 
compression will be minimum than the noise obtained in 
the previous methods 

Table.1  Experimental Results for Lena Image 
Number 

of 
Clusters 

bpp PSNR (dB) MSE 

Modified 
SOM 

Standard 
SOM 

Modified 
SOM 

Standard 
SOM 

Modified 
SOM 

Standard 
SOM 

4 1.84 1.70 22.15 19.24 503.89 342.45 

8 2.54 2.17 23.14 21.33 368.65 187.24 

16 4.62 3.82 24.23 22.42 210.42 97.24 

32 5.12 5.66 26.78 24.22 111.81 62.21 

64 6.76 4.26 28.32 27.10 46.42 36.97 

Table.2 Experimental Results for Cameraman Image 
Number 

of 
Clusters 

bpp PSNR (dB) MSE 

Modified 
SOM 

Standard 
SOM 

Modified 
SOM 

Standard 
SOM 

Modified 
SOM 

Standard 
SOM 

4 2.32 1.79 23.65 20.67 453.34 402.52 

 8 3.34 3.25 24.77 22.65 199.68 190.54 

16 4.54 4.32 25.72 25.76 117.84 109.63 

32 5.11 5.03 27.91 26.04 68.94 84.32 

64 7.47 5.78 30.88 27.57 48.52 73.98 

 
Then the Mean Square Error is considered for analysis. 
From table 1 and 2 , it can be observed that Mean Square 
Error (MSE) for Lena image using modified SOM is 
higher than the standard SOM (ie,. 503.89, 368.65, 
210.42,111.81 and 46.42 for cluster size 4, 8, 16, 32 and 
64 respectively for modified SOM, whereas 342.45, 
187.24, 97.24, 62.21 and 36.97 in case of standard SOM). 
As the cumulative squared error between the compressed 
and the original image is minimum in the proposed 
approach, it reduces the possibility of increasing the noise 
ratio for the decompressed image 
Figure 1 Lena Image    

(a)                     (b)                           (c) 

   
 (a) Sample                       (b) Resultant image       (c) Resultant image  

                                          by existing approach       by proposed approach 

Figure 2 Cameraman Image                
(a)                      (b)                          (c) 

   
 Cameraman Image               Resultant image                 Resultant image                              
                                            by existing  approach           By proposed approach 
 

The Lena and Cameraman Image given for compression 
and the decompressed image by the existing and the 
modified approaches are presented above. Figure 1(a) and 
2(a) shows the sample input image of Lena and 
Cameraman respectively and the retrieved image when the 
existing and proposed approaches used for compression 
are given in Fig (b) and (c) respectively. The experimental 
results of the proposed approach of image compression 
using modified self-organizing feature map algorithm 
based vector quantization codebook generation revealed 
the fact that the compression ratio of the proposed 
approach is high when comparing with other conventional 
image compression techniques. The decompressed image 
obtained when the proposed approach used resembles the 
original image. Thus the proposed approach performs 
better than the other image compression techniques. 
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5. Conclusion 
Self-organizing map is a popular learning based method 

and has been widely applied for image compression. This 
proposed paper introduced a modified self-organizing map 
algorithm for image compression. This modification 
overcomes the limitation of the standard SOM algorithm. 
The Vector Quantization (VQ) codebook is generated by a 
modified SOM algorithm. This proposed paper modifies 
the standard SOM algorithm that integrates both the local 
and the non-local information into the standard SOM 
algorithm using a novel dissimilarity index in place of the 
usual distance metric. To evaluate the performance of 
SOM based vector quantization for image compression 
some standard image set are considered. The experimental 
results revealed the fact that the compression ratio of the 
proposed approach is high when comparing with other 
conventional image compression techniques. The major 
limitation of the proposed approach is that it is 
computationally expensive, and this may limit its 
applicability to large 3D volume data. Implementation of 
some suppression technique during the process of iteration 
helps to overcome this limitation. The future work relies 
on implementing a suppression technique that can reduce 
the number of iterations and increase convergence speed of 
our proposed algorithm effectively. 
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Abstract 
Clustering technique is mainly focus on pattern recognition for 
further organizational design analysis which finds groups of data 
objects such that objects in a group are similar to one another and 
dissimilar from the objects in the other group. It is important to 
preprocess data due to noisy data, errors, inconsistencies, outliers 
and lack of variable values. Different data preprocessing 
techniques like cleaning method, outlier detection, data 
integration and transformation can be carried out before 
clustering process to achieve successful analysis. Normalization 
is an important preprocessing step in Data Mining to standardize 
the values of all variables from dynamic range into specific range. 
Outliers can significantly affect data mining performance, so 
outlier detection and removal is an important task in wide variety 
of data mining applications. k-Means is one of the most well 
known clustering algorithms yet it suffers major shortcomings 
like initialize number of clusters and seed values preliminary and 
converges to local minima. This paper analyzed the performance 
of modified k-Means clustering algorithm with data 
preprocessing technique includes cleaning method, normalization 
approach and outlier detection with automatic initialization of 
seed values on datasets from UCI dataset repository. 
 
Keywords: Clustering, k-Means, Normalization Approach, 
Outlier Removal, Preprocessing. 

1. Introduction 

Data mining techniques automate the process to extract 
hidden patterns from the heterogeneous data sources and 
to analysis the results which is helpful to the organization 
for decision making with the development of number of 
technologies. Data mining is one of the most important 
research fields that are due to the expansion of both 
computer hardware and software technologies, which has 
imposed organizations to depend heavily on these 
technologies [1]. According to [2], the obtained clusters 
should react some mechanism at work in the domain from  
 

which instances or data points are drawn, a mechanism 
that causes some instances to bear a stronger resemblance 
to one another than they do to the remaining instances." 
Clustering is one solution to the case of unsupervised 
learning, where class labeling information of the data is 
not available. It is a method where data is divided into 
groups (clusters) which ‘seem’ to make sense. Clustering 
algorithms are usually fast and quite simple. They need no 
beforehand knowledge of the used data and form a 
solution by comparing the given samples to each other and 
to the clustering criterion [3]. Various clustering 
algorithms according to different techniques have been 
designed and applied to various data mining problems 
successfully. Accomplishment of clustering algorithms in 
many areas, it causes many precincts to the researchers 
when no or little information are available. There is also 
no universal clustering algorithm developed; that’s why it 
is very crucial job to choose appropriate clustering 
technique and algorithm considering above precincts. A 
good survey on clustering techniques and algorithms 
found in [4].  A simple and commonly used algorithm for 
producing clusters by optimizing a criterion function, 
defined either globally (over all patterns) or locally (on a 
subset of the patterns), is the k-means algorithm [5]. The 
k-Means algorithm [5] is effective in producing clusters 
for many practical applications. This algorithm results in 
different types of clusters depending on the random choice 
of initial centroids. Several attempts were made by 
researchers to improve the performance of the k-Means 
clustering algorithm. k-Means use Euclidean distance 
measure centroids of the clusters and distortion among the 
data objects. These distances are not computed from 
standardized data. In method of Euclidean distance, the 
measured distance between data objects is not affected by 
addition of new objects to the analysis [6]. Missing value 
is a common problem in almost every real world data. The 
presence of missing values in data results in datasets that 
[7] refers to as “incomplete” datasets since some 
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information will not be available. Data pre-processing 
techniques are applied on raw data to make the data clean, 
noise free and consistent. Data Normalization standardize 
the raw data by converting them into specific range using 
linear transformation which can generate good quality 
clusters and improve the accuracy of clustering 
algorithms. The outlier detection is searching for objects 
in the database that do not obey laws valid for the major 
part of the data [8]. In clustering, outliers are considered 
as observations that should be removed in order to make 
clustering more reliable. Different approaches have been 
proposed to detect outliers and some of these are discussed 
in literature survey explained in section 2. Section 3 
explains the traditional k-Means with pros and cons. 
Section 4 proposes modify k-Means clustering algorithm 
which detect outlier using 5-95% method, apply different 
normalization techniques like Min-Max, Z-Score and 
Decimal Scaling to improve the performance and accuracy 
of the k-Means algorithm. The proposed method first 
checks to ensure that the data apply to the algorithm are 
clean and standardized then apply 5-95% method which 
discard the data and consider it as outlier of the given 
dataset. Section 5 discusses the implementation of modify 
k-means and result analysis is done on dataset from the 
UCI dataset repository which shows that outlier detection 
and removal with normalization approach improve the 
effectiveness and performance of the modified k-Means 
clustering algorithm.  

2. Literature Survey 

Clustering algorithms generate clusters having similarity 
between data objects based on characteristics belongs to 
same cluster. Clustering is extensively used in many areas 
such as pattern recognition, computer science, medical, 
machine learning. Result of clustering is dependent on the 
type of data and application area. An outlier is an 
observation that deviates so much from other observations 
as to arouse suspicion that it was generated by a different 
mechanism [9]. In outlier detection methods based on 
clustering, outlier is defined to be an observation that does 
not fit to the overall clustering pattern [10]. This section 
discusses the various approaches proposed by many 
researchers to detect outliers in k-Means and other 
clustering algorithms to handle noise and generate 
successful results.  

Authors [11], proposed a new clustering based approach, 
which divides the stream in chunks and clusters each 
chunk using k-median into variable number of clusters. 
Instead of storing complete data stream chunk in memory, 
they replace it with the weighted medians found after 
mining a data stream chunk and pass that information 
along with the newly arrived data chunk to the next phase. 

The weighted medians found in each phase are tested for 
outlierness and after a given number of phases, it is either 
declared as a real outlier or an inlier. This technique is 
theoretically better than the k-means as it does not fix the 
number of clusters to k rather gives a range to it and 
provides a more stable and better solution which runs in 
poly-logarithmic space. This approach works only for 
numeric dataset. 

Ville Hautam aki et al. [12] proposed an Outlier Removal 
Clustering (ORC) algorithm which detects outlier and data 
clustering simultaneously. The method employs both 
clustering and outlier discovery to improve estimation of 
the centroids of the generative distribution. During the 
first stage of this algorithm, basic k-Means algorithm 
executes, while during the second stage it iteratively 
removes the vectors which are far from their cluster 
centroids. This approach outperforms, particularly in the 
case of heavily overlapping clusters. In this approach, 
setting of correct parameter depends on the type of dataset.  

Authors [13] have proposed shortest distance method for 
detecting outliers in k-Means and k-Medians clustering 
algorithm. In this algorithm, outliers are detected by 
computing its distance which is far away from the rest of 
the data objects in the dataset.  

Moh’d Belal and Al- Zoubi [14] have proposed an 
algorithm based on clustering approaches to detect 
outliers. This algorithm first performs the PAM clustering 
algorithm. Small clusters are then determined and 
considered as outlier clusters. The rest of outliers are then 
detected in the remaining clusters based on calculating the 
absolute distances between the medoid of the current 
cluster and each one of the points in the same cluster. This 
algorithm can be easily implemented on other clustering 
algorithms that are based on PAM. 

During the first phase of proposed two phase clustering 
algorithm [15], traditional k-Means algorithm is modified 
using a heuristic “if one new pattern is far enough away 
from all clusters’ centers, then assign it as a new cluster 
center”. As a result, data objects in the same cluster may 
be most likely all outliers or all non-outliers. During 
second phase of this proposed algorithm, Minimum 
Spanning Tree (MST) is constructed and removes the 
longest edge and small clusters are considered as outliers. 

3. Naive k-Means Algorithm 

This section discusses the working of traditional k-Means 
clustering algorithm. k-Means algorithm is one of the most 
popular clustering algorithms due to its efficiency and 
simplicity in clustering large data sets. In traditional k-
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Means algorithm, a set of data set D is classified using a 
certain number of clusters (k clusters) which are initialized 
apriori. It define k centroids, one for each cluster and then 
consider data object belonging to the given data set and 
associate this data objects to the closest centroid. 
Euclidean distance generally considered to determine the 
distance between data objects and the centroids [16]. First 
step is completed when there is no data object is remaining 
and early group is done. Here, there is need to re-calculate 
new centroids. After obtaining new centroids same data 
objects are binded with the closest centroid and generate a 
loop.  At the end of loop, k-centroids change their point 
step by step until centroids do not move any more. This 
algorithm works on basis of minimizing squared error 
function. k-Means algorithm suffers from the problems of 
giving number of clusters and initial seed values 
preliminary. The k-Means algorithm always converges to a 
local minimum and it depends on the initial cluster seed 
values. We have make modifications in traditional k-
Means algorithm to initialize the seed values with data 
preprocessing and data normalization techniques like Min-
Max, Z-score and decimal scaling to improve the accuracy 
and efficiency of traditional algorithm. Section 4 discusses 
the modifications in k-Means clustering algorithm with 
normalization approach. 
 

4. Modified k-Means Algorithm with Outlier 
Detection and Removal 

k-Means algorithm can generate better result after 
modification on the datasets. We apply the modified k-
Means algorithm with automatic initialization of number 
of seed values on river dataset for number of iterations and 
clusters and compute MSE. Next, we preprocess and 
normalize river dataset before apply on modify k-Means 
algorithm. This proposes method works in two stages. 
During the first stage, we preprocess the dataset then 
compute and discard 5-95% data from the dataset. Store 
and normalize these discarded data separately which we 
consider outliers and use it as new cluster with modified k-
Means algorithm. During the second stage, apply modify 
k-Means algorithm to remaining data to generate clusters. 
Block diagram and flow chart of the proposed modified k-
Means algorithm is shown in Figure 1 and Figure 2 
respectively: 

 

 
Fig. 1. Block Diagram of modified k-Means clustering algorithm with 

Outlier Detection 

 
Platform used: VB 6.0 and MS SQL Server 5.0 

Input: RIVER Datasets from UCI Machine Leaning  

 
Transform Module: This module accept the dataset in 
text format and convert it in database file. 

 

Fig. 2: Flow Chart of Modified k-Means with Outlier Detection and 
Removal 

 

Data Preparation Module: This module works in two 
parts. First, data preprocessing technique apply on the 
dataset received by transform module. The clean data is 
then passed to second part; Data Normalization which 
transform the clean raw data into specific range using 
different techniques.  

Data Pre-processing: This is a very important step since 
it can affect the result of a clustering algorithm. This 
module calculates tuples with missing values using 
different options like maximum, minimum, constant, 
average and standard deviation for the treatment of 
missing values tuples before we apply normalization 
approach on the dataset. This process gives the treatment 
of missing value data and then it applies to the second part 
(data normalization) of data preparation. 

Normalization Approach:  Data Mining can generate 
effective result if proper and effective data mining 
technique can apply to the dataset. According to authors 
[17], normalization is used to standardize all the features 
of the dataset into a specified predefined criterion so that 
redundant or noisy objects can be eliminated and use made 
of valid and reliable data which can effect and improve 
accuracy of the result. k-Means clustering algorithm uses 
Euclidean distance measures which are highly susceptible 
to inconsistencies in the size of the features. k-Means 
algorithm which is using Euclidean distance measure, data 
normalization is an essential step to prevent larger features 
from randomized value to the specific range. The 
importance of normalization is that it enhances the 
accuracy of the results that are obtained during clustering 
[18]. Better results are generated when data preparation 
with data preprocessing and normalization is carried out 
with different techniques. Data normalizations techniques 
include min-max normalization, Z-Score normalization, 
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and Decimal Scaling normalization. There is no 
universally defined rule for normalizing datasets and thus 
the choice of a particular normalization rule is largely left 
to the discretion of the user [17]. The proposed Mk-Means 
algorithm has utilized the three normalization techniques 
and compares analysis of achieved results. The Min-Max 
normalization technique involves the linear transformation 
on raw data. MinA and MaxA are minimum and maximum 
value for the attribute A. This technique maps the value of 
attribute A into range of [0, 1]. Equation (1) shows the 
computation of Min-Max normalization technique.      

 

Z-Score normalization technique is useful when the actual 
minimum and maximum value of attribute A are unknown 
the value of an attribute using standard deviation and 
mean of the attribute A. Equation (2) shows the 
computation of Z-Score normalization technique. In 
equation (2),  ,  and v are mean, standard deviation 
and value of attribute A. 

 

Decimal scaling normalization technique normalize the 
data by moving the decimal point of values of attribute A. 
Number of decimal points moved depends on the 
maximum absolute value of A.  Equation (3) shows the 
computation of decimal scaling normalization technique. 
In equation (3), v is the value of attribute A and j is the 
smallest integer where Max (v’) <1. 
 
Outlier Detection: Outliers detection is a task that finds 
objects that are dissimilar or inconsistent with respect to 
the remaining data. It has many uses in applications like 
fraud detection, network intrusion detection and clinical 
diagnosis of diseases. Clustering algorithms are frequently 
used for outlier detection. The clustering algorithms 
consider outlier detection only to the point they do not 
interfere with the clustering process. In this proposed 
approach, outliers are detected using 5-95% method in 
which 5% of data from minimum side and 5% data from 
maximum side are detected and removed from the dataset. 
The experimental results prove that Modified k-Means 
clustering algorithm with outlier detection and removal 
improves the accuracy and increases the time efficiency of 
Mk-Means algorithm. 

Run modified k-Means Algorithm: The modified k-
Means algorithm is implemented and applies it on River 
dataset which contains 133 tuples and 9 attributes.  We 
have applied this algorithm using two dimensional on 
RIVER dataset using 4 iterations and different number of 
clusters.  We have applied the same algorithm with data 
preparation (cleaning method) and data normalization 
techniques and compute the MSE for the same. 

5. Result Analysis 

To analyze the accuracy of proposed Mk-Means clustering 
algorithm, result is taken on River dataset from UCI 
machine learning data repository. Comparison of 
computed MSE of Mk-Means with computed MSE of Mk-
Means algorithm with cleaning method and various 
normalization techniques like Min-Max, Z-Score and 
Decimal Scaling is done on River dataset. This Analysis 
shows the best result for Mk-Means with normalization 
approach. Computed MSE and graph of proposed Mk-
Means algorithm with outlier removal and cleaning 
method is shown in Table 1 and Figure 3 respectively. 
Computed MSE and graph of Mk-Means with different 
normalization techniques like Min-max, Z-score and 
Decimal scaling is shown in Table 2 and Figure 4 
respectively. Computed MSE and graph of Mk-Means 
with different normalization techniques like Min-max, Z-
score and Decimal scaling and outlier removal is shown in 
Table 3 and Figure 5. If there are N tuples in the dataset, 
then, the similarity matrix can be computed in O(KNT). 
Let N is the number of tuples in the dataset. K is the 
number of clusters or centroids and T is the time to 
calculate the distance between to data objects. Time 
complexity of each iteration is O(KNT). I is the number of 
iterations in k-Means algorithm. So, during I number of 
iteration the time complexity of this algorithm is 
O(IKNT).  The performance analysis of modified k-Means 
clustering algorithm shows that decimal scaling 
normalization technique gives the best results for the 
modified k-means clustering algorithm and secondly min-
max data normalization generates the best results for 
modified k-means clustering algorithm. The analysis 
shows that outlier detection and removal with generates 
the best and most effective and accurate results than other 
techniques used in this paper. Comparison of MSE of 
proposed Mk-Means algorithm with MSE of Data 
Normalization techniques with Mk-Means algorithm. 
MSE of proposed modified k-means clustering algorithm 
with min-max, z-score and decimal scaling. Analysis 

(2) 

(1) 

(3) 
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shows that by applying data preparation techniques like 
cleaning method for missing value treatment, different 
normalization approaches and outlier detection and removal 
improve the performance of modified k-Means clustering 
algorithm. 

Table 1: MSE of proposed Mk-Means Clustering Algorithm  
with Outlier Removal 

 

 
Table 2: MSE of proposed modified k-means clustering algorithm with  

min-max, z-score and decimal scaling normalization techniques 

 

Table 3: MSE of Proposed Mk-Means algorithm with Outlier  
Removal and Normalization Techniques 

 

 
Fig 3: MSE of Mk-Means with Outlier Removal 

 

 
 

Fig 4: MSE of Mk-Means with Normalization Techniques 

 
 

Fig 5: MSE of Mk-Means with Outlier Removal and Normalization 
Techniques 

6. Conclusion 

Data Mining is the step in KDD to extract useful pattern. 
Clustering organize the data in group having similarity. k-
Means clustering is the well known partition based 
clustering algorithm. K-Means suffers from one of the 
problem of initializing seed values. This paper give 
explore of data mining and literature survey of methods 
proposed by many researchers to remove initialization 
seed values in k-Means. Real world data may be noisy, 
with missing values or inconsistent. There are a number of 
data preprocessing techniques to clean the data. Data 
cleaning can be applied to remove noise and correct 
inconsistencies in the data. Data transformations, such as 
normalization, may be applied to improve the accuracy 
and efficiency of mining algorithms. These data 
processing techniques, when applied prior to mining, can 
substantially improve the overall quality of the patterns 
mined and/or the time required for the actual mining. This 
paper also propose modifications in naive k-Means to auto 
initialize seed values with data preparation which 
preprocess the data with cleaning method and transform 
the data into specific range using min-max, z-score and 
decimal scaling data normalization techniques. Outlier is a 
noise in the clustering algorithm which is detected using 
5-95% method and removes from the dataset. Performance 
analysis of computed MSE for Mk-Means and Mk-Means 
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with three normalization techniques with outlier removal 
shows best and effective result for Mk-Means which 
generate minimum MSE and improve the efficiency and 
quality of result generated by this algorithm.  
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Abstract 
A power efficient scheduling scheme extending the life 
time of sensor nodes on wireless sensor networks has been 
proposed in this paper. This power efficient sleep 
scheduling algorithm is based on the connected dominating 
set approach. This approach first constructs a connected 
dominating set for parent selection and uses the conjugative 
sleep scheduler scheme for data aggregation. The re-
calculation of connected dominating set   when the node is 
in ON condition and in OFF conditions have been 
discussed. Finally, the performance of connected 
dominating set approach is compared with minimum 
spanning tree approach. By simulating the network with 
different node density, it is observed that, our proposed 
approach performs better than spanning tree topology. 
Whenever a sensor node fails or a new node is added to the 
network, the conjugative scheduling scheme evaluates the 
route maintenance. Remaining power levels of nodes have 
been examined in order to increase the network lifetime. 
 
Keywords: Sensor Networks, Data Aggregation, Power, 
Sleeping Schedule, CDS. 
 
1. Introduction 
Wireless Sensor Networks are powerful in that they are 
amenable to support a lot of very different real world 
applications They are also a challenging research problem 
in Engineering, because of their flexibility. In many WSN 
applications, individual nodes cannot easily be connected 
to a wired power supply. Hence, energy efficiency along 
with life time of a proposed solution has been a very 
important figure of merit as a long operation time is usually 
desirable. Realizing such a wireless sensor networks is a 
crucial step. 
  
Based on the application requirements, designing of 
wireless sensor networks is not unique.  Various sensor 

nodes that are sensed by the environmental monitoring are 
selected and placed at a base station where numerous 
processing can be carried out. Design of the sensor nodes 
varies accordingly so that in certain cases the possibility of 
recharge or replacement of batteries cannot take place. A 
common example of sensor networks allows the 
involvement of hundreds or thousands of sensor nodes 
from where any amount of information can be collected 
frequently. For the sake of end-user queries, the 
information collected can be processed further.  The data 
received can be combined to reduce the message size and 
further to reduce the communication overhead and energy 
consumption.  
In order to increase the life time of the network by finding 
an energy efficient routing scheme for accumulating all the 
data at the sink periodically, which is the main problem 
discussed in this paper. A simple way of doing that is 
aggregating the data. An important problem studied here is 
finding an energy efficient routing scheme for gathering all 
data at the sink periodically so that the lifetime of the 
network is prolonged as much as possible [1][2]. The life 
time of the network can be measured in terms of rounds 
where a round denotes the difference of the time taken 
between two sensing activities of the sensor nodes. Studies 
also show us that a protocol named Minimum Spanning 
Tree (MST) based routing provides good performance in 
terms of lifetime when the data is gathered with the help of 
aggregation. Here the authors proposed a new centralized 
protocol called PEDAP [3]. 
 
The proposed routing approach includes two phases and 
satisfies the requirements stated above. The first phase 
discusses the sparse topology over the visibility graph of 
the network in a localized manner. The second phase, 
computes the data gathering tree over the edges of the 
computed sparse topology. All the methods discussed 
above are based on flooding which is a special packet 
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which uses only the edges of the computed structure. Based 
on the results obtained the resultant decisions are made. 
  

2. Literature Review 
Several routing protocols have been proposed for data 
gathering without aggregation. 
 
2.1 Routing Protocols 
 
Shortest weighted path approach is one of the main 
methods using several combinations of transmission power, 
reluctance, hop count, and energy consumption metrics. 
Classical routing algorithms such as AODV [4] or Directed 
Diffusion [5] can be considered also for this case. As the 
transmission distance increases, this method is also not 
very efficient, since the transmission distances can be quite 
long and finding a minimum distance chain is very difficult. 
Results also shows that the protocol PEDAP which routes 
the packets on the edges of a minimum spanning tree 
improves the system lifetime when compared to its 
alternatives discussed by Tan and Korpeoglu [6].  
 
With the help of Prim’s MST algorithm [7], PEDAP 
protocol using the link costs computes the minimum energy 
cost tree. The MST algorithm helps to design a centralized 
algorithm that focuses at finding a spanning tree whose 
maximal degree is the minimum among all possible 
spanning trees, as the energy consumed at each node 
depends only on the number of messages received from 
children nodes, that is, on the number of children. As a 
result, these trees reduce the load on bottleneck nodes [8]. 
 
2.2 Power Efficient Topologies 
 
Discussion on energy efficiency of topologies using 
location information of one-hop neighbors for various 
topologies is available in the literature. A localized 
topology that helps to identify the shortest weighted path, 
called as enclosure graph, has been discussed by Rodoplu 
and Meng [9]. An edge eij is called as the enclosure graph 
if the direct transmission between node i and node j 
consumes lesser  energy than the total energy of all links of 
any path between them. When shortest weighted path tree 
uses routing without aggregation, the enclosure graph 
exhibits a good performance. The topologies that we have 
concentrated in this work are supersets of Euclidean MST. 
One among them is the relative neighborhood graph (RNG) 
[10].The main advantage of using structures like RNG and 
LMST [11] is that they can be constructed very efficiently 
in a localized manner. The deletions of nodes and additions 
of nodes do not change the structure globally. The changes 
to be performed in the structure are only local changes 
which can be efficiently computed [12] when a node fails 
or when a new node is introduced to the network. 

 
3. Efficient data aggregation for sensor 
networks with Connected Dominating Set. 
 
This section mainly focuses on formation of a dominating 
set [13]. The main objective of this paper is to combine the 
features of Connected Dominating Set (CDS) with 
conjugative sleep schedule algorithm. Some desirable 
features are: (1) The formation process should be 
distributed and simple. (2) The resultant dominating set 
should be connected and close to minimum. (3) The 
resultant dominating set should include all intermediate 
nodes of any shortest path. In order to achieve this, the 
following algorithm is proposed. 
 
Algorithm 
• Create a sorted sequence of edges based on their    

      transmission – reception energy loss. 
• Randomly shuffle the sequence of sorted edges. 
• Construct a spanning tree based on this shuffled   

      sequence of edges. 
•   Remove the edges that are in the previously     

       generated spanning tree(s) and obtain a   reduced  
       graph. 
• Repeat the above procedure on the reduced  graph and   

       generate spanning trees until no more spanning trees  
       can be generated. 
• The internal nodes of a spanning trees form  a Connected   

       Dominating Set (CDS).Select the root node to be the   
       node with the highest energy among the nodes in the  
       CDS and form a rooted directed tree among the CDS 
       nodes. 
•The rooted directed tree along with the links from the  

       leaf nodes to their nearest CDS node forms the  
       directed  graph tree. 
• Repeat the data gathering process  for every T rounds  

        and then switch to the next edge disjoint spanning tree  
        in the k- tree list. 
• Compare this approach with just a MST based DG tree   

        for every round. Choose the node with the highest  
        energy as the root and form a rooted directed tree. The 
        rooted directed tree along with the links from the leaf  
        nodes to their nearest CDS node forms the MST-  
        based DG tree . 

 
In order to construct CDS, the following two rules are 
followed. Consider G and G’ are the connected and 
disconnected dominating set respectively. In G’, v and u are 
two disconnected vertices .In order to reduce the size of a 
connected dominating set, Jie Wu et.al. Proposed two rules. 
For this, we first assign a distinct id, id(v), to each vertex v 
in G’ . N [v ] = N(v) U {v} is a closed neighbor set of v, as 
oppose to the open one N (v)  
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RULE 1: Consider two vertices v and u in G’. If N[v] 

N[u] in G and id(v) < id(u), change the marker of v to F 
if node v is marked, i.e., G’ is changed to G’ - {v}. 
 
RULE2: Assume u and w are two marked neighbors of 
marked vertex v in G’. If  in G 
and id(v) = min{id(v), id(u), id(w)}, then change the 
marker of v to F. 
 
 After developing a sparse topology, which is 
suitable for energy aware rooting, Relative Neighbor Graph 
(RNG) topology is developed. RNG needs only location 
information of 1- hop neighbors. It develops Localized 
Minimum Spanning Tree (LMST), which needs a second 
message for the sake of informing to local neighbors. 
 
3.1 Recalculation of Connected Dominating Set: 
 
There are two different topological conditions such as 
sensor node in ON condition and node is in OFF condition 
are considered for CDS recalculation.  
 
a) Sensor node Vs switch on.  
 When a node v switches on, only its non-gateway 
neighbors along with host 
V needs to update their status, because any gateway 
neighbor will still remain as gateway after a new vertex v is 
added. 
The corresponding marking process can be the following: 

(i) Node v broadcasts to its neighbors about its 
switch on.  
(ii) Each host exchanges its open 
neighbor set N (w) with its neighbors.  
(iii) Host v assigns its marker m (v) to T if 
there are two unconnected neighbors.  
(iv) Each non gateway host w E N (v) assigns 
its marker m (w) to T if it has two unconnected 
neighbors.  
(v) Whenever there is a newly marked gateway, 
host v and all its gateway neighbors apply Rule 1 
and Rule 2 to reduce the number of gateway hosts. 

 
b) Sensor Node Vs switch off.  
 
When a node v switches off, only gateway neighbors of that 
switched off host need to update their status, because any 
non-gateway neighbor will still remain as non-gateway 
after vertex v is deleted.  
The corresponding marking process can be the following: 

(i) Node v broadcasts to its neighbors about its 
switching off.  

(ii) Each gateway neighbor   
exchanges its open neighbor set N (W) with its 
neighbors. 
(iii) Each gateway neighbor w changes its marker 
m (w) to F if all neighbors are pair wise 
connected.  

 
Since the underlying graph G is connected, we can easily 
prove by contradiction that the resultant dominating set 
(using the above marking process) is still connected when a 
host (gateway or non-gateway) switches off. 
 
3.2 Data Gathering and Route Maintenance 
 
The job of the sensor node is to periodically sense its 
nearby environment and tries to generate the data that has 
to be sent to the sink. Transmission occurs only once in the 
sensor in a round robin fashion and saves its energy. Then 
we have to wait for all the data coming from its child nodes 
to aggregate the data coming from them together with its 
own data and then the aggregated data is send to the parent 
node [14]. Whenever the power-aware functions are used 
while considering route maintenance, there is a possibility 
of changes to takes place in routing plan and route re-
computation [15]. Next we broadcast a new ROUTE-
DISCOVERY packet with a new sequence ID. In the node 
addition process new node broadcasts a HELLO message 
[3]. The neighboring node updates the local structure and 
message is being replied to its neighboring node which 
helps to determine its neighbors. 
 
3.3 Conjugative Power Efficient Sleep Scheduling 
Scheme 
 
This phase discusses about the Conjugative sleep 
scheduling scheme in order to efficiently compute routing 
for the localized energy levels in wireless sensor networks. 
Better connectivity is being maintained which satisfies the 
user defined coverage target conjugative to the sensor node 
and the sink. The main job of sensor nodes is to give the 
feedback from the sink for the purpose of scheduling 
activity of the neighbors with the help of residual energy. 
Sleep scheduler mode reduces randomness in scheduling 
and the sleeping nodes run in a synchronized schedule. It 
also maintains a backbone composed of active nodes which 
deliver data to sleeping nodes when they wake up and 
bound the communication delay between any two nodes in 
the order of one duty cycle. Sensor node motion predicts 
future pickup points where the user expects a query result. 
In case of pre-fetching, the sensor nodes send pre-fetched 
messages to future pickup points ahead of time. In the sleep 
schedule mode, query dissemination is done for collector 
node which creates a routing tree, to alert the sleeping 
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nodes. The data collection is carried out by the waking up 
the nodes in time and send data to user through the tree 
 
3.3.1 Conjugative Sleep Schedule operation 

The conjugate transpose matrix of a-by-b matrix X with the 
complex entries is b-by-a matrix XT which is the transpose. 
It is an iterative method and can be applied to methods 
which have enormous data to be handled manually.  The 
resultant transpose matrix is applied with the complex 
conjugate for each entry. Here, we negate the imaginary 
parts without affecting the real parts. Defining the 
conjugate transpose as  
   
 (X T) mn = Negation (X mn)                       (1) 
 
where the subscripts denote the m, n-th entry, for 1 ≤ m ≤ a 
and 1 ≤ n ≤ b, and the negation denotes a scalar complex 
conjugate value. (The complex conjugate of x + iy, where x 
and y are real’s, is x − iy). We say that two non-zero 
vectors a and b are conjugate (with respect to X) if 

  a × b = 0                                                   (2) 
 
Further this conjugate relation is also a symmetric one. 
(i.e.) If x is conjugate to y, then y is conjugate to x.  
The operation of the sensor network involves two states: A) 
A state in which no target is involved. B) A state in which 
target is involved.  Our work involves energy efficient 
sleep scheduling algorithm for tracking state. We assume 
that all the nodes follow the random sleep technique. As the 
sleep pattern is random, all the nodes assume the same 
toggling period TC at the same time and each node 
calculates its own random starting time.   For instance, a 
node will wake up and keep active for TC * DC, and then 
enter the sleep state for TC * (1 - DC). 
 
 
3.3.2 Algorithm: Conjugative Power Efficient Sleep  
        Scheduling  
 
1. For each node n in the tracking neighbors do 
2. Compute the distance from the neighbors root node to  
      node n 
3. Compute tstart and tend. 
4. Compute the angle θ between the ‘root node ‘ and ‘node  
       n’ and the instant velocity v. 
5. Compute DCmax. 
6. Set the next cycle value as DCmax for node n. 
7. Set n’s duty cycle recovery number as Round  
    (Tend – Tstart) / TC where Round refers to the  
     rounding function and TC refer to Toggling  Cycle. 

8.   If Tstart = minimum_sleep_time then 
                     a. Set node n state as SLEEP 
                     b. Reset node n waking up state as Tstart 

 
 
 
 
3.4 Performance on Sensor Network Density and 
Power efficiency 
 
The performance measure of distributed adaptive sleep 
scheduling algorithm in wireless sensor network is 
performed by applying different density with the help of 
variation in the sensor nodes. With the help of centralized 
sleep scheduling algorithm the performance metric is 
measured. Network lifetime of about 92% is attained along 
with better energy savings.  
 
4. Experimental Results and Discussion on  
    Power Efficient Scheduler for Sensed Data 
    Aggregation 
 
The experimental evaluation starts from choosing the best 
parent selection strategy using CDS and then continue the 
data aggregation with sleep scheduler strategy. Running the 
experiments with the different topologies for our scenario 
with three parameters i.e., number of nodes N, maximum 
transmission radius R and side-length of the square area L. 
Another parameter defined in this topology is density d, 
which is defined as the average number of neighbors per 
node.  
 
Then generate a network with parameters N = 80,R = 30m, 
L = 120m. We repeated the experiments on this network 
with sleep scheduler topologies using spanning tree based 
parent selection methods. Then compare the efficiency of 
these two parent selection methods. We conducted 
experiments with different values of N, R and l.  
 
The life time of the network is obtained for various density 
set up. The results are tabulated in Table 1.. From the table 
it is clear that, the Conjugate Sleep Schedule algorithm 
with CDS extends the life time of the network as the 
density of the node increases. Both the attributes have been 
tested with CDS based routing tree construction and 
without CDS. 
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Table 1:  Performance Comparison   of Network Life Time  

 
 
 

               
     
 
 
 
 
 
 

Life Time comparison for variousnode density

0
20
40
60
80

100

10 20 30 40 50
Density

Li
fe

tim
e

Conjugate Sleep
Schedule

Conjugate Sleep
Schedule with
CDS

  
Fig 1. Effect of CDS based Conjugate Sleep Schedule on  
          Network Life Time 

 
Fig1.shows the performance of conjugate sleep scheduler 
scheme with CDS is better than conjugate sleep scheduler 
scheme with out CDS for increasing data nodes. As the 
area enlarges, connectivity decreases, and distances get 
longer induces the sensed data time reduction. 
 

 

 

Fig. 2: Mobility Vs data loss 

Fig.2 shows the simulation output of data loss for various 
mobility of nodes in WSN. The mobility factor of the node  

 
 

 
 

Table 2: Comparison of Data loss performance 

 
 
is measured in terms of meters per second which usually 
causes the loss of data being transited at higher levels if the 
messages are sent before data redundancy reduction 
process. While transmitting the data, several portions of 
data values gets aggregated and stored in aggregator node. 
After removing the redundant data, aggregator node sent 
data. As the mobility increases, data loss also increases. 
The performance results obtained through simulation on 
data loss characteristics during transmission scenario shows 
that Conjugate Sleep Schedule with CDS Scheme   
proposed in our work decreases the data loss compared to 
that of existing Conjugative Sleep Scheduling Scheme.  

Fig.3 depicts the output of the simulation by 
varying the number of nodes in WSN. There is an 
appreciable change in the throughput the of number of 
nodes. In our proposed scheme, due to the elimination of 
redundant data values, the load aggregation gets 
normalized, which in turn improves the throughput of the 
sensed data transmission to the sink. Fig. 3 shows that as 
the number of nodes increases, throughput decreases. By 
comparing it with Conjugative sleep scheduling model, the 
throughput is high when CDS is used. 

 

 
 

Fig 3. No. of Nodes Vs Throughput 
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Table 3: Throughput values of proposed and existing model 
 
 

 
 
5. Conclusion 
 
The conjugative scheduler scheme for data aggregation in 
wireless sensor network proposed an energy efficient 
routing approach. The properties of both connected 
dominating set and Minimum Spanning Tree for shortest 
path tree routing schemes are used. Results shows us that 
the life time increases with the application of CDS even 
though node density increases.. So sleep schedule 
algorithm with CDS is more suitable for the application 
requiring more life time.  
 
This paper combines the features of Connected Dominating 
Set (CDS) with Conjugative Sleep Schedule Algorithm. To 
update the connected dominating set, two different 
topological conditions are considered. An example of 
changing re-computation period dynamically in a 
centralized solution can be found in the area size and the 
maximum transmission range is usually set by the 
application itself. By the application of distributed sleep 
scheduling algorithm, performance improved on high 
density networks.  
 
Based on the simulation topologies and by variation of the 
sensor nodes to different densities (i.e., 20, 40, 60 and 80) 
the performance of conjugative power efficient scheduling 
scheme with and with out CDS is evaluated.  As a result of 
better lifetime, better energy savings achieved in wireless 
sensor networks.   
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Abstract 
Fingerprint recognition is one of the most promising and evergreen 
biometric recognition technique used presently. In this paper we have 
proposed Extended Fuzzy Hyperline Segment Clustering Neural 
Network (EFHLSCNN) with its learning algorithm, which utilizes 
fuzzy sets as pattern clusters. In this extended version of paper we 
have used Manhattan distance for calculating distance of hyperline 
segments. The performance of EFHLSCNN when verified with 
fingerprint feature vectors, it is found superior than fuzzy hyperline 
segment clustering neural network (FHLSCNN) proposed by 
Kulkarni and Sontakke in terms of higher recognition rate and 
generalization. 
Keywords: Biometrics, Pattern Clustering, Fuzzy Neural Network, 
FingerCode. 

1. Introduction 

Biometrics is the science of identifying individuals by a 
particular physical characteristic such as voice, eye, 
fingerprints, height, facial appearance, iris texture, or 
signature. Fingerprint based personal identification is routinely 
used in forensic laboratories and identification units around the 
world [1] and it has been accepted in the courts of law for 
nearly a century [2, 3]. Fingerprint features are permanent and 
fingerprints of an individual are unique [15]. Here in this paper 
we have used one of the most enthusiastic approaches to 
computer-based pattern recognition i.e.  use of fuzzy neural 
networks for clustering feature patterns. They have been 
successfully used in many pattern recognition problems [4], 
[5], [6].  
 
Cluster is a group of patterns having some common properties. 
Patterns can be grouped into clusters by some predefined 
criterion. As mentioned by Bezdek [7] the clusters can be 
formed according to some criterion like distance, angle, 

curvature, symmetry, connectivity, and intensity. Patterns 
which are similar are allocated to the same cluster, while the 
patterns which differ significantly are put in different clusters. 
Regardless of the clustering method the final result is always a 
partition of patterns in disconnected or overlapped clusters 
[10]. The choice of the proper grouping metric is only one 
aspect of the clustering problem. The fuzzy min-max (FMM) 
clustering and classification neural network algorithms [11], 
[12], with their representation of classes as hyperboxes in n-
dimensional pattern space and their conceptual simplicity 
simple but powerful learning process, provided a natural basis 
for our paper. The derivatives of the original FMM can also be 
found in [13] and [14]. U. V. Kulkarni and T. R. Sontakke [8] 
also have proposed FHLSCNN.  
 
In this paper they have used Euclidian distance for calculating 
distance between hyperline segments. In this extended version 
of FHLSCNN we have improved the recognition rate of 
patterns by using Manhattan distance metric. The patterns used 
for classification and clustering are of Poly U HRF Fingerprint 
database images of 320*240 sizes at 1200 dpi resolution. The 
feature extraction process is based on FilterBank based 
FingerCode feature extraction algorithm. In this algorithm they 
have used eight different values for with respect to the x -axis 

θ  
0 0 0 0 0 0 0 0(0 , 22.5 , 45 , 67.5 ,90 , 122.5 , 135 , and 157.5 ) . 

The normalized region of interest in a fingerprint image is 
convolved with each of these eight filters to produce a set of 
eight filtered features. These eight directional-sensitive filters 
capture most of the global ridge directionality information as 
well as the local ridge characteristics present in a fingerprint. 
The mean of each sector in each of the eight filtered features 
defines the components of FingerCode feature vector. 
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2. Topology of the EFHLSCNN 

The EFHLSCNN consists of three layers as shown in Figure 1. 

The RF  layer accepts an unlabeled input pattern and consists 

of n processing elements, one for each dimension of the 

pattern. The EF  layer consists of m hyperline segments that 

are constructed during training and each node is characterized 
by the extended hyperline segment membership function as 
shown in Figure 2. One connection represents one end point 
for that dimension and the other connection represents another 
end point of that dimension, for a particular hyperline segment 
as shown.  
The end points of hyperline segments are stored in V and W 

matrices. Each node of CF  layer represents a cluster and is 

constructed during training. The transfer function of CF  node 

performs the union of appropriate hyperline segments. The 

weights assigned between EF  and CF  layers are stored in the 

U matrix. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig. 1 Extended Fuzzy hyperline segment clustering neural network. 

 
 

 
 
 
 
 
 
 
 
 
 

 
 

 
Fig. 2 The plot of extended fuzzy hyperline segment membership function for 

11 =γ  with end points  w = [0.5 0.3] and v = [0.5   0.7]. 

3. The EFHLSNN Learning Algorithm 

The learning algorithm consists of three steps, creation of 
hyperline segments, clustering hyperline segments and 
intersection test. These three steps are described below in 
detail. 
Creation of hyperline segments: The maximum length of 
hyperline segment is controlled by the parameter,ξ , bounded 

by 0 1ξ≤ ≤ . The value of ξ  should be moderately high so 

that the created hyperline segments will include the patterns, 
which are close to each other and possibly falling in the same 

cluster. Assuming }{ | 1, 2,..,hR R h P∈ = , where 

( )1 2, , ..., n
h h h hnR r r r I= ∈  is the hth pattern belonging to the 

training set R , the learning process begins by initializing first 
hyperline segment by the first pattern and then applying 
unlabeled patterns one by one from the pattern set. The applied 
pattern is tested for inclusion by calculating the fuzzy 
membership value with the already created hyperline segments 
having same end points.  

Let ( )1 2, , ......,h h h hnR r r r=  is the hth input pattern, 

( )1 2, , .....,j j j jnV v v v=  is one end point of the hyperline 

segment je  and ( )1 2, , ......,j j j jnW w w w=  is the other end 

point of je . The fuzzy hyperline segment membership 

function of j th EF  node is defined as  

  
( ) ( )3

1, , 1 , , ,j h j je R V W f x lγ= −   (1) 

in which 1 2x l l= +  and the distances 1 2,l l and l are defined 

as (2), (3) and (4). 

Here in this paper we have used Manhattan distance for 
computing the values of 1 2,l l and l  as shown in equation 5, 6 

and 7 which has given best performance in comparison with 
Euclidian distance [8] as shown below. 
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and 3 ( )f ⋅  is a three-parameter ramp 
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The parameter γ  regulates how fast the membership value 

decreases when the distance between hR and je  increases. If 

the fuzzy membership value calculated is grater than or equal 
to ξ  for any one hyperline segment then the pattern is 

included by extending that hyperline segment else new 
hyperline segment is created.  

Clustering hyperline segments: The number of clusters 

constructed depends on the parameters 2α  and β , called as 

centering and bunching factors, respectively and the values of 
these parameters are problem dependent. The clustering 
consists of three steps, I: Determining the centroid, II: 
Bunching and III: Removal of bunched patterns and hyperline 
segments. These three steps are described below in detail. 

Determining the centroid: To determine the centroid of the 
cluster, all the patterns are applied to each of the hyperline 
segments and the patterns that give fuzzy membership larger 

than α  are counted for all hyperline segments. If je  is the 

hyperline segment with the maximum count then the centroid 
is computed as 

 
for( ) / 2 1, 2,.........., .ji jiw v i n+ =   (5) 

Bunching: The hyperline segments, which are falling around 
the centroid and give fuzzy membership value larger than β  

are bunched in a cluster. Thus the cluster boundaries (i.e. the 
number of clusters) are governed by the value of bunching 
factor. As the clusters are being formed the weights in U 
matrix are also updated as 

1 if is the hyperline segment

      of the cluster ,

0 otherwise

j

jk k

e

u c=







 (6) 

for 1, 2,.......,k p=  and 1, 2,.......,j m= . 

Removal of bunched patterns and hyperline segments: The 
clustered hyperline segments in previous step and the patterns 

included by these hyperline segments are eliminated. Thus, the 
next pass uses remaining unclustered hyperline segments and 
pattern set consisting of remaining patterns for clustering. 
These three steps are repeated till all the created hyperline 
segments are clustered.  

Let pR , cR  and nR  represent set of patterns used in the 

current pass, set of patterns clustered in the current pass and 
set of patterns that will be used in the next pass, respectively. 

Then nR  can be described as, 

{ }| andn p c n n p n cR R R R R R R R= − = ∈ ∉  (7) 

The nR  calculated in the current pass becomes pR  for the 

next pass. 

Each node of CF  layer represents a cluster. It gives soft 

decision and the output of kth CF  node represents the degree 

to which the input pattern belongs to the cluster kc . The 

transfer function of each CF  node performs the union of 

appropriate (of same cluster) hyperline segment fuzzy values, 
which is described as, 

1
max for 1, 2,........,

m

k j jk
j

c e u k p
=

= = .      (8) 

Intersection test: The learning algorithm allows the intersection 
of hyperline segments from the same cluster and eliminates the 
intersection between the hyperline segments from separate 
clusters. If the two hyperline segments from different clusters 
are intersecting then the intersection is removed by breaking 
one of the hyperline segment. 

4. Simulation Results 

The EFHLSCNN is trained with fingerprint feature vector data 
by setting 0.9α = , and 1γ = . The value of ξ  is set 

moderately large so that the EFHLSCNN algorithm will create 
hyperline segments of patterns possibly falling in the same 
cluster.  We have adjusted the value of α  close to one so that 
while computing the centroids, patterns falling around and 
close to hyperline segment are counted. These values have 
resulted in the creation of 295 hyperline segments. 
 
The performance of EFHLSCNN algorithm is tested with 
fingerprint feature vector data. The experiments are carried out 
with 0.9α = , 0.9ξ = , 1γ =  and by varying the bunching 

factor β . These results are tabulated in the Table 1. The 

centering and bunching factors are fixed to moderately high 
value so that EFHLSCNN creates hyperline segments of 
patterns possibly falling close to each other and belonging to 
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the same cluster and while finding the centroids it will count 
patterns falling around hyperline segment under consideration.  
As β  increases the number of hyperline segments bunched in 

cluster decreases, which leads to increase in number of 
clusters. The performance of EFHLSCNN algorithm is 
compared with FHLSNN [9], EFHLSNN [14] and FHLSCNN 
algorithm. The results are depicted in Table 2  

The experiments are carried out using fingerprint feature 
vector and the results obtained are tabulated in Table 2. The 
timing analysis is also depicted in Table 2. 

The FHLSNN algorithm created 200 hyperline segments when 
trained with the parameters 0.14θ =  and 1γ = . The results 

delivered by FHLSNN algorithm are tabulated in the first row 
of Table 2. This row indicates that the FHLSNN algorithm 
gives better results with less number of hyperline segments. 
 

Table 1: The percentage recognition rates obtained from EFHLSCNN 

algorithm using fingerprint feature vector with number of created clusters 

The results obtained from FHLSCNN algorithm for 268 
clusters are depicted in the third row of Table 2 with 87.75 
recognition rate with 5.133608 seconds recall time. The 
proposed algorithm gives the recognition rate of 100 percent 
with 128.9859 and recall time of 4.279710 which is less as 
compared to FHLSCNN.  

Table 2: The percentage recognition rates and timing analysis using 
fingerprint feature vector 

The results are depicted in fourth row of Table 2. The 
experimental result confirms that the EFHLSCNN algorithm 
generalizes well and yields highest average percentage 

recognition rates than the FHLSCNN algorithm except 
increase in training time and less recall time. 

These results indicate that EFHLSCNN algorithm gives best 
average percentage recognition rate as compared to 
FHLSCNN algorithms using Manhattan distance for 
calculating distance of hyperline segments. The improvement 
in generalization performance indicates that clusters are 
created properly in the pattern space. 

Finally, the Table 1 and 2 indicates that the results obtained 
using fingerprint feature vectors are superior in terms of 
recognition rate and generalization when we are solving 
clustering problems. 

5. Conclusions 

A new extended approach of clustering that utilizes hyperline 
segments as fuzzy sets that are aggregated into fuzzy set 
clusters with revision is introduced. The performance of 
EFHLSCNN algorithm is found superior compared to 
FHLSCNN algorithm when applied to clustering of fingerprint 
feature data.  

It is observed that the EFHLSCNN algorithm generalizes fit 
and produces highest average percentage recognition rates as 
compared with the FHLSCNN algorithm except increase in 
training time. 
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Abstract 
Exact and automatic recognition and authentication of users are a 
essential difficulty in all systems. Shared secrets like Personal 
Identification Numbers or Passwords and key devices such as Smart 
cards are not presently sufficient in few situations. What is required is 
a system that could authenticate that the person is actually the person. 
The biometrics is improving the capability to recognize the persons. 
The usage of biometrics system permits the recognition of a living 
person according to the physiological features or behavioral features 
to be recognized without human involvement. This leads to the world 
wide usage of biometrics to secure the system. The various 
biometrics used in securing system are fingerprint, iris, retina, etc. 
The construction of cryptographic key from biometrics is used 
generally to secure the system. The efficiency and the flexibility of 
the cryptographic make it suitable for securing purpose. In some 
times, biometrics can be stolen; this makes the attackers to access the 
system for any time. This problem is diminished in this paper by 
using two biometrics features. The biometrics used in this paper is 
fingerprint and iris. These two features are combined with the help of 
fusion algorithm. From the combined features, cryptographic key is 
generated. The experimental result shows that the proposed 
techniques results in better security than the existing techniques. 

Keywords—Biometrics, Cryptography Key Generation, Minutiae 
Points, Security Analysis 

1. Introduction 

Information security and privacy has become an important 
factor in the present world. Biometric recognition is one of the 
most important techniques for the security privacy due to its 
distinctive nature of biometric [5] traits such as fingerprints, 
iris and faces [7]. As a result, this technique is used with many 
other applications to enhance the security. Cryptographic 
techniques have gained its popularity due to its security 
purpose.  In the cryptographic technique the original data is 
encoded by using any key so that it is not in a understandable 
format for the attacker.  The original data can be obtained by 
decoding the encoded data using the same key. Thus the 
privacy is well protected in this cryptographic approach. 
Several cryptographic techniques like DES, AES and public 
key architectures like RSA are widely used for the 
authentication purpose. 

The characteristic feature of cryptographic security is 
conditioned by an authentication step that depends on long 
pseudo-random keys (128 bits in symmetric encryption), 
which are very impossible to keep in mind. This feature of 
inability to remember cryptographic keys [8] has been 
restraining the security of systems for a long time. The 
inability of human users to remember powerful cryptographic 
keys has been a feature restraining the security of systems for 
decades.  
 
It’s the natural tendency of humans to set passwords [6, 13] 
that are usually recognized or deduced by any social 
engineering methods. Typically people usually store keys in a 
place that is insecure and can possibly be shared among users 
and therefore it is not capable of ensuring non-repudiation. 
Moreover it’s a natural human tendency to use same keys or 
password for a variety of applications and as a result, if one 
system is hacked it is very easy to hack all the systems 
corresponding to that key. This practically reduces the security 
privacy and makes the work easy for the hacker. 
Cryptographic techniques when combined with the biometric 
approach are used to solve these problems and provide 
security. The cryptographic keys are produced from the 
biometric data and are used in the authentication checking. 
 
Biometric technique [17] provides the distinct characteristics 
of a person which is always prevalent. A person's individuality 
can be differentiated from one or more behavioral or 
physiological features by this authentication technique. 
Various techniques that are under the biometric research 
include facial, palm prints, retinal and iris scans, and hand 
geometry, signature capture and vocal features. 
 
Biometric cryptosystems is a new technique which combines 
biometrics and cryptography [2], and is popularly known as 
crypto-biometric systems. The integration of biometrics [16] 
and cryptography is broadly carried out in two distinct steps. 
In case of biometrics-based key generation, a biometric 
matching amid an input biometric signal and a registered 
template is utilized in the release of the secret key.  
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In biometrics resetting is very much complicated. One of the 
huge merits of the biometric data over time is its uniformity 
which is also the demerit at the same instant. In case of any 
conventional techniques, like credit card, it is possible to issue 
a new one, if it is lost.  But it is impossible to substitute the 
biometric characteristics and it is fully evident since it is not 
feasible to provide a person with a fresh biometric feature 
once it is stolen. 
 
This problem can be solved by the approach called cancellable 
biometric. This procedure uses a predefined transform and 
thus provides the intended and repeatable distortion of a 
biometric signal. This approach thus makes expose cross 
matching unachievable by facilitating the every incidence of 
enrollment to utilize a distinct transform. Furthermore, it is 
just enough to merely change the transform operation to 
produce a new variant for re-enrollment, if a variant of the 
transformed biometric data is comprised. Generally, the non-
invertible transforms are utilized for distortion. Thus it is 
impossible for the hacker or the unauthenticated user to 
recover the original biometrics without knowing the transform 
method and the resulting transformed biometric data.  
 
This paper uses two biometrics features to generate the 
cryptography key [3, 4]. The biometrics used in this paper is 
fingerprint [11] and iris [18]. These two biometrics features 
are combined using a technique called fusion. From these 
combined features, cryptography key is generated in this 
paper.  

2. Related Works 

The proposed work is inspired from a number of researches 
which are related to cryptography and cancellable biometric 
techniques. Goh and Ngo combined have proposed a new 
system based on face biometrics [5]. The work adopted the 
biometric locking approach of Soutar et al. Here the features 
are the Eigen-projections which are extracted from the face 
image, each of which is then mixed with a random string and 
quantized into a single bit. 
 
Cancellable biometrics gives a better performance of security 
as it facilitates with more than one template for the same 
biometric data. Ang et al. [1] proposed the measurement of the 
success of a particular transformation and matching algorithm 
for fingerprints. A key-dependent cancellable template for the 
fingerprint was produced by employing a key dependant 
geometric transform on the obtained fingerprint features. 
Besides, the performance evaluation of an authentication 
system that utilizes the cancellable biometric is studied and it 
was found that the performance of the cancellable biometric 
was significant.  
 
Hao et al. [10] presented a realistic and secure way to 
incorporate the iris biometric into cryptographic applications. 
They deliberated on the error patterns within iris codes and 

developed a two-layer error correction technique that merges 
Hadamard and Reed-Solomon codes. The key was produced 
from the iris image of the subject through the auxiliary error 
correction data that do not disclose the key and can be saved 
in a tamper-resistant token like a smart card. The evaluation of 
the methodology was performed with the aid of samples from 
70 different eyes, 10 samples being obtained from every eye. 
It was established that an error-free key can be reproduced 
reliably from genuine iris codes with a success rate of 99.5 
percent. It is possible to produce up to 140 bits of biometric 
key, more than adequate for 128-bit AES. 
 
An on-line signature-based biometric authentication system, 
where non invertible transformations were applied to the 
acquired signature functions ruling out the possibility to derive 
the original biometrics from the  stored templates at the same 
time maintaining the same recognition performances of an 
unprotected system was projected by Maiorana et al. Precisely 
the probability of producing cancellable templates from the 
same original data, thereby offering an appropriate solution to 
privacy concerns and security problems was intensely 
explored. 
 
Teoh et al. [15] have presented a two-factor cancellable 
formulation that facilitates data distortion in a revocable yet 
non-reversible manner by first converting the raw biometric 
data into a fixed-length feature vector followed by the 
projection of the feature vector onto a sequence of random 
subspaces that were obtained from a user-specified 
Pseudorandom Number (PRN). The process was revocable 
making the replacement of biometrics seem as easy as 
replacing PRNs. This formulation was confirmed under 
numerous scenarios (normal, stolen PRN, and compromised 
biometrics scenarios) with the aid of 2400 Facial Recognition 
Technology face images.A cancellable biometric approach 
called PalmHashing was projected by T. Connie et al. [5] in 
order to address the non revocable biometric issue. This 
technique hashes palmprint templates with a set of pseudo-
random keys to acquire a unique code known as the palmhash.  
 
A fuzzy commitment method working on lattice mapping for 
cryptographic key generation from biometric data was 
proposed later. Despite providing high entropy keys as output 
the method as well obscures the original biometric data such 
that it becomes unfeasible to recover the biometric data 
besides the stored information in the system being open to an 
attacker. Results of simulation illustrated that the method's 
authentication accuracy was analogous to that of the 
renowned. For cancelable biometrics, the main scheme is to 
store an irreversibly transformed version of the biometric 
template which provides a high privacy and security level by 
allowing multiple templates to be associated with the dame 
biometric data [7]. 
 
Jo et al. [12] proposed a simple technique for the generation of 
digital signatures and cryptography communication with the 
aid of biometrics. The generation of the signature is necessary 
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in such a way that it becomes possible to verify the same with 
a cryptographic algorithm in existence like the RSA without 
altering its own security constraint and infrastructure. 

3. Proposed Methodology 

Biometric cryptosystems combines cryptography and 
biometrics to afford the advantages of both for security. This 
technique will provide the advantages like better and 
modifiable security levels which are the advantages of 
cryptography and advantages like eliminating the must to 
memorize passwords or to carry tokens etc which are the 
advantages of using biometrics. This paper combines the 
features of fingerprint and iris and with that combined feature, 
cryptography key is generated. 

3.1. Feature Extraction from Fingerprint 

Figure.1 represents a general procedure of extracting the 
minutiae points from fingerprint taken from the user.  

 

 

 

 

 

 

 

 

 

 

Figure 1. Steps Involved in Extracting Feature Point 

A. Fingerprint Enhancement 
This is usually required process in creating a security system 

with the help of biometrics. This process includes subsequent 
processing on the gathered fingerprint image. Fingerprint 
consists of sequence of ridges and furrows on the finger 
surface. This provides the individuality of the users 
fingerprint. No two fingerprints can have the similar existence 
of ridges and furrows. Minutiae points are local ridge features 
that appear at either a ridge bifurcation or a ridge ending. The 
ridges hold the information of features mandatory for minutiae 
extraction. Hence the clarity of the ridge occurrences in a 
fingerprint image must be very important. The gathered image 

is then enhanced with the help of image enhancement methods 
in order to diminish the noise in the image. The image 
enhancement methods used to enhance fingerprint image are 
normalization, orientation estimation, local frequency 
estimation, Gabor filtering, and thinning. 

1 Normalization 
Normalization technique is nothing but the standardization 

of the intensity values in an image by altering the range of 
gray-level values with the intention that it occurs within a 
preferred range of values. Additionally the ridge structure in 
the fingerprint does not undergo any alterations in its structure 
because of this processing. This process is performed in order 
to standardize the dynamic levels of dissimilarity in gray-level 
values that assist the processing of subsequent image 
improvement processes. Figure 2 represents an image of the 
fingerprint before and after normalization.  

  

(a) (b) 

Figure 2. (a) Original Image (b) Image after 
normalization 

2 Orientation Estimation 
The orientation estimation is a necessary process in the 

improvement process as the successive Gabor filtering stage 
depends on the local orientation for the purpose of effectively 
improve the fingerprint image. Figure 3 (a) and 3 (b) indicates 
the outcome of orientation estimation and smoothed 
orientation estimation of the fingerprint image 
correspondingly. Other than the orientation image, another 
significant parameter that is utilized in the building of the 
Gabor filter is the local ridge frequency. 

  

(a) (b) 

Figure 3. (a) Orientation Image (b) Smoothened 
Orientation Image 

Biometric Image 

Preprocessing 

Minutiae Feature 
Extraction 

Mapping Function 

Normalization 

Orientation 
Estimation 

Frequency 
Estimation 

Filtering 

Thinning 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 351



3 Gabor Filtering 
As the ridge orientation and ridge frequency parameters are 

determined, the even-symmetric Gabor filter [9] can be 
created with the help of those parameters. Gabor filters are 
engaged since they contain frequency-selective and orientation 
selective assets. These assets permit the filter to be adjusted to 
provide maximal response to ridges at a particular orientation 
and frequency in the fingerprint image. Hence, a appropriately 
adjusted Gabor filter can be utilized to successfully maintain 
the ridge structures during noise removal process. Figure 4 
represents the outcome of applying Gabor filter to a 
fingerprint image. 

 

 

Figure 4. Filtered Image 

4 Thinning 
The final image improvement pace normally performed 

before minutiae extraction is thinning [14]. Thinning is a 
morphological process that consecutively takes away the 
foreground pixels till they are one pixel apart. By applying the 
thinning technique to a fingerprint image maintains the 
connectivity of the ridge structures during the formation of a 
skeleton stage of the binary image. This skeleton image is 
subsequently utilized in the following extraction of minutiae. 
Figure 5 shows the results of thinning to a fingerprint image.  

 

Figure 5. Thinned Image 

B. Minutiae Feature Extraction 
The next step is to obtain the minutiae from the thinned 

image. The most commonly used technique of minutiae 
extraction is the Crossing Number (CN) model. This process 
involves the utilization of the skeleton image in which the 
ridge flow pattern is eight-connected.  

The minutiae are obtained by examining the local 
neighborhood of every ridge pixel in the image by means of a 
3x3 window. The CN value is then calculated which is defined 
as partially the addition of the differences among the pairs of 
neighboring pixels in the eight-neighborhood. Figure 6 
indicates the list of minutiae in a fingerprint image. 

 

 

Figure 6. Minutiae extraction on a fingerprint image. 

C. Mapping Function 
The coordinate system utilized for the purpose articulating 

the minutiae point locations of a fingerprint is a Cartesian 
coordinate system. The X and Y coordinate of the minutiae 
points are in pixel units. Angles are represented in regular 
mathematical format, with zero degrees to the right and angles 
rising in the counter-clockwise direction. The obtained 
minutiae points are stored as below 

 

 

Feature Extraction from Iris 

Iris Localization and Normalization:  

Canny edge detection is performed mutually in vertical 
direction and horizontal directions of the provided iris image. 
The radius of the iris image is determined and provided to the 
Hough transform. For better accuracy, the Hough transform is 
carried out initially for iris/sclera boundary and then for 
iris/pupil boundary. The outcome of this step results in storing 
the radius and x, y parameters of inner and outer circles. 

Canny edge detection is utilized to build edges in horizontal 
direction and then Hough transform is applied on it. If the 
maximum Hough space is below the threshold then it indicates 
the non occlusion of eyelids. For isolating eyelashes it is very 
easy by utilizing thresholding. This is because they are darker 
while comparing with further elements in eye. The contrast of 
the eye image is improved with the help of histogram 
equalization. 
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Figure 7.Localized iris image 

The normal Cartesian to polar transformation is recommended 
which maps all the pixel in the iris area into a pair of polar 
coordinates(r, θ), where r and θ represents the intervals of [0 
1] and [0 2π ]. 

 

Figure 8. Normalized Iris 

D. Extraction of Lock/Unlock Data  
On the emphasized iris structures as a whole, the following 
order of morphological operations is utilized to mine the 
pseudo structures.  

• Close - by - reconstruction top - hat (figure 9(a))  

• Opening (figure 9(b)), area opening to remove 
structures in according to its size resulting image 
with structures disposed in layers (figure 9(c))  

• Thresholding is applied to obtain binary image. 

 
 

(a) Closing-by-tophat (b) Opening 

  

(c) Thresholded images 

Figure 9. Morphological operations on Iris Textures 

For suitable depiction of structures, thinning is utilized so 
that it presents all the structure itself as an agglomerate of 
pixels. It is represented in figure 10. 

 

Figure 10. Iris textures after thinning operation 

From the above iris rim containing iris pseudo textures, the 
polar coordinates of minutiae (nodes and end points of iris 
textures) are obtained by resizing the image into a standard 
format as represented in figure 11. 

 

Figure 11. Minutiae representation of Nodes and end points 
are shown in circles. 

These obtained Minutiae points are kept as 

 

 

Fusion of Biometric Features 

This phase will perform the fusion process for the gathered 
fingerprint and iris features. The input to the fusion process 
will be four vectors F1, F2, I1 and I2 which are obtained from 
fingerprint and iris. The steps involved in fusion of biometric 
feature vectors are as follows. 
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1. Shuffling of Individual Feature Vectors:  
 
The initial step in the fusion process is the shuffling of all 
the individual feature vectors F1, F2, I1 and I2. The steps 
for performing shuffling of vector F1 are as below, 

i. A random vector R of size F1 is created. The random 
vector R is controlled by the seed value. 
ii. For shuffling the ith component of fingerprint feature 
vector F1, 

a) The ith component of the random vector R is 
multiplied with a large integer value. 
b) The product value resulted is modulo operated 
with the size of the fingerprint feature vector F1. 
c) The obtained value is the index say ‘j’ to be 
interchanged with. The components in the ith and jth 
indexes are interchanged. 

iii. Step (ii) is repeated for all the component of F1. The 
shuffled vector F1 is indicated as S1. 
This procedure is repeated for all other vectors F2, I1 and 
I2 and represent it as S1, S2 and S3 respectively, where 
S2 is shuffled F2 and S3 is shuffled I1. The shuffling 
process results with four vectors S1, S2, S3 and S4. 
 

2. Concatenation of Shuffled Feature Vectors:  
 
The next process is to concatenate the shuffled vectors 
process S1, S2, S3 and S4. In this process, the shuffled 
fingerprints S1 and S2 are concatenate with the shuffled 
iris features S3 and S4 correspondingly. The 
concatenation of the vectors S1 and S3 is performed as 
below: 

i. A vector M1 of size |S1| + |S3| is generated and its initial 
|S3| values are filled with S3. 
ii. For all the components in S1 ,  

a) The equivalent indexed component of M1 say‘t’ is 
selected. 
b) Logical right shift operation is performed in M1 
from index‘t’. 
c) The component of S1 is inserted into the emptied 
tth index of M1. 

The above mentioned procedure is performed among 
shuffled vectors S2 and S4 to obtain a vector M2. In this 
manner, the concatenation process yields two vectors M1 
and M2. 
 

3. Merging of the Concatenated Feature Vectors:  
 
The final process in creating the biometric template BT is 
the merging of two vectors M1 and M2. The process for 
merging the concatenated feature vectors is provided 
below. 

i. For all the component of M1 and M2,  
a. The components M11 and M21 are converted into 
their binary form. 

b. Binary NOR operation is carried out among the 
components M11 and M21. 
c. The obtained binary value is then transformed back 
into decimal form. 

ii. These decimal values are stored in the vector BT that 
serves biometric template. 
 

3.2 Generation of Cryptographic Key from Fused 
Features 
 
The final process of the proposed technique is the creation of 
the k-bit cryptographic key from the obtained biometric 
template BT. The template vector BT can be indicated as, 
 

 
The set of different components in the template vector BT are 
recognized and are stored in another vector UBT. 
 

 
 
The vector UBT is then resized to k components appropriate 
for creating the k-bit key. The resize procedure utilized in the 
proposed technique is 
 

 
 
Where, 

 
 
Finally, the key KB is created from the vector B, 
 

 
This finally obtained key serves as an authentication key for 
the individual in the system. This key is definitely very 
difficult for the theft to generate. Therefore, a better secure 
system is created using the proposed technique. The 
evaluation for the proposed technique is provided in 
experimental result section. 

4. Experimental Results 

This section provides the evaluation of the proposed 
biometrics techniques. The fingerprint and iris are obtained 
from 100 persons are used for evaluation. Then the feature 
points are obtained from the gathered biometrics using the 
techniques presented in this paper. The biometrics features are 
obtained for fingerprint and iris separately. Then, these 
fingerprint features and iris features are combined using the 
technique fusion. The fusion process is carried out according 
the fusion method presented in this paper. Then the proposed 
system is evaluated using the parameters such as False 
Rejection Rate (FRR) and False Acceptance Rate (FAR) 
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Table 1: Average False Rejection Rate (FRR) (%)  
Comparison 

User 
 

Fingerprint 
 

Iris Proposed 

1-10 92.9 89.5 85.6 

11-20 92.1 89.6 84.6 

21-30 93.6 89.9 85.1 

31-40 94.5 92.1 86.2 

41-50 92.8 90.6 86.7 

51-60 89.6 87.6 84.2 

61-70 90.6 89.4 83.5 

71-80 92.7 90.9 84.1 

81-90 91.1 90.1 85.6 

91-100 91.6 89.2 85.1 
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Figure 12. Resulted False Rejection Rate  

 

Table 2 .False Acceptance Rate (FAR) (%)  Comparison 

User 
 

Fingerprint 
 

Iris Proposed 

1-10 0.45 0.39 0.11 

11-20 0.42 0.38 0.12 

21-30 0.43 0.39 0.09 

31-40 0.39 0.38 0.11 

41-50 0.38 0.37 0.08 

51-60 0.39 0.37 0.08 

61-70 0.44 0.41 0.09 

71-80 0.41 0.38 1.02 

81-90 0.39 0.37 1.12 

91-100 0.40 0.39 0.98 
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Figure 13. Resulted False Acceptance Rate  

Table 1 and figure 12 shows the resulted False Rejection Rate 
(FRR) for the proposed and existing technique. From the 
result, it can be observed that the proposed technique results in 
lesser False Rejection Rate when compared to the existing 
technique. Table 2 and figure 13 shows the resulted False 
Acceptance Rate (FAR) for the proposed and existing 
technique. From the result, it can be observed that the 
proposed technique results in lesser False Acceptance Rate for 
all the persons, whereas the existing techniques results with 
higher percentage of False Acceptance Rate. From all the 
results obtained, it can be said that the proposed technique 
results in better security than the existing technique. 

5. Conclusion 

Securing the information system becomes most challenging 
task because of the increased number of theft. The 
conventional security system uses password or security key 
for authentication; but those password and security key can be 
easily stolen by the theft. To overcome these issues, 
biometrics of a person is used to secure the system. But, if the 
biometrics is stolen one time, it can be used by theft to access 
the system until it exists. This provides huge difficulty for the 
researchers to develop a new secure technique. One solution to 
this problem is usage of more than one biometrics for securing 
the system. This is because it is mostly impossible for the theft 
to steal more than one biometrics. This paper used fingerprint 
and iris biometrics to secure the system. The features obtained 
from these two biometrics are combined using fusion 
technique. From these fused features, cryptographic key is 
generated which is more secure than other techniques. The 
experimental result shows that the proposed security scheme 
results in better security than the existing techniques.  
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Abstract 
Paper describes the method of sending colorful images and 
animations through SMS (Short Message Service) over GSM 
(Global System for Mobile Communications) network.  
Presented method has two main blocks; first block converts 
images or animations into characters. And second block applies 
Huffman coding compression method on those characters and set 
them as a payload text of SMS. Generally, SMS is text based 
service and cannot send multimedia contents.  
 
For delivering multimedia contents, two other services are 
utilized which are; MMS (Multimedia Messaging Service) and 
EMS (Extended Messaging Service). EMS is an application level 
extension; can transfer predefined sounds, animations and images 
etc. But a drawback is that EMS is not supported as widely as 
SMS. On the other hand, MMS have richer contents than SMS 
and EMS. But for large files it needs higher network capability 
like 3G etc. Enabling colored images (raster/vector) and 
animation features in SMS we develop an application using 
J2ME platform.  
Keywords: GSM (Global System for Mobile Communications) 
network, SMS (Short Message Service), Raster and Vector 
Images, Animations, Huffman Coding compression.  

1. Introduction 

GSM network provides different services which can be 
grouped in three major categories; Tele services (TS), 
Bearer services (BS) and Supplementary services (SS). 
Short messaging service belongs to the BS category [1]. 
Generally, GSM has three types of messaging services; 
SMS, EMS and MMS [1-3]. SMS is text based service and 
its size is limited to 140 bytes or 160 characters. And those 
characters should be alphanumeric or binary non-text only 
[3]. On the other hand, EMS is an application level 
extension of SMS. And it can transfer richer contents; 
predefined sounds, animations, images etc. But a drawback 
is that EMS is not supported as widely as SMS, and it’s all 
content is present in message header which will be ignored 
in unsupported mobile phones [4].  

 
For richer contents delivery, MMS service is used. MMS 
can transfer videos, sounds, pictures, animations etc. MMS 
size may be up to 1000 bytes, but for delivering such a 
large size files it needs higher network capability like 3G, 
Edge. Enabling MMS service may need enhancement in 
existing network infrastructure, new billing structure, 
content adaption and mobile capability (must support 
MMS service) etc [5].  
 
In this paper we present a method which enables 
transferring of color images and animations through SMS. 
For this we develop an application which brings this 
feature in all GSM devices, even those which does not 
have EMS/MMS/GPRS/EDGE or other 3G, 4G capability. 
In this method, our main focus is to reduce hardware 
dependencies (as in case of MMS and EMS) and provide 
an alternative method of transferring one’s emotion and 
pictures to the receipts. This Paper is divided into 
following sections. Section 2 described related work 
section 3 is about proposed methodology, section 4 
discusses the results and lastly we conclude the paper. 

2. Related Work 

[6] discuss the method of transferring Stereo images 
through SMS over GSM network. In this method, authors 
convert the stereo images into characters and then set these 
characters as a payload text of SMS. They also compared 
the lightening effect on stereoscopic images. Image 
displaying with cordless phone is presented in [7]. It is a 
standalone image display device which has telephone and 
internet capability. [8] presents a method of sending and 
displaying animation through SMS over GSM network. 
Major information required for animated SMS are user 
identification number and animation flag. User 
identification number is used to identify the receiving 
party, flag value determined that SMS has animation or 
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not. If yes than specify content pointer location value 
which suggests animation location at receiver side and 
animation type.  
 
[9] is about transferring voice through SMS. They test their 
method with three different formats; PCM, ULAW and 
AMR. And results suggested that their method could be 
improved by using compression method. [10] Discuss the 
method of transferring voice using SMS. In this, first get 
the utterance generated by the encoder card which present 
in a mobile phone, then converts it into non text 
representation and insert that text into the body of SMS. 
Reverse procedure is done on received data after receive 
the SMS at receiver end.  [11] discussing the new J2ME 
RMI package, which makes use of object compression in 
order to minimize the transmission time. RMI EOP makes 
use of GZip and PPM for object compression.  

3. Proposed Methodology 

If user wants to send colored still and animated images, 
just browse the content through mobile application and 
press ‘send’ button. Our application hides the procedure 
which converts the selected content into SMS. Application 
has two main components; first component converts the 
selected content into characters and second component 
applies Huffman Coding compression and after that it set 
those characters as a payload text of SMS. First component 
has following steps;  
1. first,  it checks the type of selected content and then 

saves the content into signed 
ByteArrayOutputStream. 

2. In second step, converts that ByteArrayOutputStream 
into unsigned integer array. 

3. Now, convert unsigned integer array into their 
respective Extended ASCII character. But 
practically, some ASCII character values cannot send 
through SMS. Those ASCII character values  are 0-
31, so add 256 in those values which falling in the 
range to move them on to the range 256 to 287 and 
then converts each integer value into their respective 
Extended ASCII character. 

 
Second component of application has following steps;  
1. First, it takes input of first component and applies 

Huffman Coding compression method. 
2. After compression, convert these compressed 

characters into strings. 
3. Lastly, set these strings as payload text of SMS. 

There is huge possibility that those strings may 
consume multiple number of messages; so keep the 
order of SMS, we reserved first three characters 
which gives 0-999 indexing. Now add index number 
to all consumed SMS.  

 
When SMS received at receiver side, our application 
buffer all incoming messages in order with the help of 
message index number. Now extract data from SMS and 
apply all above procedures in reverse order. After this an 
image or animation will displayed in a mobile screen. Fig 
1 shows the sending procedure of an image/ animation.  

 

Fig. 1sending procedure of an image/ animation 

4. Results, Discussion and Comparison 

We developed an application using J2me platform and 
used Nokia 3110c mobile phones for testing. In this we 
consider 3 main factors, number of characters, number of 
connected messages (concatenated message) and unique 
colors. As SMS has limited data size, solution of this 
limitation is concatenated SMS [12]. Generally, there are 
two major image formats; Raster and Vector.  For 
experiment, we used both image formats.  Fig 2 shows the 
test structure which we conducted. 
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Fig. 2 Test hierarchies 

Raster images are consists of pixels. Each pixel contains 
value which represents the brightness of image at any 
specific point. Two dimensional array of integer is used to 
store raster image, known as raster map. One drawback of 
raster image is that, they cannot scale up very well because 
it’s directly effects the image quality. In contrast, vector 
images are consists of lines and curves which are points 
having direction and length. Vector images have small size 
than raster images because they does not keep track of 
small pixels as raster images do and they can easily scale 
up without compromising the quality [13]. In case of raster 
file format, we selected the three formats which are GIF, 
JPEG and PNG and for vector [15] we selected SVG and 
SVGZ formats. 

4.1 Images Results 

During experiment, for Raster format we keep track of four 
elements; image resolution, number of supported/unique 
colors, number of characters and number of connected 
messages. On other hand for vector images we focused on 
number of characters and number of connected messages. 
In case of raster, we select Lena image in JPEG, GIF and 
PNG formats respectively. Such images are taken from 
photo database [14].  

We divided the experiments in two cases; with 
“WHCoding” and without “WOHCoding” compression.  
Fig 3 a, b and c represents the comparison of with and 
without compression. Fig 3 ‘a’ discusses the comparison of 
raster images in terms of characters. According to results 
JPEG format generates small number of characters. On the 
other hand PNG has highest number of characters.  

 
 

 
Fig 3a: Comparison of JPEG, GIF and PING in terms of Characters  

Fig 3 b and c discusses the compression of raster images in 
terms of unique colors and connected messages. Connected 
messages and characters are directly proportional to each 
other.  

 
Fig 3b: Comparison of JPEG, GIF and PING in terms of Unique Colors  

 
Fig 3c: Comparison of JPEG, GIF and PING in terms of Connected 

Messages 

Fig 4 a and b shows the comparison of both vector formats 
in terms of connected messages and number of characters, 
while number of unique colors is same for both formats. 
Results suggested that SVGZ takes smaller number of 
messages than SVG; because SVGZ is compressed SVG 
with most general compression technique. 
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Fig 4a: Comparison of SVG and SVGZ in terms of characters  

 
Fig 4b: Comparison of SVG and SVGZ in terms of connected messages  

4.2 Animation Results 

In second phase, we test our application with aniamtions. 
For this purpose, we select two aniamtions in SVG and 
GIF format. Table 1 shows the selected aniamtions. One 
important note: “GIF format is not supported by Microsoft 
Word, for this we convert such images in SWF format in 
order to show those images, similarly, SVG format for 
animation we convert it into SWF respectively”.    

Table 1: Selected animations   

 
Table 2 shows the results of animations. SVG based 
animation generates smaller number of characters and 
messages, while GIF based animation produce larger 
characters and messages. In case of compression, SVG 
shows better performance than GIF. Only 4 connected 
messages     
 
 
 
 

Table 2: Results of each animation without compression  

5. Conclusion 

This paper presents a method which can transfer color 
images and animations through SMS.  In this framework, 
our main focus is to reduce hardware and service 
dependencies, using existing GSM-SMS architecture. In 
other words, it is the only way of transferring images in 
absence of other services like, EMS, MMS, GPRS, and 
EDGE etc.  
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Abstract 

This paper attempts to present an Object-Net method for 
understanding the meaning of a natural language (i.e. English), 
and generate the SQL query based on underrating, and produce 
the data report as per the requirement understanding. It is 
proposed to model the elementary meanings which assist the 
machine to autonomously undertake the analysis and synthesis 
processes of meaning. In the proposed methodology 
disambiguation process is performed in context manner: starting 
from natural text, the context of the sentence is identified, then 
the actual meaning is identified using correlation of elementary 
object meanings exist in Object-Net database, It is because even 
ambiguous word will have only one meaning based on the 
context or object or domain on which the sentence is written. The 
data warehouse (DW) is a database. The data stored in the 
warehouse is uploaded from the operational systems. Data 
warehouse provides the information required by the decision 
makers. Business intelligence (BI) mainly refers to computer-
based techniques used in identifying, extracting, and analyzing 
business data, such as sales revenue by products and/or 
departments, or by associated costs and incomes. BI technologies 
provide historical, current and predictive views of business 
operations using the data from data warehouse (DW). The cost of 
building a data warehouse (DW) & business intelligence (BI) is 
expensive for any organization as it requires data warehouse 
tools for building data warehouse and extracting data using data 
mining tools from data warehouse. The proposed method called 
Object-Net uses the English language for getting the requirement 
for business intelligence reporting and identifies meaning of the 
sentence, internally creates the interface layer, generates query, 
gets the data and reports for analyzing the data. 
 
Keywords: Context, Database, Domain, NLP- Natural 
language processing, Object, Parse tree, WSD- Word sense 
disambiguation, DW- Data Warehouse, BI- Business Intelligence. 

1. Introduction  

Word sense disambiguation (WSD) is the process of 
identifying which sense of a meaning is used in any given 
sentence, when the word has a number of distinct senses 

[4]. For a long time the WSD is an open problem in natural 
language processing (NLP). The solution of this problem 
impacts other tasks such as discourse, engines, anaphora 
resolution, coherence, inference, information retrieval, 
machine translation and others. This paper attempts to 
present an object net method for data extraction from 
database and reporting using natural English language. It is 
proposed to model to autonomously undertake the analysis 
and synthesis processes of meaning the elementary 
meanings of English sentence and mapping it as per the 
actual database structure from which user requires 
extracting the data, and writing the SQL query for the input 
English sentence or the requirement which is written in 
regular English. It is different from existing approach on 
database query language like SQL, PLSQL, Oracle, 
Sybase, because any of the database engine can able 
understand only its own query language but if we try to 
enter our requirement interims of English sentence the 
database engine will not process our sentence and it will 
give error message. The proposed here an algorithm 
understands the English language and maps the equivalent 
corresponding database query language and in such a way 
that it can be used to interact with the database engine with 
its language to retrieve the data and then report it to user.  

2. Word sense disambiguation (WSD)  
approaches, Data Warehouse (DW) and 
Business Intelligence (BI) 

There are two main types of approach for WSD in natural 
language processing called as deep approaches and 
shallow approaches.  
Deep approaches:  these approaches involve the intention 
to understand and create meaning from what is being 
learned, Interact vigorously with the content, Make use of 
evidence, inquiry and evaluation, Take a broad view and 
relate ideas to one another, and Relate concepts to every 
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time experience [3], [6], [9]. These approaches are not 
very successful in practice, mainly because such a body of 
knowledge does not exist in a computer-readable format, 
outside of very limited domains. There is a long tradition 
in computational linguistics, of trying such approaches in 
terms of coded knowledge and in some cases; it is hard to 
say clearly whether the knowledge involved is linguistic or 
world knowledge. The first attempt was that by Margaret 
Masterman, at the Cambridge Language Research Unit in 
England, in the 1950s, and Yarowsky's machine learning 
optimization of a thesaurus method in the 1990s. 
Shallow approaches:  These approaches are not 
concerned of learning the text instead they deal with the 
surrounding words of the ambiguous word and try to 
identify only parts of interest for a particular application. 
They just consider the surrounding words, using a training 
corpus of words tagged with their word senses the rules 
can be automatically derived by the computer. This 
approach, while theoretically not as powerful as deep 
approaches, gives superior results in practice, due to the 
computer's limited word knowledge. 
In addition to deep approaches and shallow approaches, 
there are four conventional approaches to WSD: 
Dictionary and knowledge-based methods: These 
approaches make use of dictionaries, thesauri, and lexical 
knowledge bases, without using any corpus evidence.  
Supervised methods: These approaches make use of 
sense-annotated corpora already been trained from 
semantically disambiguated corpus. 
Semi-supervised or minimally-supervised methods: 
These approaches make use of both labelled and unlabeled 
data for training - typically a small amount of labelled data 
with a large amount of unlabeled data [10]. 
Unsupervised methods: These eschew (almost) 
completely external information and work directly from 
raw corpora (i.e. not annotated). 
Data Warehouse: A data warehouse is a subject-oriented, 
integrated, time-variant and non-volatile collection of data 
in support of management's decision making process. A 
data warehouse maintains its functions in three layers: 
staging, integration, and access. Staging is used to store 
raw data for use by developers. The integration layer is 
used to integrate data and to have a level of abstraction 
from users. The access layer is for getting data out for 
users. The data from data warehouse is used for many 
purposes like, business professionals for data mining, 
online analytical processing, market research and decision 
support. However, the means to retrieve and analyze data, 
to extract, transform and load data, and to manage the data 
dictionary are also considered essential components of a 
data warehousing system. 
Business Intelligence: It is usually refers to make 
decisions based on the information that is available in data 
warehouse. A data warehousing (or data mart) system is 

the backend, or the infrastructural, component for 
achieving business intelligence. Business intelligence also 
includes the insight gained from doing data mining 
analysis, as well as unstructured data. Business intelligence 
aims to support better business decision-making. Thus a BI 
system can be called a decision support system (DSS). 
Though the term business intelligence is sometimes used as 
a synonym for competitive intelligence, because they both 
support decision making, BI uses technologies, processes, 
and applications to analyze mostly internal, structured data 
and business processes while competitive intelligence 
gathers, analyzes and disseminates information with a 
topical focus on company competitors. Business 
intelligence is a subset of competitive intelligence. 

 
The method proposed here is a semi-supervised method; it 
is called as object - net approach which uses the 
information dynamically gathered from user that is while 
machine finds any of untrained corpora or unable to solve 
the disambiguation then those information are reported to 
user or master, after user understand the problem the 
related corpora are trained [7]. It differs from previous 
semi-supervised approaches: the algorithm has a set of 
disambiguated trained elementary objects, and 
incrementally builds and resolves the untrained elementary 
objects. This algorithm can be incorporate into lager 
applications like machine translation, code generation, 
search engine, IR, etc. 
Resources: The algorithm does not dependant on any 
other existing WSD resources like WordNet, SemCor, and 
any BI tools like SAP Business Object, . Instead of that it 
uses separate database named as Object-Net Database 
which contains trained elementary objects. Initially the 
database is stored with limited data, this database updated 
when new untrained object found in the input text or when 
fine tuning is required on existing already trained element. 
The proposed algorithm finds all its required information 
to identify the meaning of the word on a particular context 
from this Object-Net database, so precision of word sense 
disambiguation of proposed algorithm mainly depends on 
data from this special Object-Net database. 

3. Object - Net Approach for Data 
Extraction and Reporting 

3.1 Object –Net Approach Procedures: The algorithm 
presented in this paper determines, in a given text, a set of 
nouns and verbs which can be disambiguated with high 
precision, the semantic tagging is performed using the 
sense defined in Object-Net Database, and actual meaning 
of the sentence is identified. But above mentioned task are 
completed in step by step using methods, so the various 
methods used to identify the correct sense of a word are 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 363



 

 

presented first, Next presents Object-Net Database 
architecture, the main algorithm in which these procedures 
are invoked in an iterative manner, and the method of 
updating, fine tuning the Object-Net Database. 

 
PROCEDURE 1: This procedure tokenizes the given 
sentence and creates a parse tree path for the given 
sentence. Parse tree paths were used for semantic role 
labelling. Predicates are typically assumed to be specific 
target words (verbs), and arguments are assumed to be 
spans of words in the sentence that are dominated by nodes 
in the parse tree. A parse tree path can be described as a 
sequence of transitions up from the target word then down 
to the node that dominates the argument span. The parse 
tree paths are particularly interesting for automated 
semantic role labelling because they generalize well across 
syntactically similar sentences. For example, the parse tree 
path in fig 1 would still correctly identify the “taker” 
argument in the given sentence if the personal pronoun 
“she” were swapped with a markedly different noun 
phrase. 

 

Fig 1: An example parse tree path from the predicate “took” to the 
argument “She”, represented as ↑VB↑VP↑S↓NP 

PROCEDURE 2: Identify the words having only one 
sense(monosemous words) in Object-Net database and 
make them as having number of sense as #1. 
Example: the noun subcommittee has one sense defined 
Object-Net database. So this is a monosemous word and 
marked as having sense #1. 
PROCEDURE 3: with this procedure, we are trying to get 
contextual clues regarding the usage of the sense of a 
word. For a given word Wi, at position i in the text, form 
two pairs, one with the word before Wi and the other one 
with the word after word Wi. Then we find out all the 
occurrences of these pairs found within the Object-Net 
database. If, in all the occurrences, the word Wi has only 

one sense as # Wis, then mark the word Wi as having sense 
#Wis. 
PROCEDURE 4: Find the words which are semantically 
connected to the already disambiguated words for which 
the connection distance is 0. The semantic distance is 
computed based on the ObjectNet hierarchy. Two words 
semantically connected at a distance of zero if they belong 
to same path of subnet. 
PROCEDURE 5: Find words which are semantically 
connected [2] in ObjectNet and for which the connection 
distance length is zero. In this procedure none of the words 
considered by this procedure already disambiguated. We 
have to consider all the sense of both words in order to 
determine whether or not the distance between them is 
zero, this makes this procedure computationally intensive. 
PROCEDURE 6: Form the semantic network [8] based on 
understanding made by the learning done from procedure 
#1 to procedure #5 and come to the final conclusion about 
the input sentence and action to be performed. The 
procedures presented above are applied iterative; this 
allows us to identify a set of nouns and verbs which can be 
disambiguated with high precision. 
PROCEDURE 7: Using the procedures from 
PROCEDURE 1 to PROCEDURE 6, the system identifies 
the meaning of given input sentence. After identifying the 
actual meaning sentence (i.e. the action to be performed by 
the system) the system generates the SQL query for given 
input English text by correlating understudied meaning 
with actual database field which is exist in user requested 
database. 
PROCEDURE 8: Using the procedures from 
PROCEDURE 1 to PROCEDURE 7, the system identifies 
the meaning of given input sentence and extracts the 
required data using SQL query from database. After the 
data extraction the query result data is projected in the 
report format as request in the user input English text. 

 
The procedures presented above are applied iterative; this 
allows us to identify a set of nouns and verbs which can be 
disambiguated with high precision.  
 
3.2 Object-Net Database Architecture 

The existing knowledge bases in machine readable formats 
are WordNet, OMCSNet, MindNet, CYC, Thought 
treasure, VerbNet, Semcor, Open Mind Word Expert, 
Frame Net, and PropBank. These knowledge bases are 
useful to serve the purpose of developing information 
retrieval systems and shallow semantic representation for 
an input text. They model their elementary meanings only 
with conceptual world properties and constraints, and 
taxonomic relations between these words. They do not 
have synthesis capabilities, but rather their definitions are 
pre-programmed by humans. They do not make the 

     She         took          some              ball. 

S 

NP VP 

VB NP 

DT NN 

PRP 
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machine creative enough to master its own language and to 
compose its own text based on its understood meanings. So 
a new methodology is required for machine to 
autonomously undertake the learning, analysis and of both 
the elementary and composite meanings of natural 
language, and most importantly, it is to note that the 
robustness of proposed algorithm by machine relies not 
only on sophisticated algorithms for knowledge 
manipulation but also the kind of knowledge it has. (i.e. 
careful modelling of elementary meanings from an 
engineering point of view). The new methodology for 
maintaining trained elementary meaning is called Object-
Net database and details of this database is explained in 
analytical and synthesis capability section. 
 
3.3 Algorithm with an Example 

Consider for example to retrieve data from any of user 
database like “I need the student report that joined on 04 
November 2010 and report the result in the format of 
student name and course.” 
 
Procedure#1:  
Tokenize the given sentence as below 
“I + need + the + student + report + that + joined + on + 
04 + November + 2010 + and + report + the + result + in 
+ the + format + of + student + name + and + course.” 
While categorizing these token words the below result is 
found. 
“Pro+Ver+Art+Nou+ver+pro+ver+adv+Num+Nov+Nu
m+Con+Ver+Art+Ver+Pre+Art+Nov+Pre+Nov+Nov+C
on+Nov” 
Creates the parse tree after tokenizing the sentence. 
 
Procedure#2:  
Find the words which are having unique sense of meaning 
and find object on which the action need to be performed. 
 
“I (Sense#1) + need (Sense#1) + the (Sense#1) + student 
+ report + that (Sense#1) + joined + (on + (04 + 
November + 2010)) (Sense#1) + and + report + the + 
result + in (Sense#1) + the (Sense#1) + format (Sense#1) 
+ of + student + name (Sense#1) + and + course.” 
In this example the word “I”, “the”, “name”, “that” and 
“date (04 November 2010)” are having only one sense of 
meaning, and student is the object on which the sentence 
related. 
 
 
 
Procedur#3: 

As per procedur#2 result, the related object or domain of 
sentence identified (i.e. as per example student), in Object-
Net database search for the particular domain which is 
identified in procedur#2, from the identified object co-
relate and identify meaning of the remaining words in 
sentence. Consider the network exist in object-net database 
as below fig 2.  
 
While forming the two pairs one with the word previous to 
the current word and one next to the current word, for our 
example we will be arrived to the pairs as in below table 1, 
the last column shows that understanding. 
 

Table 1: parsed tokens and its relation. 

S.No Pairs Description 
1 I + need Whom->I 
2 need + the student What -> the student 
3 The student + report What -> Report 
4 Report + that Unable to correlate 
5 That + joined Which-> joined 
6 Joined + on  Which -> on 
7 On + 04 November 

2010 
Which -> date 

8 And +report What-> report 
9 The + result Which->result 
10 Result + in How -> in 
11 In + the Which -> the 
12 The + format What -> format 
13 Format + of How -> of 
14 Of + student What -> student 
15 Student + name What -> name 
16 Name + and Unable to correlate 
17 And + course What-> course 

 
Procedure#4: 
From the procedure#3 we come to know that “need” is the 
action it required for “whom” is “I”, “what” required is 
“student”. From the student node “what” required is 
“report”. 
But “report” is ambiguous word in English it is having 
many meaning, and also by directly correlating words 
existing object-net is not giving correct path for the pairs 
“report + that” and “Name + and”, as  Date is already 
disambiguated and while considering pervious nodes it 
gives the meaning like “on” which is  some date (ie. 04 
November 2010). 
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Fig. 2 Sample Object-Net Database 

 
By node with connection distance of zero we will be 
arrived into the below mentioned paths. 

1. I -> need  
a. I -> need -> the student 
b. I -> need-> the student -> report 

2. That 
a. That -> joined 
b. That -> joined -> On  
c. That -> joined -> On -> 04 November 

2010 
d. That -> joined -> On -> 04 November 

2010 -> And 
e. That -> joined -> On -> 04 November 

2010 -> And -> report 
f. That -> joined -> On -> 04 November 

2010 -> And -> report -> the 
g. That -> joined -> On -> 04 November 

2010 -> And -> report-> the -> result 
h. That -> joined -> On -> 04 November 

2010 -> And -> report-> the -> result -
>in 

i. That -> joined -> On -> 04 November 
2010 -> And -> report-> the -> result -
>in->the 

j. That -> joined -> On -> 04 November 
2010 -> And -> report-> the -> result -
>in->the -> format 

k. That -> joined -> On -> 04 November 
2010 -> And -> report-> the -> result -
>in->the -> format ->of 

l. That -> joined -> On -> 04 November 
2010 -> And -> report-> the -> result -
>in->the -> format ->of -> student 

m. That -> joined -> On -> 04 November 
2010 -> And -> report-> the -> result -
>in->the -> format ->of -> student -> 
name 

3. And-> course 
 

Procedur#5: 
The word “report” was not clear still Procedur#4, now the 
report is clear like on “join date” some report is required. 
The ambiguous word “report” semantically connected with 
other part of the sentence in three ways as mentioned 
below. 

1. Report -> joined -> 04 November 2010. 
2. Report -> joined -> on -> 04 November 

2010. 
3. Report -> That -> joined -> On -> 04 

November 2010 -> And -> report-> the -> 
result ->in->the -> format ->of -> student -> 
name. 
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Here the path 2& 3 are already occurred in Procedur#4 but 
path 3 is bigger than path 2, so this path is considered, and 
now it is clear that report of joined date is required. 
 
 
Procedur#6: 
From the procedure#5, the “need” node is connected to 
“student” node. “student” node is connected to “report”, 

“report” is connected to “joined date” and it is connected 
to “date”, from this we have form a semantic network 
which gives the meaning as “need” is the action required 
by “I” and what required is “student”, from “student” what 
required are report, and which report is “join date” report 
and similarly forms the semantic network. 

 

 
 

 
 

Fig. 3 Forming a semantic network in Object-Net Database 
 

 
The above fig 3 shows the semantic relation path which 
gives meaning of the sentence. 
 
Procedur#7:  
After identifying the meaning and semantic relation path, 
system identifies that “Need” is the action and what need is 
“student” which is also exist in mapping list of user 
database, now identified the sub-user database as “Student 
details “but it contains two table as “Personal _details” and 
“mark details” at the same time from input text it identifies 
“joined date” which is existing in  “Personal _details” so 

now it identifies table name “Personal _details” and writes 
the SQL statement as “From  Personal _details” , the word 
“Report” and “student” says that selection of “name” and 
“course” is required so the system writes the SQL 
statement as “Select name, course”, from the word 
“Report” it also identifies the SQL where class constraint 
as report of joined date is required but in input text 
contains some constant date value of “04 November 2010” 
so it writs the SQL statement as “Where Joined_date=”04 
November 2010””. While it recompiles all spices of  

 
 

What  
The Need 

Whom  

I 

What  

Student 

 

On 

 

Date 

Which 

That 

 

Joined 

Which 

Joined 

 
Which 

Date 

 
On 

 

Which 

I 

 

Myself 

Is 

Report 

 
Which 

Joined 
 

Which 

Result 

Which 

End Date 

Result 

How  

In 

What  

Studen
  

 

What  

Name 

 

What  

Course 

 

Student 

 

Report 

What  

Name 

What  
Course 

What  

And 

What  

Report 

Name 

What  
Course 

What  

Student 

What  

Of 

What
 
  

Student Course 

What  

Student 

 

Whom 

The 

Who
 
  

Student Format 

What  

Which
 
  

Result  

In 

Which
 
  

Format 
The 

Which  

Format 

Which
 
  

Student 

How
 
  

Of 

Name 

 

And 

 

What 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 367



 

 

 
Fig. 4 Generating SQL statement from the semantic network in Object-Net Database 
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SQL statement which are generated as above procedures. 
The fig 4 shows the shows the semantic relation path along 
with SQL generation path. We get the complete SQL query 
as “Select name, course From Personal _details Where 
Joined_date=”04 November 2010”. This SQL statement is 
executed by database engine where the user requested 
details are exist and gives result back to user. 
 
Procedur#8:  
The PROCEDURE 7 generates the SQL query based on 
the semantic network for reporting. From semantic 
network the system identifies the meaning of other part of 
the given sentence, from the “report” it understood that the 
“result” needs to be in “format” of “student name” and the 
“course”. The result which came out after executing the 
SQL query is restricted to display only the student name 
and course as shown in the fig 4. 

4. Analytical and Synthesis Capability In 
Object-Net Database 

The example sentence “I need the student report that 
joined on 04 November 2010 and report the result in the 
format of student name and course” can be written in many 
as like mentioned below to reference same meaning as 
above sentence says. The possible ways are: 

1. I need the student report that joined on 04 
November 2010 and report the result in the format of 
student name and course 
2. Need student report joined on 04 November 2010 
and report the result in the format of student name and 
course 
3. Report of student joined on 04 November 2010 in 
the format of student name and course 
4. Student report joined on 04 November 2010 in the 
format of student name and course 
5. On 04 November 2010 joined student report in the 
format of student name and course 

The above mentioned sentences are giving same meaning 
as sentence#1, even though the sentences are not in 
corrected grammatical. But as a human can understand that 
meaning of all above sentence as “student name and course 
report is required who are all joined on 04 November 
2010”. So similarly we have to make sure that our 
proposed algorithm is also capable understanding the 
meaning of sentence as human. 
For example the above sentence # 3 “Report of student 
joined on 04 November 2010 in the format of student 
name and course”, in existing trained Object-Net network 
does not have direct relation from report and student but 
already the “what” relation were existing so it makes the 
new understanding link between “Report” and “student” 
with relation of “what”. Similarly consider the above 

sentence#5 “On 04 November 2010 joined student report”, 
this sentence starts with a date and it does not have action 
part like a action verb “need”, in existing Object-Net 
doesn’t have any of node starts with “Date” but there is a 
“Which relationship exists between “Joined” and “Date” so 
system creates a new node as “Date” to “Joined” with 
relation of “Which”, next for student report there are two 
relationship exist one is from “Report” and another one 
from “student” node, now it creates two relation from 
newly created date “Date” node to “Student” and “Report“ 
with relation of “Where” and “What” respectively. The fig 
5 show the updated Object-Net database which will be 
used for future purpose. 

 
Fig. 5 updating active memory 

 
So the system analyses and keeps updating its database 
memory there comes the system learning capability. If 
some words occurred in input text which is not exist in 
Object-Net database and also system is not able to resolve 
it internally then it will ask a master to train the relational 
network there come the human master into picture in order 
to correct and update the database. 

5. Object-Net Approach for Database 
Extraction 

We illustrate here the Object-Net disambiguation 
algorithm with the help of previous example “I need the 
student report that joined on 04 November 2010 and 
report the result in the format of student name and 
course”. The system identifies the data meaning of the 
sentence, and what is the command, and what is action that 
user is expecting from the system. After identifying the 
meaning of the sentence, it maps the action to be done 
along with the trained internal actual database structure so 
that it can produce exact the SQL query for the input 
sentence or requirement. The bellow fig 6 shows that 
“student details” and “car information” databases are exist 
in a database; this mapping information is shared or trained 
to our system so that our system knows about where to 
fetch and which are to be fetched for a given sentence.  
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Fig. 6 Actual database information for mapping 

 

As the system is capable of processing the English 
sentence, identify the meaning and writing the SQL query 
for the input sentence. In our above example instead of 
student details if the user asks for car details such as “I 
need the car details that are released on 01 MAY 2009” 
then the system will process this sentence and as above 
mentioned algorithm and it maps and writs SQL query on 
car details database. So the proposed system can be 
integrated to any database once the elementary meaning in 
Object-Net database is trained.  

6. Performance of Data Extraction from 
Database, And Word Sense 
Disambiguation Based On Object-Net 
Database 

The data extraction from database is the process of 
analyzing the requirement, and writing the SQL query 
based on the requirement. In our proposed algorithm the 
system itself analyzes the user requirement given interim of 
English sentence and writes the corresponding SQL 
queries.  The performance of accuracy of writing SQL 
query and extracting the user required data is based on how 
the system understand the input text. But the system 

understanding of input sentence is based on the object-net 
database. The Object-net consists of set of initially trained 
entity network along with their meaningful representation 
with their action/behavior/property. The performance of 
our word sense disambiguation is mainly based on how 
many trained networks exist in Object-net database. If 
number of network data are high then number of hit ratio 
or number of occurrence of word in input text and trained 
network is high so it helps our algorithm to fetch correct 
object on which the input sentence is written and what is 
action or purpose of the sentence in order to give good 
accuracy on ambiguous words and sentence. When the 
number of trained network data of words in object-net 
database is less then number of hit ratio or number of 
occurrence of word in input text in trained network words 
is less so the active memory model of object-net database 
requires the help from master to train the non-trained 
words into database. So the accuracy the user requested 
data from user database is based on number trained 
network in Object-Net database and automatic system 
mapping between Object-Net database to actual system 
database entity fields. Fig 7 plots the graph between 
accuracy of the result of our algorithm versus number 
trained network word exist in object-net database, and the 
learning update required of object-net database in active 
memory model, along with accuracy over data extraction 
and automatic system mapping.   

 

 
Fig. 7 Accuracy of Data extraction and Reporting Vs Number Trained 

Network, and automatic system mapping 

 
 

Student details 

Personal 
details 

Name registra
tion 
number 

Date 
of 
birth 

Course joining 
date 

finishin
g date 

Mark 
details 

Registratio
n number 

examin
ation 
name 

subje
ct 
name 

maximum 
mark 

minim
um 
mark 

mark 
scored 

 

 
Database 

Model 
details 

Name Model 
number 

Date of 
release 

Manufacture 
name  

Price 
details 

Model 
number 

place price 

 

Car information 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 370



 

 

7.  Conclusion and Further Work 

The algorithm identifies the meaning of requirement (i.e. 
user input sentence), analyzes the input sentence, and 
generates the SQL query statement, and reports the result 
as per the requested format. As per the above performance 
analyzes our algorithm extract and reports the data with 
precision of more than 97%, so it can be used in human 
computer interaction system, and data warehousing system 
in place of existing costliest commercial tools like 
DataStage, Business Object, etc. 

8. Conclusion and Further Work 

The algorithm identifies the meaning of sentence like 
human brain. It disambiguates ambiguous words based on 
object on which sentence is written and it generates the 
SQL query for data access and reporting.  In future we can 
train our Object-net data base to other object or domains 
wherever intelligent human-computer interaction is 
required. And also from understanding of natural text 
meaning to the actual database query generation process 
can be implemented for accessing data from user database 
as per the user requirement. 
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Abstract 
This paper focuses on FPGA implementation of 
reconfigurable Digital Front end MIMO-OFDM module. 
The modeling of the MIMO-OFDM system was carried 
out in MATLAB followed by Verilog HDL 
implementation. Unlike the conventional OFDM based 
systems, the Numerically Controlled Oscillators (NCO) is 
used for mapping modulated data onto the sub carriers. 
The use of NCO in the MIMO-OFDM system reduces the 
resource utilization of the design on FPGA along with 
reduced power consumption. The major modules that were 
designed, which constitute the digital front end module, are 
Quadrature Phase Shift Keying (QPSK) 
modulator/demodulator,16-Quadrature Amplitude 
Modulation (QAM) modulator/demodulator and NCOs. 
Each of the modules was tested for their functionality by 
developing corresponding test benches. In order to achieve 
real time reconfigurability of the proposed architecture, the 
proposed approach is realized on FPGAs optimizing area, 
power and speed. Reconfigurability of the proposed 
approach is dependent upon user requirement. Hence the 
proposed approach can support future generation 
communication technologies that are based on MIMO-
OFDM 
      Keywords: OFDM, NCO, MIMO, QPSK, QAM, FPGA.  

                            1. Introduction 

The increasing demand on wireless services, both for voice 
and data communications is a major motivational factor for 
developing MIMO-OFDM system. In particular the 
demand for multimedia services such as video-on-demand, 
downloading music and movies, video conferencing, etc, is 
expected to diversify services and increase the volume of 
data traffic. As a result, emerging wireless/mobile 
networks are those which can integrate voice and data 
services, opposed to traditional voice-oriented networks. It 
is necessary to clarify that this system works within a 
frequency limitation established by the FPGA. This means 
it will never be able to directly modify the value of the RF 

carrier frequency. However, a typical RF front-end with 
only one up-converter will be able to modify the RF carrier 
frequency to fit the transmission system requirements. The 
maximum RF that can be fed to the SPARTAN 3 FPGA 
board is 500 MHz. The number of subcarriers chosen was 
64, with the bandwidth of each subcarrier as 7.8 MHz. 
Cyclic prefix chosen is 25% of the number of subcarriers 
used. Modulation schemes used are QPSK and 16-QAM. 
The data rate achieved is 100 Mbps.  

1.1 MIMO 

To multiply throughput of a radio link, innovative 
techniques, such as, multiple antennas (and multiple RF 
chains accordingly) at both the transmitter and the 
receiver, have been employed. These systems are termed 
as Multiple Input Multiple Output systems [5]. A MIMO 
system with similar count of antennas at both the 
transmitter and the receiver in a point-to-point link is able 
to multiply the system throughput linearly with every 
additional antenna. Figure 1.1 illustrates a 2x2 MIMO 
system which has the ability to double the throughput.                                                                                                           

       Figure 1.1 Multiple Input Multiple Outputs (MIMO 2x2) 

    A MIMO system takes advantage of the spatial diversity   

that is obtained by spatially separated antennas in a 
dense multi path scattering environment. MIMO 
systems may be implemented in a number of different 
ways to obtain either a diversity gain to combat signal 
fading, or to obtain a capacity gain.STBC is based on 
orthogonal design and obtains full diversity gain with 
low decoding complexity (Alamouti code is a special 
case with double Tx antennas). Space-time block coding 
(STBC) is a simple yet ingenious transmit diversity 
technique in MIMO technology. 
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1.2   OFDM 

OFDM is a multi-carrier technique that operates with 
specific orthogonally constraints between its sub-
carriers[12]. This orthogonally yields very high spectral 
efficiency. Although the OFDM principle has been around 
40 years, only the present technology level makes it 
feasible. OFDM allows the spectrum of each tone to 
overlap because they are orthogonal, and thus they do not 
interfere with each other. By allowing the tones to overlap, 
the overall amount of spectrum required is reduced. 

The sinusoidal waveforms making up the tones in OFDM 
have the special property of being the only Eigen-functions 
of a linear channel. This special property prevents adjacent   
tones in OFDM systems from interfering with one another. 
To maintain the orthogonality in an OFDM system, a 
cyclic prefix is a critical concept. 

                         2. MIMO-OFDM 

A MIMO-OFDM system [5] takes a data stream and splits 
it into N parallel data streams, each at a rate 1/N of the 
original rate, as depicted in fig 2.1 Each stream is then 
mapped to a tone at a unique frequency and combined 
together using the Inverse Fast Fourier Transform (IFFT) 
to yield the time-domain waveform to be transmitted. 

                  

 
                2.1 MIMO-OFDM transmitter section 

The figure2.2 illustrates the digital module of receiver 
section of the MIMO-OFDM system. The OFDM signal is 
first de-serialized and then fed to the cyclic prefix removal 
system. After the cyclic prefix is attenuated from the 
OFDM signal, it is fed to the FFT section which de-maps 
the data from each of the subcarriers. This is then fed to 
the demodulator to recover the original data. 

                          

 
                   2.2 MIMO-OFDM Receiver section 

Figure 2.3 shows the top level architecture of MIMO-
OFDM, it consists of convolution encoder, interleaver, 
QPSK modulator, space time frequency encoder and 
OFDM modulation. The modified architecture proposed in 
this work consists of QPSK and QAM modulators that is 
run time reconfigurable depending upon the data rate and 
channel performance. Having both QPSK and QAM 
modulators achieves better performance for MIMO-OFDM 
modulators. The modulated data is space time-frequency 
encoded and is given to the OFDM modulator 

 
        2.3 MIMO-OFDM Software reference model 

Figure2.4 shows the Simulink model developed for 
MIMO-OFDM system. The developed model is as per the 
standard reference model reported in the literature.  

 

 
           2.4 Simulink model of MIMO-OFDM system 
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QAM modulator and demodulator is used to replace QPSK 
modulator and demodulator, QAM is used to enhance the 
data rate as well as reduce the bandwidth for signal 
transmission[8]. Figure2.5 shows the Simulink model of 
QAM modulator, in this work we have developed both 16 
QAM and 64 QAM for modulation of data.  

   
 

2.5 Simulink  reconfigurable model of MIMO-OFDM system 

               3.  MODIFIED MIMO-OFDM 

In order to enhance the performance of MIMO-OFDM, the               
FFT/IFFT blocks are replaced with NCO block. As the 
IFFT unit at the transmitter converts the incoming signal 
into multiple frequency band depending upon the 
phaseinformation, instead of IFFT, replacing with an NCO 
reduces the circuit complexity and also helps in achieving 
multiple frequency shifts. An NCO generates multiple 
frequency components based on corresponding phase 
information. Hence the modified system is more accurate 
than the existing architectures. The modified architecture is                
shown in figure 3.1 below 

 
                   

           

 

 

 

 

 

 

 

3.1 Modified MIMO-OFDM system 

The modified architecture is modeled in Simulink and the 
results obtained based on an experimental setup for     
known sets of inputs are compared with the results of the 
software reference model. From the comparison of results 
it is found that the modified architecture achieves better 
accuracy and also more flexible. Figure 3.2 below shows 
the Simulink mode for modified MIMO-OFDM 
architecture.   

 

       
 3.2   Simulink model of modified MIMO-OFDM system 
 

Table 1: Design specifications for OFDM model 

Specifications FFT-OFDM NCO-OFDM 
Maximum Input 

Frequency 
100KHz 100KHz 

Sample time 1/30000 1/30000 
Modulation 64 QAM 64 QAM 

FFT/IFFT size 256 - 
Number of data 
points in look up 

table 

- 17 

Quarter wave 
sine look up 

table size 

-       34 bytes 

Spurious 
dynamic range 

- 48dBc 

Frequency 
resolution 

- 30.5176 mHz 

Channel AWGN AWGN 
Channel SNR 60dB 60dB 
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4. DESIGN OF NCO 

The NCO block generates a multichannel real or complex 
sinusoidal signal, with independent frequency and phase in 
each output channel. The amplitude of the created signal is 
always 1. The implementation of a numerically controlled 
oscillator (NCO) has two distinct parts. First, a phase 
accumulator accumulates the phase increment and adds in 
the phase offset. In this stage, an optional internal dither 
signal can also be added. The NCO output is then 
calculated by quantizing the results of the phase 
accumulator section and using them to select values from a 
lookup table. Given a desired output frequency F0, 
calculate the value of the Phase increment block parameter 
with 

 
Phase increment =  ( F0.2N )/FS 
                               
where N is the accumulator word length and 
 
FS = 1/TS = 1/Sample time 
 
The frequency resolution of an NCO is defined by 
 
∆ƒ = 1/( TS.2N ) Hz 
 
Given a desired phase offset (in radians), calculate the 
Phase offset block parameter with 
 
Phase offset = ( 2N .desired phase offset )/2∏ 
The spurious free dynamic range (SFDR) is estimated as 

follows for a lookup table with entries, where P is the 
number of quantized accumulator bits: 
 
SFDR = (6P) dB  without dither 
SFDR = (6P+12) dB  with dither 
 
This block uses a quarter-wave lookup table technique that 
stores table values from 0 to π/2. The block calculates 
other values on demand using the accumulator data type, 
then casts them into the output data type. This can lead to 
quantization effects at the range limits of a given data type. 
For example, consider a case where you would expect the 
value of the sine wave to be –1 at π. Because the lookup 
table value at that point must be calculated, the block 
might not yield exactly –1, depending on the precision of 
the accumulator and output data types. In this work the 
NCO designed can generate a maximum frequency of 49.9 
MHz, which supports 64, 32 and 16 subcarrier 
applications. The 12-bit quantization along with the LUT 
of 4096 entries ensures a smoother sine and cosine 
oscillation generation. Figure 7 shows the NCO model 
designed. The 32-bit phase accumulator output is 
quantized to 12 bit output and is used to access the   

Contents of LUT. The LUT consists of sine and cosine 
data that is read out to generate the required signals for 
modulation.  
 

 
Figure: 4.1 NCO design 

                                     5.  RESULTS 

A sine wave input is applied as a test signal, the system 
developed is tested for its functionality, and results of the 
same are shown below. 

            Fig 5.1 Simulation results  of  FFT based OFDM module 

Figure shows the simulation results of OFDM with FFT 
and OFDM with NCO. The principle of orthogonality 
exists in the frequency spectrum shown below. The 
same set of orthogonality is also established in the NCO 
based OFDM module.  

 
       

 
 
Fig 5.2:  Simulation results of NCO based OFDM module. 

Iinpunput 

Recovered Input 
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Thus the proposed OFDM module using NCO achieves 
the same functionality as that of OFDM with FFT. 
Various test signals have been used to validate the 
developed modules. The results obtained are compared 
with the reference model. The simulink  model developed 
is further modeled using Verilog HDL, the developed 
model is simulated using ModelSim and synthesized using 
Xilinx ISE for FPGA implementation. Spartan IIIE FPGA 
is targeted for implementation of modified architecture. 
The implementation results of modified architecture are 
compared with existing architecture and are presented in 
Table2 shown below.  

          
Table 2: Comparison table of NCO with FFT/IFFT                                              

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

5.1 Simulation results 

                              System in QPSK mode 

 
  Fig 5.3  RTL Simulation of complete design in MODELSIM 
           
        
 

 

System in QPSK mode switching to QAM mode 

  Fig 5.4    POST-SYNTHESIS Simulation of complete design         
in MODELSIM 

 

 
 
                Fig 5.5    RTL Simulation of QAM in MODELSIM 
 
 

 
                  Fig 5.6   RTL Simulation of NCO in MODELSIM 

 
                                   System in QAM mode 

 
      Fig 5.7   RTL Simulation of complete design in MODELSIM 
 
                                   6. CONCLUSIONS 

The relevance of the MIMO-OFDM based systems is 
based on the fact that, these systems are immune to RF 
interferences, have high spectral efficiency, lower 
multipath distortion and support various modulation 
schemes for high data systems. The aforementioned facts 
suggest the Preference of FPGAs over ASIC 
implementation of the MIMO-OFDM system. The FPGA 
allows the rapid prototyping and implementation of the 
MIMO-OFDM system for its operational use. As the 

Device 
Spartan 

3 
FPGA 

Availa
ble 

resour
ces 

IFFT/ 
FFT 

Utilization NCO 
Utili
zatio

n 

Slice 
Registe

rs 
19200 1231 6% 44 

0.23
% 

Slice 
LUTs 

19200 971 5% 34 
0.17
% 

LUT-
FF 

pairs 
1289 913 70% 33 2.5% 

Bonded 
IOBs 

220 4 1% 83 
37.7
% 

Block 
RAM 

32 0 0% 3 9.3% 

Max. 
frequen

cy 
 

372.75 
MHz 

 
469.39 
MHz 
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system evolves, the FPGA implementation provides the 
flexibility of reprogramability 

The switching between the two modulation schemes, 
QPSK and 16-QAM, aids in re-configurability of the 
system, based on the channel characteristics ensuring least 
possible transmission errors. The NCO based design 
utilized just 30% of the available slice on SPARTAN 3 
FPGA board, whereas the IFFT based design requires 
103% of it. This is a 70% reduction in resource utilization. 
The maximum frequency achieved with NCO based was 
25% higher than IFFT based design. The dynamic power 
of the NCO based architecture is 258.48 µW and leakage 
power at 20 µW, which is 10% lower than the IFFT, based 
design. 

 REFERENCES 
 [1] S.S.Riaz Ahamed, Performance analysis of OFDM, Journal 
of Theoretical and Applied Information Technology, 2008 

[2] University of Alberta, MIMO History. Retrieved on 
September28,2009 from 
http://www.ece.ualberta.ca/~HCDC/mimohistory.html  

[3] Jeffrey G. Andrews, Arunabha Ghosh and Rias Muhamed, 
Fundamentals of WiMax: Understanding Broadband Wireless 
Networking. Retrieved on October 1, 2009 from 
http://www.wimax.com/commentary/wimax_weekly/sidebar-1-1-
a-brief-history-of-ofdm 

[4] OFDM Techniques. Retrieved on October 1, 2009 from 
http://www.wireless-center.net/Next-Generation-
Wireless/OFDM-Techniques.html 

[5] T. Kaiser, A. Wilzeck, M. Berentsen, and M. Rupp, 
Prototyping for MIMO systems- an overview, Proceedings of 
12th European Signal Processing Conference (EUSIPCO ‘04), 
pp. 681 to 688, Vienna, Austria, September 2004 

[6] XILINX, (2009) Getting started with FPGAs. Retrieved on 
March08,2010 
http://www.xilinx.com/company/gettingstarted/index.htm 

[7] Oscar Robles Palacios and Carlos Silva Cardenas, Design and 
implementation of a reconfigurable OFDM modulator for 
software-  defined radios, IEEE Transactions on Communications, 
2008 

[8] Qingbo Wang, Ling Zhuo, Viktor K. Prasanna and John Leon, 
A multi-mode reconfigurable OFDM communication system on 
FPGA, IEEE Transactions on Communications, 2008 

[9] Ebrahim Saberinia, Ahmed H. Tewfik and Keshab K. Parhi, 
Pulsed-OFDM modulation for Ultrawideband communication, 
IEEE Transactions on Vehicular Technology, 2009 

[10]Alfred Grau, Hamid Jafarkhani and Franco De Flaviis, A 
Reconfigurable Multiple-Input Multiple-Output Communication 
System, IEEE Transactions on Wireless Communications, vol. 7, 

No. 5, May 2008 

[11] Bruno Bougard, Gregory Lenoir, Antoine Dejonghe, Liesbet 
Van der Perre, Francky Catthoor and Wim Dehaene, 
SmartMIMO: An Energy-Aware AdaptiveMIMO-OFDM Radio 
Link Control for Next-GenerationWireless Local Area Networks, 
EURASIP Journal on Wireless Communications and Networking, 
2007 

Acknowledgement 

Authors would like to thank the Management Vemana 
Institute of Technology, KRJS, Bangalore, for funding and 
providing necessary help to complete this paper.  
 
Vitae: 

Veena M.B.: received B.E.,& M.E.,degree in Electronics & 
communication from  Mysore & Bangalore university 
respectively. Currently pursuing Ph.D from V.T.U., Belgaum, at 
research center SJCE, Mysore. India.  Presently working as a 
Assistant professor, Dept. of Telecommunication Engineering, 
Vemana Institute of Technology, Bangalore, India. & research 
interest in the field of MIMO wireless communication, circuits & 
systems, DSP, VLSI design & VLSI architectures for wireless 
systems. 

 
M.N.Shanmukha swamy :  received the B.E. & M.E.,degree in 
Electronics & communication from  Mysore university. Ph.D 
from IISC, Bangalore, India. Presently working as a professor, 
Dept of Electronics & communication Engineering, SJCE, 
Mysore, India. & research interest in the field of wireless 
communication system, circuits & systems, VLSI. Adhoc 
networks & Image processing.  
 

 
 
 
 

 
 
 
 

 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 377

http://www.ece.ualberta.ca/~HCDC/mimohistory.html
http://www.wimax.com/commentary/wimax_weekly/sidebar-1-1-a-brief-history-of-ofdm
http://www.wimax.com/commentary/wimax_weekly/sidebar-1-1-a-brief-history-of-ofdm
http://www.wireless-center.net/Next-Generation-Wireless/OFDM-Techniques.html
http://www.wireless-center.net/Next-Generation-Wireless/OFDM-Techniques.html
http://www.xilinx.com/company/gettingstarted/index.htm


 

 

Development of CAD System Based on Enhanced 
Clustering Based Segmentation Algorithm for Detection of 

Masses in Breast DCE-MRI  
 

D. Janaki Sathya1, K. Geetha2  
 

 1 EEE Department, Karpagam University,  
Coimbatore, Tamilnadu, India 

 
 

2 EEE Department, Karpagam Institute of Technology,  
Coimbatore, Tamilnadu, India 

 
 
 

 
Abstract 

Breast cancer continues to be a significant public health problem 
in the world. Early detection is the key for improving breast 
cancer prognosis. Mammography is currently the primary method 
of early detection. But recent research has shown that many cases 
missed by mammography can be detected in Breast DCE-MRI. 
Magnetic Resonance (MR) imaging is emerging as the most 
sensitive modality that is currently available for the detection of 
primary or recurrent breast cancer. Breast DCE-MRI is more 
effective than mammography, because it generates much more 
data. Magnetic resonance imaging (MRI) is emerging as a 
powerful tool for the diagnosis of breast abnormalities. Computer 
Aided Detection (CAD) is of great help to this situation and 
image segmentation is most important process of computer Aided 
Detection, Magnetic Resonance Imaging data are a major 
challenge to any image processing software because of the huge 
amount of image voxels. Automatic approaches to breast cancer 
detection can help radiologists in this hard task and speed up the 
inspection process. To segment the mass of the breast region 
from 3D MRI set, a multistage image processing procedure was 
proposed. Data acquisition, processing and visualization 
techniques facilitate diagnosis.  Image segmentation is an 
established necessity for an improved analysis of Magnetic 
Resonance (MR) images. Segmentation from MR images may aid 
in tumor treatment by tracking the progress of tumor growth and 
shrinkage. The advantages of Magnetic Resonance Imaging are 
that the spatial resolution is high and provides detailed images. 
The tumor segmentation in Breast MRI image is difficult due to 
the complicated galactophore structure. The work in this paper 
attempts to accurately segment the abnormal breast mass in DCE-
MRI Images. The mass is segmented using a novel clustering 
algorithm based on unsupervised segmentation, through neural 
network techniques, of an optimized space in which to perform 
clustering. The effectiveness of the proposed technique is 
determined by the extent to which potential abnormalities can be 
extracted from corresponding breast MRI based on its analysis, 
this algorithm also proposes changes that could reduce this error, 

and help to give good results all around. Tests performed on both 
real and simulated MR images shows good result. 
Keywords: Image Voxels, Neural Networks, Clustering, 
Thresholding, Image Segmentation, Mass Detection. 

1. Introduction 

Breast cancer happens to over 8% women during their 
lifetime, and is the leading cause of death of women [6]. 
Currently the most effective method for early detection and 
screening of breast cancers is MRI [7]. Microcalcifications 
and masses are two important early signs of the diseases 
[15]. It is more difficult to detect masses than   
microcalcifications because their features can be obscured 
or similar to normal breast parenchyma. Masses are quite 
subtle and often occurred in the dense areas of the breast 
tissue, have smoother boundaries than microcalcifications 
and have many shapes such as circumscribed, speculated 
(or stellate), lobulated or ill-defined. The circumscribed 
ones usually have a distinct boundaries, 2–30mm in 
diameters and are high-density radiopaque; the speculated 
ones have rough, star-shaped boundaries; and the lobulated 
ones have irregular shapes [8]. Masses must be classified 
as benign and malignant in order to improve the biopsy 
yield ratio. Generally speaking, masses with radiopaque 
and more irregular shapes are usually malignant, and those 
combined with radiolucent shapes are benign [14]. A 
DCE-MRI is basically distinct with four levels of the 
intensities: background, fat tissue, breast parenchyma and 
calcifications with increasing intensity. Masses develop 
from the epithelial and connective tissues of breasts and 
their densities on MRI’s blend with parenchyma patterns. 
Several studies have revealed a positive association of 
tissue type with breast cancer risks [9, 10]. Women who 
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have breast cancers can easily get ontralateral cancers in 
the other side breast [11, 12]. Distinguishing a new 
primary from metastasis was not always possible due to 
their similar features. Asymmetry of breast parenchyma 
between the two sides has been one of the most useful 
signs for detecting primary breast cancer [13]. 
 
Segmentation of medical images is a challenging and 
complex task. Medical image segmentation has been an 
active research area for a long time. There are many 
segmentation algorithms [28, 29, 30] but there is not a 
generic algorithm for totally successful segmentation of 
medical images. The Segmentation of images holds an 
important position in the area of image processing. It 
becomes more important while typically dealing with 
medical images where pre-surgery and post-surgery 
decisions are required for the purpose of initiating and 
speeding up the recovery process. Computer aided 
detection of abnormal growth of tissues is primarily 
motivated by the necessity of achieving maximum possible 
accuracy [5]. Manual segmentation of these abnormal 
tissues cannot be compared with modern day’s high speed 
computing machines which enable us to visually observe 
the volume and location of unwanted tissues. In the 
proposed method the acquired DCE-MRI Image of the 
breast will be processed in 4 different stages,  

1. Pre processing 
2. Clustering 
3. Edge enhancement 
4. Extraction of mass. 

The proposed algorithm effectively segments the mass 
region more accurately with high efficiency. The paper is 
organized as follows:  Section 2, materials and methods are 
described; the proposed methodology explained in section 
3 while results are reported in Section 4. Conclusions and 
possible further developments are illustrated in Section 5  

2. Materials and methods 

This paper presents the visual and statistical results of 
applying CAD System Based on Enhanced Clustering 
Based Segmentation Algorithm for Detection of Masses in 
Breast DCE-MRI over the simulated and real images of 
breast DCE-MRI images. Images used in this study were 
acquired with patients prone to 1.5T scanner with use of a 
dedicated surface breast coil array. The imaging protocol 
included bilateral fat suppressed T weighted images in the 
sagittal plane of 1mm slice thickness and a slab interleaved 
3D fat suppressed spoiled gradient echo after the injection 
of contrast. One slice can contain 512×512 pixels. 

2.1 Medical Imaging 

The medical research has been quite receptive of image 
processing in applications like   X-ray, Computer Aided 
Tomography, Ultrasound and Magnetic Resonance. The 
output of these techniques, an image of the patient's body, 
allows the physician to examine and diagnose without the 
need of surgery. Traditional imaging modalities, like X-
Ray mammography, do not provide certain and reliable 
results on young women or in women who underwent 
surgical interventions. Three-dimensional breast MRI has 
proven to be a valuable tool for disambiguate uncertain 
mammographic findings and for the pre-operative planning. 
DCE-MRI has a statistically significant ability to diagnose 
malignancy in suspicious breast lesions detected using 
other diagnostic modalities. The sensitivity of breast MRI 
is relatively high (false negative rate is low). The reported 
specificities of MR have been variable ranging from 50% 
to 80.8%, and the sensitivity of MR will be 94.2% for even 
dense breast [35]. 

 
In recent years, Magnetic resonance imaging (MRI) of the 
breast has been increasingly used in the diagnosis of 
radiographically dense breasts, assessment of disease 
extent in the patient with newly diagnosed breast cancer, 
problem-solving applications for difficult diagnostic 
evaluations, for difficult diagnostic evaluations, for 
screening high risk women for early cancer detection, and 
on monitoring response to therapy. Magnetic Resonance 
Imaging is the most attractive alternative to Mammography. 
In order to be effective, breast MRI requires the use of a 
paramagnetic contrast agent. When used in combination 
with the contrast agent, the examination is called Dynamic-
contrast-enhanced - MRI (DCE-MRI). The contrast-agent 
has no contraindications and is tolerated better than the 
radiations absorbed during a single mammography [42]. 

 
DCE-MRI is sensitive for detecting some cancers which 
could be missed by mammography. In addition, DCE-MRI 
can help radiologists and other specialists determine how 
to treat breast cancer patients by identifying the stage of 
the disease. It is highly effective to image breast after 
breast surgery or radiation therapy. DCE-MRI forms 3D 
uncompressed image. It can perform with all women 
including who are not suitable for mammography, such as 
young women with dense breast and women with silicone-
filled breast implants. Since it uses magnetic fields, DCE-
MRI has no harmful effects on human bodies. However, 
DCE- MRI takes rather long time to perform and has high 
cost which is more than ten times greater than 
mammography. Its low resolution limits its application to 
very small lesions or micro calcifications. 
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The promising potential of MRI in diagnosis of breast 
cancer, as a complementary modality to X-ray 
mammography, has been well recognized [1, 2, 3]. Despite 
its well-recognized utilities, however, the technique has not 
been introduced to routine clinical breast imaging. One of 
the most important obstacles has been the lack of 
standardization in terms of interpretation guidelines [2, 4]. 
The reproducibility, effectiveness and relative significance 
of interpretation criteria in the literature are far from being 
well evaluated. The purpose of the proposed research is to 
develop computerized methods to take full advantage of 
the wealth information that MRI offers to improve methods 
for the diagnosis and interpretation of breast MR images. 
The research involved investigation of automatic methods 
for image artifacts correction and tumor segmentation. Our 
hypothesis was that investigation of advanced image 
analysis algorithms would improve the performance of 
existing conventional methods in the task of detecting the 
tumors in the breast MR Images. 
 

2.2 Image processing tools 

Segmentation is a fundamental tool which aids in 
identification and quantitative evaluation. It conditions the 
quality of analysis. Computer based segmentation has 
reminded largely an experimental work many efforts have 
exploited MRI’s multi-dimensional data capability through 
multi-spectral analysis.  Segmentation as defined by Kapur 
[16] is "a labeling problem in which the goal is to assign to 
each voxel in an input gray-level image, a unique label that 
represents an anatomical structure". Many approaches to 
MRI segmentation both supervised and unsupervised have 
been proposed in literature [17, 22, 24, 25, 29]. Among the 
unsupervised segmentation techniques, the K-means 
algorithm is applied. Self-organizing feature maps (SOM) 
in a hierarchical manner is developed, with this approach 
using a certain degree of supervision. An acceptable 
classification is obtained when applied to test images. 

 
In particular, Neural Networks try to simulate a structure 
similar to the one that is believed the human brain has. 
Two dimensional layers of cellular modules that are 
densely interconnected between them model most neural 
networks in the brain, especially in the cortex [28]. This 
area of the brain is organized into several sensory 
modalities such as speech or hearing. The engineering 
approach of neural networks develops hardware or 
software inspired by the brain's structure [27].  

 
Neural network attracted more and more researchers for its 
abilities of parallel operation, self-learning, fault tolerance, 
associative memory, multifactorial optimization and 
extensibility [26].  Neural network based clustering has 

yielded good results [18, 19], yet the possibility of 
transforming the input space in order to facilitate 
segmentation has been largely unexplored [34]. This paper 
proposes a new unsupervised algorithm for MR image 
segmentation is implemented. In this method, classical 
Kohonen map-based clustering is enhanced through the 
search of an optimized space in which to operate the 
clustering [32, 33]. It allows for the ability to make the 
clustering methods able to retain more information from 
the original image than the crisp or hard segmentation 
methods [31]. 

3. Implementation of the proposed algorithm 

The framework of the present work is the development of a 
novel algorithm acting as a support to the diagnosis 
process for those affections that require medical imaging. 
Such tools present to the clinician both a qualitative and a 
quantitative description of the disease. In this proposed 
algorithm each input is the image dataset, which undergoes 
a number of sequential processing steps: preprocessing, 
clustering, error back propagation, classification, 
enhancing edges of classification output and segmenting 
region of interest as shown in figure 1. Magnetic resonance 
imaging is a tomography technique, i.e. each image 
comprises of a number of slices, each corresponding to a 
given slice of tissue; following the pulse repetition period 
(TR) and parameters related to the applied radio-frequency 
magnetic field. It is possible to obtain images with 
different contrast, each reflecting a different parameter 
regulating the relaxation of the excited tissues. After the 
clustering process, each cluster is manually interpreted and 
assigned to a proper tissue class. 
 

 
 
Fig. 1 Segmentation Process 
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3.1 Preprocessing 

In segmenting DCE-MRI data, three main difficulties are 
considered namely: noise, partial volume effects (where 
more than one tissue is inside a voxel volume) and 
intensity in-homogeneity [30]. The majority of intensity in-
homogeneities are caused by the irregularities of the 
scanner magnetic fields–static (B0), radio-frequency (B1) 
and gradient fields, which produce spatial changes in tissue 
static. Partial volume effects occur where multiple tissues 
contribute to a single voxel, making the distinction 
between tissues along boundaries more difficult. Noise in 
MR images can induce segmentation regions to become 
disconnection.  
An important part of any image processing system is 
represented by the pre-processing phase. This phase could 
imply contrast enhancement techniques or methods for 
removing the noise. Preprocessing aims at improving the 
quality of each input image and reducing the computational 
burden for subsequent analysis steps, Each input voxel is 
formed as a feature vector as described by the 
preprocessing technique proposed in [30, 37]. This aims at 
compensating the effects of random noise, while 
minimizing the loss of resolution.  

 
All feature vectors are normalized prior to segmentation by 
subtracting the mean and dividing by the standard 
deviation, where the mean and standard deviation are 
estimated independently for each slice. 
 

3.2 Clustering 

Clustering is a technique for finding similarity groups in 
data, called clusters. i.e., it groups data instances that are 
similar to (near) each other in one cluster and data 
instances that are very different (far away) from each other 
into different clusters. Clustering is often called an 
unsupervised learning task as no class values denoting an 
apriori grouping of the data instances are given, which is 
the case in supervised learning [33]. Unsupervised 
methods, on the other hand, do not require any human 
interference and can segment the breast with high precision. 
For this reason, unsupervised methods are preferred over 
conventional methods. Many unsupervised methods such 
as Fuzzy c-means, Self-Organizing map, etc. exist but 
Kohonen's Competitive Learning Algorithms yields good 
results [32, 34, 37]. 

 
The proposed  network architecture consists of two fully 
interconnected layers; the first layer, composed of 
computing elements of order zero with linear activation 
function, followed by a second layer of computing 
elements of order two, with gaussian activation function. 

Let X be the input pattern, H the output of the hidden layer 
and Y the output of the network. W and Z are the weight 
vectors of the first and second layer, respectively. In order 
to jointly optimize both layers, training is carried out in 
two steps. In the first step, the second layer is trained using 
the standard Kohonen rule for unsupervised learning at 
each iteration, the winning neuron’s centers are adjusted 
according to equation 1Footnotes should be typed in 
singled-line spacing at the bottom of the page and column 
where it is cited.  Footnotes should be rare 
 

).( jiizji ZHZ −=∆ η                                      (1) 

 
Where 

jiZ∆  = Change in weight vector 

zη     = learning rate of the Kohonen layer 

iH    = Out put of the ith neuron of the   

             hidden layer 

jiZ   = The weight vector of the Winning  

            neuron 

  

The weights of the neighboring neurons are updated 
according to equation 2 
 

)(. jiineighzji ZHfZ −=∆ η                   (2) 

Where 

 neighf = Gaussian activation function   

Contrarily to the second layer, the first layer is trained 
using Enhanced version of error back-propagation with the 
linear activation function, search of feature space. In 
supervised learning schemes, the error is given by. 

           
2p p

p
E Y T= −∑                  (3) 

Where TP is the user-supplied target associated to the Pth 
training pattern. Here the target is determined by 
associating each input pattern with the winning neuron. 
Intuitively, this corresponds to searching a linear 
transformation of the feature space, requiring that input 
patterns be as close as possible to the associated centroids. 
The hidden layer is then trained using the classical delta 
rule for training and is derived from equation (3)  
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Where p denotes the pth  input pattern and 

 
lp p p
j j jy tδ = −  

 .  
The weights of the first layer are then updated according to 
equation 5 
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∂
∂

−=+∆ µη                   (5) 

 ( )ij w p jW t Hη δ∆ =  

    Where 

 µ  = momentum factor 

wη  = learning rate of the Back propagation  

           layer 

The momentum term introduces the old weight change as a 
parameter for the computation of the new weight change. 
This avoids oscillation problems common with the regular 
back propagation algorithm when the error surface has a 
very narrow minimum area. Momentum allows the net to 
make reasonably large weight adjustments as long as the 
corrections are in the same general direction for several 
patterns. Using smaller learning rate prevents a large 
response to the error from any training pattern. 

 
The first layer consists of 5computing elements with linear 
activation function. Thus, not only the hidden layer 
performs a linear transformation of the input space, but it 
also reduces the dimensionality of the feature space. This 
allows obtaining, in average, better experimental results 
than when all features are retained in the clustering step. 
The second layer has 5 computing elements. Five clusters 
are sufficient to discriminate between adipose tissue, 
glandular tissue, ducts, benign and malignant masses. ́. 

 
The network is separately trained for each image to 
account for inhomogeneities in intensity across different 
images by randomly selecting pixels per image as the 
training set. A Gaussian neighborhood function fneigh is 
used for unsupervised training. An adaptive learning 
coefficient is initially selected for the first layer as ηw and 
for the second one as ηz. If the error increases, η is 
decreased and weight values are set to those of the 
previous iteration, whereas if the error decreases below a 

predefined threshold, η is increased. Finally, training is 
stopped when a predetermined level of error is reached. 

3.3 Edge Enhancement 

Digital image enhancement techniques are concerned with 
improving the quality of the digital image. The principal 
objective of enhancement techniques is to produce an 
image which is better and more suitable than the original 
image for a specific application. This process detects 
boundaries between objects and background in the image. 

 
Many characteristics are used to segment an image into 
regions e.g. colour, brightness, texture and edge detection. 
Usually, the obtained edges need some additional 
improvement for the satisfactory segmentation. Linear 
filters have been used to solve many image enhancement 
problems. The unsharp filter is a simple sharpening 
operator which derives its name from the fact that it 
enhances edges through a procedure which subtracts an 
unsharp, or smoothed, version of an image from the 
original image. The unsharp filtering technique is 
commonly used in the photographic and printing industries 
for crispening edges. 

Unsharp masking produces an edge image ),( yxg from 

an input image ),( yxf via  

),(),(),( yxfyxfyxg smooth−=                         (6) 

where ),( yxfsmooth is a smoothed version of ),( yxf  as 

illustrated in Figure 2. 

 

 
 
Fig. 2 Unsharp filter 
 
Then the enhanced SOM based k-means clustered output 
image is then edge enhanced by unsharp filter as illustrated 
in [43] which is used to extract the edges of the tumour 
very efficiently in MRI images. The unsharp filter can be 
implemented using an appropriately defined lowpass filter 
to produce the smoothed version of an image which is then 
pixel subtracted from the original image in order to 
produce a description of image edges, i.e. a high passed 
image. 
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3.4 Segmentation 

The segmentation used for extraction of masses in MR 
images is the region based segmentation. In region-based 
techniques, segmentation of an object is achieved by 
identifying all pixels that belong to the object based on the 
intensity of pixels. They are looking for the regions 
satisfying a given homogeneity criterion. Since in MR 
images masses mostly have high contrast and ill-defined 
edges, it is difficult to determine their boundary with edge-
based techniques. Region-based techniques are more 
suitable for MR images since suspicious regions are 
brighter than the surrounding tissues. There are many 
region-based techniques such as Region growing [38], 
Watershed algorithm [39], and Thresholding [40].  

 
In this work utilizes region segmentation based-

thresholding. Thresholding is based on the image 
histogram; or local statistics such as mean value and 
standard deviation, or the local gradient. When only one 
threshold is selected for the entire image, based on the 
image histogram, it is called global thresholding. If the 
threshold depends on local properties, it called local 
thresholding. If the thresholds are selected independently 
for each pixel, it called dynamic or adaptive thresholding. 
The selection of threshold value is determined by 
experimenting with various threshold values and the best 
threshold value has been selected for breast DCE-MRI 
images. The thresholded image g (x, y) is defined as,  
 







≤
>

= Tyxif
Tyxif

yxg ),(0

),(1
),(  

4. Experimental Results and Discussion 

In this section, the results obtained using real and 
simulated DCE- MR Images are illustrated. Ultimately, the 
effectiveness of the proposed technique is determined by 
the extent to which potential abnormalities can be 
extracted from corresponding breast MRI based on its 
analysis. 
 

4.1 Testing on Breast DCE- MR Images 

The use of simulated images simplifies the task of 
validating a segmentation method as a reproducible. 
Moreover, it allows to separately testing the proposed 
segmentation method stability against intensity 
inhomogeneities and random noise [31]. But in this paper 
both real and simulated images are used for segmentation 

procedure, Since the real images obviously contains the 
noise induced during the imaging process, when the real 
image is used for validating the algorithm then we can find 
how efficiently the algorithm works for the image with 
noise, so no need to introduce or add noise to simulated 
image for testing the algorithm efficiency. The reference 
image is selected. With each cluster is associated with the 
most probable tissue class using maximum likelihood 
estimation. 

 
A set of original and simulated breast DCE-MR images 
representative slice are considered for estimating the 
validation of the algorithm is shown in figure 3 to figure 7. 
To evaluate the results, trainings for each reference slice 
were performed with different random initial conditions for 
the centers of the neurons in the second layer. It is well-
known that the training speed depends on the choice of the 
learning rate. If the learning rate is small, the learning 
process is stable but at the expense of computation time 
[26]. If the learning rate is too large, the estimation of the 
weights may diverge. Because of fast convergence in using 
SOM with adaptive learning rate, it can be applied in 
online applications. The lower learning rate provides better 
convergence and better quality than higher learning rates. 

 
The abnormal image pairs were used to measure 
performance. The true positive detection rate and the 
number of false positive detection rate at various 
thresholds of the images are used to measure the 
algorithm’s performance. These rates are represented using 
Receiver Operating Characteristic (ROC) curves. True 
Positive (TP) and False Positive (FP) rates are calculated 
at different thresholds selected on image pixels to generate 
an ROC curve and the best solution has been plotted as 
illustrated in figure 9. A region extracted in the asymmetry 
image, which overlaps with a true abnormality as provided 
in the ground truth of the image, is called a true positive 
detection. An overlap means that at least 80% of the region 
extracted lies within the circle indicating a true 
abnormality as determined using SOM with adaptive 
learning rate; it can be applied in online applications. The 
lower learning rate provides better convergence and better 
quality than higher learning rates as illustrated in [37].  

  
The preliminary results of the proposed algorithm 
illustrated in figures 3and figure 4 shows a reasonable 
match between manual division and that of automatic 
method. In the best case, there is an average difference of 
only 20-30 pixels. This was not always seen, as in the 
worst case the difference was as great as 150 pixels. This 
algorithm also proposes changes that could reduce this 
error, and help to give good results all around.  
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   (a) Original image                  (b) clustering output
    

 
 

 
 
 
(c) Edge enhanced output    (d) mass segmented       
                                                        separately 
 

Fig. 3 A representative simulated breast image with mass 
and the corresponding segmentation of the mass separately 
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(a) Original image                        (b) clustering output 
 

    
(c) Edge enhanced output               (d) mass segmented  
                                                           separately 

 

Fig. 4 A representative original breast image with tumor 
obtained from 1.5Telsa MRI and the corresponding 
segmentation of the mass separately 

 

4.2 Performance evaluation of the algorithm   

An objective method is needed to evaluate the performance 
of the new proposed image segmentation algorithm. The 
most important performance criterion is accuracy that is 
the degree to which an algorithm’s segmentation matches 
some reference standard segmentation [36]. A number of 
similarity coefficients are used to specify how well a given 
segmentation matches a reference and the performance of 
the segmentation depends upon the learning rate factor. 
The performance of clustering output for different learning 
rate is illustrated in figure 5. In general, it is expected that 
the true positive detection rate in an ROC curve will 
continue to increase or remain constant as the number of 
false positives increase. The figure 6 illustrates the ROC 
curve performance of the algorithm for good values of the 
learning rate and the threshold value; if the threshold value 
is low true detections may become merged with false 
positive regions. The Table 1 shows the comparison of 
sensitivity and specificity rates of Breast Cancer using 
Clinical examination, mammography and MRI for disease 
diagnosis [35]. Evaluating the results obtained, it’s found 
that the best results obtained when using K-NN classifier 
especially with using feature vector and enhanced images. 
 
 

 
 

Figure 5   The performance of Clustering results with varying levels of 

learning rate   
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Figure 6 ROC Curve of Proposed Algorithm    

5. Conclusions 

Breast cancer is one of the major causes of death among 
women. So early diagnosis through regular screening and 
timely treatment has been shown to prevent cancer. In this 
paper we have presented a novel segmentation approach to 
identify the presence of breast cancer mass in breast DCE-
MRI images. The proposed work utilizes the unsupervised 
clustering capabilities of a Kohonen self-organizing map 
with a linear transformation of the input space. Enhanced 
back propagation based Neural network is employed for 
clear identification of clusters. 
 
The accurate and effective algorithm for segmenting image 
is very useful in many fields, especially in medical image. 
The training set originally had large dimension of data 
matrix, so the program used to reduce the dimension of 
training set and the new algorithm method is applied to 
show the ability of the method. A Self-Organizing Map 
network was programmed to receive images, as input 
signal regions. For this work, breast MRI images were 
used and segmentation of tumor is obtained.  The proposed 
technique was evaluated on real and simulated DCE-MR 
images, showing promising performances from a 
qualitative point of view. Furthermore, being the proposed 
technique fully unsupervised, and the results substantially 
independent of the initial network conditions, Future 
efforts will be devoted to the further testing of the 
proposed technique, both from a qualitative and 
quantitative point of view, and to its application to the 
study of breast pathologies, in particular to breast tumor 
diagnosis and follow-up. The software’s used for this 

algorithm development are MATLAB 7.5 and LABVIEW 
10.0.  
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Abstract 
In this paper we propose a new model for antenna design with a 
new geometry, in order to generate a quasi-isotropic radiation 
pattern in the far-field region. The main feature of the proposed 
antenna is the capability to generate a quasi-isotropic radiation 
pattern. The design details of the conceived antenna are presented 
and discussed. Simulations of the reflection coefficient and 
radiation pattern are presented. These were carried out using CST 
Microwave Studio .This antenna is easy to make and has got 
numerous  applications in wireless systems, network sensors, 
field measurements and electromagnetic compatibility. 
 
Keywords: miniature antenna, quasi-isotropic, circular 
polarization, isotropic coverage. 

1. Introduction 

Wireless sensor networks for home, industrial or 
environmental monitoring, personal body area networks, 
motion capture systems based on body sensors as well as 
satellite positioning devices are typical upcoming 
applications demanding for reliable wireless transmissions 
with constant link budget between devices, even if 
randomly oriented or quickly rotated with respect to each 
other. In such systems, various phenomena can deteriorate 
the transmission at the physical layer level such as an 
obstruction between devices, a multi-path fading or the 
presence of interferers [2]. These phenomena are 
particularly sensitive to the motion of devices or objects in 
the environment. 
Concerning the impact of an arbitrary device orientation, 
the two main phenomena appear to be the anisotropy of 
the radiating pattern as well as the polarization mismatch 
between antennas. Directions of departure and arrival of a 
beam can change rapidly while in use and fall into the 
antenna radiating holes. Tilt between polarization states of 
antennas causes attenuation in the transmitted power. 
These effects can be greatly mitigated by a proper design 

of the radiation pattern properties of the antenna. 
Nowadays, new wireless applications come to market. 
They involve small telecommunication devices where 
orientation between emitter and receiver can change 
randomly while in use [2].  
However, the transmitted signal is expected to be as stable 
as possible, whatever the orientation of the communicating 
objects is. For short distance, low cost, low data rate and 
low consumption applications, that is to say, when an 
adaptive solution cannot be envisaged, the most 
straightforward strategy is to search for an antenna 
radiating uniformly in all directions, knowing that an 
isotropic antenna doesn’t exist [11]. 
The antenna structure, the feeding network as well as the 
far-field pattern results are successively presented below. 
 
2. Antenna configuration 
 
The antenna structure is depicted in Fig1. Four patches are 
located along the sides of two intersected cylinders. 
patches are fed through a ground plane by a microstrip 
network, etched on the bottom side of the PCB. 

 
 

(a)  
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(b)  
 

Fig1-(a) Horizontal view, (b) Vertical view of the new  
antenna model. 

 
Fig 2 illustrates the antenna structure. The green top layer 
is made of a low permittivity and low-loss substrate, in 
order to optimize the antenna efficiency and bandwidth, 
where εr = 2.33, μ = 1 and thickness = 2.1 mm. A 0.7 mm 
thick copper layer is used as a ground plane for the 
antenna structure. 

 
(a) 

 

 
 

(b) 
 

Fig 2 - (a) Structure of the antenna with four patches, (b) 
Layer and arrangement of the patch antenna 

 
Fig 3 shows that the elementary patch is 32.64 mm long, 
19.46 mm wide and are made of copper. It is fed via holes 
that are 1 mm across and 2.5 mm long. These holes are 
connected to the feeding network.  
 

 
 

 
 

Fig3: Patch used 
 

The four patches are fed with equal amplitudes. S2 and S3 
are fed with the same phase of 90°. There is a phase 
difference of 90° between S1, (S2,S3) and S4. This 
feeding scheme leads to the targeted particular quasi-
isotropic radiation pattern. It presents the advantage of 
greatly reducing the mutual coupling between patches. 

 
Patch number  1 2 3 4 

Amplitude 
relative to patch 

1 1 1 1 

Phase delay 
relative to patch 

0° 90° 90° 180° 

 
Table : Amplitude and phase constraints of the antenna. 

 
3. Feeding network 
 
The feedind network aims at feeding each Patch with the 
required amplitudes and phase. A microstrip network 
with two 90° hybrid couplers and one 180° hybrid coupler 
are located in the bottom side of the PCB. The network 
architecture is shown in Fig 4. 

 
 

Fig4: Schematic of the feeding network [9] 
 
The circuit layout, as illustrated in Fig 5, was designed 
using ISIS Proteus. The components are ultra small SMT. 
The input network is connected through two U-fl coaxial 
connectors (E1 and E2). 
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Fig 5: Layout of the microstrip network [14]. 
 

The antenna will be positioned in a vertical mode on the 
PCB. 
 
4. Radiation properties of the antenna 
 
In Fig 6, at the frequency of 3.8 GHz, a resonant mode and 
a good adaptation are observed. A peak appears at -35 dB . 

 
 

Fig 6: Computed return loss of the antenna 
 

The main purpose of the antenna is to obtain a quasi-
isotropic radiation pattern which allows the 
communication performances to be uniform between 
devices whatever their orientations are. The antenna 
radiation pattern is nearly isotropic. Fig 7, Fig 8, Fig 9 and 
Fig 10 exhibit the antenna radiation patterns at 3.8 GHz. 
 

 
 

Fig7 : Polar diagrams (Theta=90°) at frequency = 3.8 Ghz 

 
Fig8 : Polar diagrams (Phi=90°) at frequency = 3.8 Ghz 

 
Fig9 : Polar diagrams (Phi=0°) at frequency = 3.8 Ghz 

 
Fig10 : Polar diagrams (Phi=45°) at frequency = 3.8 Ghz 
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5. Conclusion 

It was shown that this new miniature antenna that involves 
four novel patches presents a quasi-isotropic radiation 
pattern. The simulated results were conducted using the 
CST Microwave Studio. This new quasi-isotropic radiator 
has great applications in wireless systems and network 
sensors. Finally, it is also worth mentioning that similar 
quasi-isotropic antennas can be designed for other 
frequency bands, by a small change in the antenna 
geometry. 
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Abstract 

Software Development Methodologies have survived a never 
ending evolving era, ever since it first came in horizon. Amongst 
the several methodologies, only Object–Oriented Methodology 
has been able to see the dawn of the day. Object–Oriented 
Methodology survived all the critics as well as the rapid changes 
in the software development industry. But is it braced for the 
future yet? The paper is oriented towards the existing Object–
Oriented Software Development Methodologies. A brief 
discussion involving their origin and focus of the methodologies 
is given followed by a review of UML. We discuss the various 
approaches taken up by various methodologies. The discussion 
facilitates for the key notes for the survival of Object Oriented 
Methodologies. 
 
Keywords: Object Oriented Methodology, Software Crisis, 
UML, Integrated Methodology, Agile Methodologies. 

1. Introduction 

The Software Crisis was identified four decades ago. 
Various methodologies and models came forward to 
address the issue, but almost all perished and became 
extinct as they were unable to transform according to the 
much necessary change. Object Oriented Methodology 
emerged as a revolution some two decades ago. It 
displayed its versatile nature and adopted to encounter the 
rapidly changing Software Industry. Object Oriented 
Methodology evolved from Semi- Structured, Partly 
Object oriented to the Unified Model to the Integrated and 
Agile Methodology. Its true that Object Oriented 
Methodology have survived the harsh wrath of change, but 
on the other hand, it has been unable to provide the 
complete solution for the Software Crisis.  
Software Crisis is real and it still exists. One reason may 
be because the way people have treated the methodologies, 
to use them for their own purpose. Some treat them as a  

 
 
mean, others as ends. A majority have been treating them 
as products, which makes them easier to sell. But on the 
downside, if methodologies are treated as products, they 
seem to clutter. They start having advertisement like 
descriptions, obscuring wrappings, which is inefficient 
while explaining its underlying process.  
A much better way of viewing the Methodologies would 
have been to view them with the perspective of process, 
rather than with the perspective of modeling languages, as 
it can provide help to the user of the methodologies by 
providing them more information with respect of their 
context. The description of such a methodology might 
include the details of activities performed in sub process, 
and the order in which they are performed; as well as the 
concise description of the underlying modeling language 
used in sub process definition.  
The discussion that follows will make a comparative study 
of the object-oriented software methodologies, along with 
other methodologies and then provides a detailed overview 
of process pattern, and process meta models, and the future 
of next generation methodologies. 
 
2. Methodologies – Framework for the Development of 
the Modern Era Software: 
The Software Development Methodologies have been 
viewed as the means for organizing the various methods of 
software development in a timely and orderly execution 
manner. Informally, Software Development Methodology 
has been termed as a collection of phases, procedures, 
rules, techniques, tools, documentation, management, and 
training that can be utilized for the development of a 
system. It basically comprises of a set of modeling 
conventions, comprising of a modeling language, and a 
process, which can provide guidance as to the order of the 
activities, and offers criteria for monitoring and measuring 
a project’s activities. The modeling language aids in 
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modeling the different aspects of the system, and the 
process determines what activities should be carried out in 
order to develop the system. 
 
3. Object Oriented Methodologies: A brief insight    
By 1990’s, there were various methodologies in the 
Software Industry to design software products; but each 
and every one of them exhibited several limitations. In 
order to overcome these limitations, Object–oriented 
Methodologies were developed. Object–oriented 
methodologies for software development were specifically 
aimed at viewing, modeling and implementing the system 
as a collection of interacting objects, using the specialized 
modeling languages, activities and techniques needed to 
address the specific issues of the object-oriented paradigm. 
Several Object–oriented Software Development were 
developed in the evolution of the Object–oriented 
Paradigms. A brief overview of some of them is given 
below: 
 
3.1 First and Second Generations of Object-Oriented 
Software Methodologies: 
 
The first software development methodologies termed as 
object-oriented were in fact hybrid: partly structured and 
partly object-oriented. The analysis phase was typically 
done using structured analysis (SA) techniques, producing 
data flow diagrams, entity relationship diagrams, and state 
transition diagrams, whereas the design phase was mainly 
concerned with mapping analysis results to an object-
oriented blueprint of the software. These methodologies 
were hence categorized as transformative. The second 
generation of object-oriented methodologies evolved from 
the first generation and appeared between 1992 and 1996. 
First and second-generation methodologies are collectively 
referred to as seminal methodologies, in that they 
pioneered the unexplored field of pure object-oriented 
analysis and design, and in doing so laid the groundwork 
for further evolution. 
 
3.2 The Unified Modeling Language (UML): 
Grady Booch, Ivar Jacobson, and James Rumbaugh. All 
three had developed their own methods, but collaborated 
to combine them into the Unified Method, the OMG 
announced plans for a standard OO notation, and in June 
of 1996 UML version 0.9 was released. UML version 1.1 
was adopted by the OMG in November of 1997. With 
these initial UML releases, dozens of competing 
methodologies were replaced by the language- and method 
independent UML. Several factors contributed greatly to 
the widespread adoption of UML. First, UML is language 
independent. Second, it does not advocate nor require a 
particular method. Third, it is readily accessible as UML 
specifications are free for download and any company may 

join the OMG. The Object Management Group (OMG) is 
the body responsible for creating and maintaining the 
language specifications. They define UML as, “a graphical 
language for visualizing, specifying, constructing, and 
documenting the artifacts of object oriented software 
systems. The UML represents a collection of best 
engineering practices that have proven successful in the 
modeling of large and complex systems. The UML uses 
mostly graphical notations to express the design of 
software projects.  Using the UML helps project teams 
communicate, explore potential designs, and validate the 
architectural design of the software. The primary goals in 
the design of the UML were: 
• To provide users with a ready-to-use, expressive 
visual modeling language so they can develop and 
exchange meaningful models. Provide extensibility and 
specialization mechanisms to extend the core concepts.  

• Be independent of particular programming languages 
and development processes.  

• Provide a formal basis for understanding the modeling 
language. Encourage the growth of the Object   Oriented 
tools market. 

• Support higher-level development concepts such as 
collaborations, frameworks, patterns and components.   
 
UML was developed as a language that can be utilized for 
Modeling Object Oriented Systems and Applications, and 
provide them with more clarity by making them readable, 
and thus more understandable. This essentially means that 
UML provides the ability to capture the characteristics of a 
system by using notions. UML provides a wide array of 
simple, easy to understand notions for documenting 
systems based on the Object Oriented Design Principles. 
These notions are called the diagrams of UML. These 
diagrams provide the user with the means of visualizing 
and manipulating model elements. The underlying premise 
of UML is that no one diagram can capture the different 
elements of a system in it’s entirely. The UML is just that. 
It “unifies” the design principles of each of these 
methodologies into a single standard language that can be 
easily applied across the board for all Object Oriented 
Systems. UML does not have any dependencies with 
respect to any technologies or languages. 
 
3.3 Integrated Methodologies: Third Generation: 
 
Methodologies in this category are results of integrating 
seminal methodologies and are characterized by their 
process-centered attitude towards software development, 
typically targeting a vast variety of applications. 
Integrations have resulted in huge methodologies, difficult 
to manage and enact. In trying to achieve manageability, 
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some of them have gone to extreme measures to ensure 
customizability (RUP), others have turned into generic 
process frameworks that should be instantiated to yield a 
process (OPEN), and yet others have resorted to process 
patterns for customizability (Catalysis). It was frustration 
with these methodologies that ultimately caused the agile 
movement. Although unwieldy and complex, integrated 
methodologies have a lot to offer in terms of process 
components, patterns, and management and measurement 
issues. Furthermore, some of them propose useful ideas on 
seamless development, complexity management, and 
modeling approaches. 
 
3.4 Agile Methodologies: 
 
Agile methodologies first appeared in 1995. The once 
common perception that agile methodologies are nothing 
but controlled code-and-fix approaches, with little or no 
sign of a clear-cut process, is only true of a small—albeit 
influential—minority of these methodologies, which are 
essentially based on practices of program design, coding, 
and testing that are believed to enhance software 
development flexibility and productivity. Most agile 
methodologies incorporate explicit processes, although 
striving to keep them as lightweight as possible. 
 
4. Object oriented Methodologies: The big leap on to 
the next generation 
 
Object Oriented Methodologies have come a long way, 
and is still standing tall. In order to take big strides in the 
future, Object oriented Methodologies should incorporate 
the following within their structure: 
 

• The advocates of Object oriented Methodology 
assumes that software should be developed 
according to a mental model of the actual or 
imagined objects it represent, i.e. it should focus 
on the real world. It should however provide for 
the uninterrupted exposition of logic in a more 
easy representation, more of a ordinary human 
language. This would lead to even poorly 
thought-out designs and decisions to be more 
subtle and obvious. The resultant model would 
bridge the gap between intuitive and formal 
models. 

• Object-Oriented Methodology still provides a 
way or method of solving a problem. If it is to 
stay for longer duration, it needs to evolve itself 
as a technology which can address various issues 
in the modern era software development.  

• In several cases, Object-Oriented methodologies 
have proved to be less fruitful as compared to 
Procedural Language. Amongst them are 
Economy of Execution, Economy of Small Scale 
Development, and Economy of Compilation. 
Object Oriented Methodology should scale 
themselves up for such shortcomings. A 
Significant difference in productivity between 
OOP and procedural development has to be 
achieved in the next era of Object Orientation. 

•  Object Oriented Technology has been poor in 
modeling time in a coherent manner. With the 
growing advent of real-time systems, it is 
imperative that Object-Orientation should evolve 
to model time and real time objects in a more 
decisive manner and thus aiding in the accurate 
design of real time systems. 

• By its very nature, Object Orientation is anti-
modular and anti-parallel. Which in the current 
scenario is a serious issue. With the growing 
popularity of parallel systems, it is of essence 
that Object Orientation should incorporate 
features which support parallel computing and 
applications. 

• Currently, Object Orientation is unable to provide 
for interface specifications that are rich enough 
to cover all the phases of the design cycle. In 
component based development especially, non 
functional characteristics can be incorporated as 
a part of interface specification to overcome this 
limitation. 

• Object Orientation provides for standardizing 
notations, which is often not sufficient to achieve 
effective methods and unambiguous 
communication amongst designers. With the 
advent of Opinion mining and profiling, these 
modeling notations maybe freely reinterpreted, 
which in turn weakens the value of notation as an 
effective communication vehicle and designing 
tool. This implies that a model written in one 
formalism could be ill formed in another 
formalism.   

• It becomes difficult for Object Orientation to 
combine Heterogeneous system and depict their 
composite behavior. Object oriented 
methodology has to provide for embedding the 
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detailed models in question into a framework that 
can understand the model being composed. 

• Object oriented should target towards being a 
model driven, context management, aspect 
oriented, service driven architecture. And should 
take the role of whichever is required at 
respective place. 

• Although Object oriented Storage technology is 
being used in Cloud Computing, but the 
methodology is not sufficient for providing an 
impact structure for Web enabled Context aware 
systems and services. The main issue comes in 
the handling and distribution of context 
information efficiently. Furthermore, challenges 
like aggregation of context information in a 
structured format, discovery and selection of 
appropriate context services are key area, where 
Object oriented paradigm has to evolve and 
adopt in order to provide for a better framework 
and design for such system. 

 
5. Conclusion: 
 
The above review has resulted in a number of conclusions, 
which can be elaborated as follows. UML was developed 
in an attempt to standardize and integrate the 
methodologies into a single, comprehensible unit. Yet 
some of the limitations were still at large. The complexity 
and inconsistency was still there, which gave rise for the 
development of some agile and lightweight methodologies 
which actually followed a different path from modeling. 
But even they were not entirely successful and we 
witnessed the comeback of the old methodologies as well 
as new developments in methodologies emerged which did 
not adhere to UML conventions. The evolution suggested 
that in order to develop new methodologies and 
technologies, not only the capabilities of the old 
methodologies should be considered; but also the fact that 
they have to be developed with a more systematic 
approach in mind. Despite of the entire enhancement in the 
development of methodologies, a number of problem areas 
have been observed. The new integrated methodologies are 
more complex, to be efficiently being brought into the 
practice. They have lack of scalability, and lack of a 
specific, unambiguous process. Object Oriented 
Methodologies have evolved over a period of time, and 
despite of all the limitations they are still considered to be 
the pioneer when it comes to software development. 
Ongoing researches are aimed to further bring around an 
improved version, which can provide for compactness, 
extensibility, consistency, visible rationality, and 

traceability to requirement. Considering the motivations 
and the special circumstances surrounding methodologies 
mergers and development, engineering a methodology 
through integration can be one of the most appealing one. 
Disciplined Engineering and a systematic approach is 
desired for the extraction of prosperous potential of 
Object-Oriented Software Development. 
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Abstract 

Dynamic spectrum access is a promising technique to use 
spectrum efficiently. Without being restricted to any prefixed 
spectrum bands, nodes choose operating spectrum on demand. 
Such flexibility, however, makes efficient and fair spectrum 
access in large scale networks great challenge. This paper 
presents a dynamic spectrum access decentralized approach. This 
approach is base on the game theory, mainly on the principle of 
Homo Egualis. There, it is assumed that operators are averse to 
unequal payoffs and act unselfishly, enabling a stable and 
sustainable community. An algorithm is proposed to solve the 
problems of inefficient use of spectrum and fair dynamic access 
to the available resources in the unlicensed bands. Numerical 
results show the performance of this algorithm. 

Key words : Dynamic spectrum access, 
decentralized approach, Homo Egualis 
principle. 

 

1. Introduction 

The frequency spectrum is a natural resource very much in 
demand in our society. However, this resource is limited. 
Today, radio communication applications are increasingly 
various and radio- electric frequencies consuming. 
Recently, the telecommunication industry kept on 
increasing and innovating in term of wireless technologies, 

using more and more spectral resources. In view of these 
new requirements, it has been necessary to establish 
efficient systems for the spectrum management in order to 
allocate efficiently the resources while being careful to the 
interference risks due to the proliferation of actors. It is 
also widely recognized that wireless systems of digital 
communication don’t operate on the entire available 
frequency band. The coming wireless systems then will be 
compelled to make the most of such free frequency bands, 
thanks to their ability to listen and adapt to their 
environment. Such ability comes within the concept of 
“cognitive radio” introduced by Joseph Mitola in 2000 [1]. 
This concept paves the way to an innovating approach 
which enables a dynamic and opportunistic but controlled 
use of the radio electric spectrum in support to the current 
statistic approach [11]. One of the main aspects of 
cognitive radio is the software defined radio (SDR) which 
promises a great flexibility by allowing a single device to 
access a wide range and various technologies [1]. The 
concept of “cognitive radio “intends to use the potential of 
software defined radio to allow more efficient use of 
spectrum. Cognitive radio devices scan the frequency 
spectrum dynamically by accessing the portions of the 
spectrum not used by the primary systems. Access is 
facilitated by the ability of cognitive radio nodes to adapt 
the waveform to the technical specifications set by the 
regulatory authorities.  
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However, access to radio resources for a secondary use 
creates other problems such as interference issues and 
fairness of access between different radio systems 
involved. If for the interference problem the regulator has 
found a solution by adopting the limited transmission 
power, the fact remains that the issue of fairness of access 
between different radio systems remains unsolved. For that 
purpose, several approaches have been developed and 
could be classified according to the criterion of priority 
access to the spectrum or according to the criterion of 
architecture. First, following the criterion of the priority 
access to the spectrum, two approaches can be 
distinguished: the approach of the vertical sharing of the 
spectrum where the spectrum is shared at several levels, 
this is the example of the “spectrum pooling approach” [4] 
and the approach of horizontal sharing where the spectrum 
is shared with equal priority as in the case of wireless local 
areas network (WLAN) [5, 6]. Moreover, under the test 
architecture, we distinguish the approaches of centralized 
and decentralized sharing of the spectrum. In the 
centralized sharing approach, there is a central entity 
which controls the benefit of the spectrum access 
procedures. Each entity in the system sends it its status 
such as its traffic demand in the spectral and temporal 
domains. So the central entity is responsible for allocating 
the available spectrum to the other entities by taking into 
account the aspect of the spectrum efficiency and fairness 
among the different entities involved. As for the 
decentralized spectrum sharing approach, “Carrier Sense 
Multiple Collision Avoidance (CSMA/ CA )” protocols 
and game theory based on distributed decision making 
protocols are studied in [ 7,8]. In these studies, based on a 
local or global policy, each entity is responsible for the 
spectrum access and its use. The aim of these studies is to 
find a minimum policy sets for flexible, scalable, and 
sustainable for the spectrum sharing dependently from the 
growth of market demand and amount of traffic. This 
paper is exclusively focused on the decentralized sharing 
approach of the available radio spectrum by the high 
lighting of a method of inter- system cooperation based on 
the access scheme resulting from the principle of Homo 
Egualis society and by the suggestion of an algorithm 
allowing the implementation of this access scheme from 
the perspective of reaching the spectrum efficiency and the 
inter-system fairness. 

The rest of the paper is organized as follows. In section 2, 
problem formulation is presented. Section 3 gives the 
system model, while section 4 tackles the numerical 
results. Finally the article ends with a conclusion in section 
5. 

 

1. Problem formulation 

Two groups of networks or operators are considered in the 
5 GHz unlicensed band; the primary networks or operators 
and the secondary or cognitive radio networks. The 
primary networks have an exclusive access to their 
dedicated spectral bands; while the cognitive radio 
operators or networks access to the spectrum only when 
this one is not used by the primary networks. Here, the 
primary networks choose the radio-location systems such 
as radar system and the secondary system networks can be 
represented by wireless operators whose transmission 
systems are based on OFDM technology (Orthogonal 
Frequency Division Multiplexing). To allow an 
opportunistic access to radio resources of primary system, 
we assume that the secondary networks also have agile 
spectrum. So the radio cognitive nodes are responsible for 
localizing the available resources in both spectral and 
temporal domains [2],[3]. Indeed we precise that the 
primary networks do not cooperate with other systems. We 
have 𝑚𝑚 primary networks with 𝑚𝑚 channels; each network 
having a dedicated channel and exclusively reach it. We 
also admit the existence of 𝑛𝑛 operators or cognitive radio 
networks that access to the spectrum only when this one is 
not used by the primary networks. Depending on a primary 
network’s spectrum usage pattern, the duration of a 
spectral opportunity can exceed hours, even days in 
spectral bands reserved for emergencies; or can be 
only few milliseconds in heavily-used spectral 
bands. It will be relatively easy, for the 
secondary network to use long-lasting 
opportunities. However, for short-lasting spectral 
opportunities, a secondary network may not be 
able to detect their existence and then utilize 
them before “expire”. Therefore, our study will 
rule out the short-lasting spectral opportunities. 

In the perspective of making the most of these spectral 
opportunities, a node belonging to a cognitive radio 
network scans first the spectrum, either periodically or 
randomly to discover and use of idle spectrum portions. 
When it will detect all the activities of the primary 
network, it will automatically release the channels used 
with the purpose of avoiding interferences. All nodes in a 
network of cognitive radio operator use the same spectral 

opportunities to maintain their inter-connectivity at all 
time. Therefore, the different nodes must also keep the 
same information on the spectral and temporal 
environment, so as to make the decision to transfer their 
traffics on the selected spectral opportunities. 

The spectrum is divided into “channels” which represents 
small units of spectral bands. Let suppose that each 
cognitive radio node uses a single channel for its basic 
communication, but has the ability to use several adjacent 
channels, simultaneously available for a better quality of 
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transmission. The software defined radio will rightly adopt 
the modulation schemes required for the use of a wide 
bandwidth. In addition, the secondary network will use 
these unassuming adjacent channels, as sub-carriers of a 
multi-carrier modulation scheme such as OFDMA. The 
temporal use of each channel by the primary network can 
be characterized by a random process. Any time the 
primary network will not use its dedicated frequency band, 
it will leave some idle channels which will be exploited by 
the cognitive radio networks. 

In this paper, we suppose that the different spectral 
channels are perfect. That is to say that the channel is 
either busy or idle. Cognitive radio nodes of different 
operators are trying to access the idle channels left by the 
primary network nodes to satisfy their communication 
needs. We consider simultaneously a set of 𝑘𝑘 idle channels 
among 𝑚𝑚 channels from the spectrum, available for 
secondary use. In our case, 𝑛𝑛 secondary networks are 
trying to exploit the k available spectral opportunities, with 
𝑛𝑛 > 1. Of course, if 𝑛𝑛 ≤ 𝑘𝑘2T, each cognitive radio network 
will get a channel. Otherwise, these 𝑛𝑛 networks compete 
for the access to the different channels. It is then that 
appear other parameters which will enable an efficient and 
fair access to the available spectrum; knowing that we 
have kept the decentralized approach for the sharing of 
these idle channels. In what follows, we will simply refer 
to secondary networks or cognitive radio by the term 
operators. 

2. System model 
 

2.1.  Homo Egualis society scheme 

For the decentralized cooperative approach it is important 
to design policy rules which can control the compromise 
between the fairness among operators and the spectrum 
efficiency. For instance, in [10] a punishment policy 
against selfish users is suggested in the case of CSMA/CA 
networks, which means that basically all potential 
operators for a secondary use of the spectrum are selfish. 
The basic mechanism of this punishment policy must 
systematically jam the packets from deviating selfish 
users. This mechanism then reallocates a portion of the 
shared spectrum with a view to signal transmission, which 
leads to the deterioration of the spectrum efficiency. On 
the other hand, another policy based on the altruistic 
character of the operator is suggested in [9] and known as 
the “inequality aversion model”. In the model, each 
operator is characterized by its “payoff” which represents 
its gain. This model is based on the aversion to inequality 
of payoffs of operators and, was originally established by 
studies of social anthropology. By using this policy, 
operators act as altruists and their unselfish behavior allow 
their community to be stable and sustainable. We focus on 
this model to examine decentralized available spectrum 
sharing among operators. We adopt this because it is 
natural to assume that all the users want a sustainable 
environment for radio communication. The utility function 

based on aversion to inequality can be modeled as follows 
: 
 
 
 
 
 

 
 
 
 
 
 
where 𝑢𝑢𝑖𝑖  is the utility of the 𝑖𝑖𝑡𝑡ℎ   operator, and 𝑥𝑥𝑖𝑖  and 𝑥𝑥𝑗𝑗  
(𝑖𝑖 ≠j) respectively indicate the payoffs of the 𝑖𝑖𝑡𝑡ℎ    and 
𝑗𝑗𝑡𝑡ℎ   operators. Payoffs are numbers which represent the 
motivations of the operators such as their profit, quantity, 
or other continuous measures. In this paper, the payoff 
shows the amount of spectrum used for their signal 
transmission. Term 𝑛𝑛 represents the number of operators 
sharing the spectrum. 𝐴𝐴𝑖𝑖  is the priority level of the 𝑖𝑖𝑡𝑡ℎ    
operator among all the operators for the payoff. When 
some operators have priorities over other operators in (1) 
are reduced in accordance with their priority level. In 
addition, 𝛼𝛼𝑖𝑖  and 𝛽𝛽𝑖𝑖  show the reaction factor of the 𝑖𝑖𝑡𝑡ℎ  
operator respectively against those which receives a higher 
payoffs and against the operators which receive lower 
payoffs. Knowing that the utility functions express the 
satisfaction level of operators, each operator adopts a 
behavior allowing it to maximize its own utility function 
independently. Based on an anthropological study [9], it is 
also shown that a sustainable community where each 
operator receives the same payoff can be established by the 
setting  𝛼𝛼𝑖𝑖 > 𝛽𝛽𝑖𝑖 . This parameter setting model of the 
operator’ preference when his payoff is less than that of 
the other operator is different from that when his payoff is 
more than that of the other operators.  
Here, we assume that each operator can receive 
information about the payoff value and the priority level of 
the others through a backbone network to which all the 
operators are connected. It is also possible for each 
operator to measure individually its payoff by monitoring 
all transmitted signals from users and by detecting to 
which operators the users belong by using signal headers 
which contains their affiliation identities. 
 

2.2.  Application to wireless communication systems 

In this section, we describe how cognitive radio nodes 
access the channel and how do they collect information in 
order to avoid collisions and signal interferences between 
the various stakeholders of the system.  Since the channels 
are in a perfect condition, signal loss occurs only when 
there is a collision with the primary users or equivalently 
when the state of the channel is busy during the signal 
transmission time of an operator.  
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The operator should then use each channel appropriately 
by transmitting its own signals between the busy states. In 
addition, we consider that cognitive radio system go 
through the simple principle of the protocol “Listen Before 
Talking (LBT)” to access the channel. In this protocol, 
first the node senses the selected channel to check if it is 
idle or busy. In practice, this can be done by the detection 
of energy. The sensing of the channel is only an option 
when the cognitive radio nodes have knowledge of the 
characteristics of the physical layers signals from primary 
users. When a cognitive radio node finished its 
communication, it automatically releases the radio 
resources used. 

We also make the assumption of perfect coordination 
between cognitive radio nodes. In other words, if the 
channel is occupied by pair of transmitter and receiver, all 
other cognitive radio nodes in the area are aware of it so as 
to avoid a collision between their signals.  The protocol 
access to the spectrum is not persistent, which means that 
if the channel is found busy in the sensing, the 
transmission cycle ends and statistic data concerning the 
occupation of the channel are recorded, and the node tries 
other attempts to use another channel. Otherwise, the node 
transmits its signals. Thus, from the scheme of society 
Homo Egualis, we define the transmit probability. This 
probability for each operator 𝑖𝑖 at time 𝑡𝑡 is given by : 

 

 

 

 

 

where 𝐴𝐴𝑖𝑖 = 𝑊𝑊𝑖𝑖 × 𝐿𝐿𝑖𝑖  et 𝑊𝑊𝑖𝑖  shows the reduction 
factor in accordance with the priority level of the 
𝑖𝑖𝑡𝑡ℎ  operator, and 𝐿𝐿𝑖𝑖  is the traffic demand for the 
𝑖𝑖𝑡𝑡ℎ  operator. 
By controlling the probability of access of each operator 
based on equation 2, the rules laid down on the access to 
the shared spectrum may reflect the behavior of each 
operator. 

2.3.  Proposed algorithm 

We have below, the proposed algorithm for the transmit 
probability for decentralized dynamic access to the 
available spectral resources according to Homo Egualis 
model : 

Function  PROBA_ACCESS_HOMO_EUGALIS 

BEGIN 

ARRAY Alpha (Number_operator2) into REAL 

ARRAY Beta (Number_operator2) into REAL 

FOR a  1 to Number_operator2 

 READ Alpha (a)  

 READ Beta (a) 

END FOR 

ARRAY Xi (Number_operator1) into REAL 

ARRAY Pi (Number_operator1) into REAL 
 FOR i  1 to Number_operator1 

 [vi, xi]  CALL PAYOFF FUNCTION 

 Pix  1 

 lxi   LEN (xi) 

 READ Xi(Xi,xi) 

 h 1 

 som  0 

 WHILE    Xi(i,h)   <   Xi(i,lxi) 

  som  som + (Xi(i,lxi) - 
Xi(i,h))/(Xi(i,lxi)) 

Palphai  Alpha(1,i)/ 

Number_operator1)*som 

  h  h+1 

  END WHILE 

  WHILE    Xi(i,h)   >   Xi(i,lxi) 

som  som + (Xi(i,h) - 
Xi(i,lxi))/(Xi(i,h)) 

   Pbetai  Beta (1,i)/ 
Number_operator1)*som 

  h  h+1 

  END WHILE 

  Pi = MAXIMUM (0, (MINIMUM(1, 
(Pix + Palphai - Pbetai)))) 
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  RETURN Pi 

 END FOR 

FIN 

We shall proceed to the evaluation of this 
algorithm in the following section. 

3. Numeric results 

For the evaluation of our algorithm giving the transmit 
probability for a secondary usage of the available spectrum 
among several radio cognitive operators, we consider that 
each channel alternates between the busy state and the idle 
state.The durations of busy and idle states are given by 
random distributions with unknown mean. We analyze two 
scenarios where the number of primary users is 12 
(𝑚𝑚 = 12).The main reason for choosing this number is 
that there are 12 (non-overlapping) channels in the 5 GHz 
band for the IEEE 802.11a. In both scenarios, we consider 
the same traffic demand for all operators; with 𝛼𝛼 = 1 and 
𝛽𝛽 = 0.01.General parameters such as the number of idle 
radio resources, the number of cognitive radio operators, 
are given for each scenario. The reduction factor 𝑊𝑊𝑖𝑖  is set 
to 1 for all operators. 

 

Scenario 1 : The number of operators is lower 
or equal to the number of idle channels 
(𝒏𝒏 = 𝟓𝟓 and 𝒌𝒌 = 𝟔𝟔). 

 

In this scenario, there are five operators who wish to reach 
the frequency spectrum with 6 idle channels. The figure 1-
a shows the payoffs of these five operators.perator number 
3 presents the highest payoff, while operator number 4 has 
the lowest payoff.This situation not influences the 
spectrum access of the whole of these operators.Here, the 
number of radio cognitive operators being lower than the 
number of idle channels, as announced in the problem 
formulation, we observe very well that each operator 
reaches a channel.t justifies the transmit probability value 
of all the operators which is 1 as shown in the figure 1-b. 

 

 

 

 

 

 

 

 

 

 

Figure 1-a : Payoffs of different operators for 
scenario 1 

 

Figure 1-b : Transmit probability of different 
operators for scenario 1 

 

Scenario 2 : The number of operators is 
higher than the number of idle channels 
(𝒏𝒏 = 𝟔𝟔 and 𝒌𝒌 = 𝟓𝟓). 

In this second scenario, there are 6 operators who wish to 
reach the frequency spectrum with 5 idle channels.The 
figure 2-b shows the payoffs of these 5 operators. The 
operator number 1 presents the highest payoff, while the 
operator number 5 has the lowest payoff.The number of 
cognitive radio operators being higher than the number of 
idle channels, the access to the idle channels will be given 
by the various values of the transmit probability of the 
operators. As we can see on the figure 2-b, only, the 
operator number 6 does not reach the spectrum.On this 
figure, its transmit probability is equal to zero while 
knowing that it does not have the lowest payoff among the 
six operators. That is due to the high levels of priority from 
the operator number 2, 3 and 5, compared to that of the 
operator number 6 whose payoff is the largest among the 
four operators. 
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Figure 2-a : Payoffs of different operators for 
scenario 2 

 

 

 

 

 

 

 

 

Figure 2-b : Transmit probability of different 
operators for scenario 2 

 
Then, we have also to carry out the changes the 
number of operators and the idle channels 
number while remaining within the framework 
of this scenario and we ended to the same 
remark. 

4. Conclusion 

In this article, we exposed the model of dynamic 
access to the spectrum based on the principle of 
the game theory. In this particular case, we used 
Homo Egualis model. This model allows a 

decentralized and fair sharing of the available 
radio resources between the various operators. 
Besides, we proposed an algorithm for 
implementation of this dynamic spectrum access 
scheme. We also evaluated our algorithm 
through two scenarios which show the resolution 
of spectrum under use problem by giving 
additional opportunities to the operators and the 
resolution of fairness problem among different 
operators  
 
 

REFERENCES 

[1]  J. Mitola, “The software radio architecture”  
        IEEE Communications, Vol. 33, N°5,   1995,  
       pp. 26-38. 

 [2]   C.T. Chou, Hyoil, K., Sai Shankar, N., and  
         Shin, K. G., “Spectrum agility radio for 
        broadband applications” EETimes In Focus   
        Article, Aug. 23. 
[3]  C.T. Chou, Hyoil, K., Sai Shankar, N., 

and     Shin, K. G., “What and how much 
to gain from Spectrum Agility” Submitted 
to    IEEE/ACM Trans. On Networking, 
June    2004 

[4]  T. A. Weiss and F. K. Jondral, “
 Spectrum Pooling: an innovative strategy 
for the   enhancement of spectrum 
efficiency,” IEEE     Communications 
Magazine, vol. 42, no. 3,    pp. S8–14, 
2004. 

 
[5]  M.Wen and L. Hanwen, “Radar detection 

for  802.11a systems in 5 GHz band,” in 
Proceedings of the IEEE International 
Conference on Wireless Communications, 
Networking and Mobile Computing 
(WiMob ’05), vol. 1, pp. 512–514, 
Montreal, Canada, September 2005. 

 
[6]  C. Cordeiro, K. Challapali, D. Birru, and 

N. Sai Shankar, “IEEE 802.22: the first 
worldwide wireless standard based on 
cognitive radios,” in Proceedings of the 
1st IEEE International Symposium on 
New Frontiers in Dynamic Spectrum 
Access Networks (DySPAN ’05), pp. 328–

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 402



337, Baltimore, Md, USA, November 
2005. 

 
[7]  Z. Ji and K. J. R. Liu, “Cognitive radios 

for dynamic spectrum access—dynamic 
spectrum sharing: a game theoretical 
overview,” IEEE Communications 
Magazine, vol. 45, no. 5, pp. 88–94, 
2007. 

 
[8]  A. B. MacKenzie and L. DaSilva, Game 

Theory for Wireless Engineers, Morgan 
& Claypool, San Rafael, Calif, USA, 
2006. 

 
[9]  H. Gintis, Game Theory Evolving: A 

Problem-Centered Introduction to 
Modeling Strategic Interaction, Princeton 
University Press, Princeton, NJ, USA, 
2000. 

 
[10]   M. Cagalj, S. Ganeriwal, I. Aad, and J.-P.  

Hubaux, “On selfish behavior in 
CSMA/CA networks,” in Proceedings 
24th IEEE Annual Joint Conference of the 
IEEE Computer and Communications 
Societies (INFOCOM ’05), vol. 4, pp. 
2513–2524, Miami, Fla, USA, March 
2005. 

 
[11]     Y. Xing, R. Chandramouli, S. Mangold,  

and N. Sai Shankar, “Dynamic spectrum 
access in open spectrum wireless 
networks,” IEEE Journal on Selected 
Areas in Communications, vol. 24, no. 3, 
pp. 626–637, 2006. 

 
 
 Souleymane Oumtanaga received the PhD 
degree in Computer Science from University 
Paul Sabatier of Toulouse, France in 1995. 
During 1999-2000, he stayed in LAboratoire de 
echerche en Informatique et Mathématiques 
Appliquées (LARIMA) at INPHB (Institut 
National Polytechnique Houphouet Boigny), 
Côte d’Ivoire. Since 2000 he has been Head of 
Centre de Formation des Technologies de 
l’Information et de la Communication (CFTIC) 
of INPHB. Since 1990 he has also been the Head 
of the Network Information Center (NIC) of 

Côte d’Ivoire. He has been Professor in 
computer science since 2007 and he currently 
manages the Laboratoire de Recherche en 
Informatique et Télécoms (LARIT) at INPHB. 
His research interests include IP mobility, IP 
Network security, IPv6, Wireless Network, 
Mobile Networks. 

 
Zamblé Raoul  is currently a PhD student in 
Computer Science at University of Cheikh Anta 
Diop of Dakar, Senegal. He received his BS in 
computer Science from University of Cocody 
(Côte d’Ivoire) in 2003, his M.S. in Numerical 
Analysis from the Department of Mathematics 
and Informatics at University of Cocody in Côte 
d’Ivoire.His research interests included dynamic 
unlicensed bands access.  

 
Michel Babri  received the PhD degree in 
Computer Science from Universite Clairmont 
Ferand . Since 1987, he is researcher at INPHB 
of Yamoussoukro  in Cote d'Ivoire and also 
member of LARIT (Laboratoire de Recherche en 
Informatique et Télécoms) since 2006.  
 

IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org 403



Enrich the E-publishing Community Website with 
Search Engine Optimization Technique 

R. Vadivel1 and Dr. K. Baskaran2 
 

1PhD Scholar, Dept. of Computer Science,  
Karpagam University, Coimbatore, 

Tamilnadu India 641 021 
 

 
2Assoc. Professor, Dept. of CSE and IT,  

Govt. College of Technology, Coimbatore, 
Tamilnadu India 641 013 

 
ABSTRACT 

Internet has played vital role in the online business. Every 
business peoples are needed to show their information clients or 
end user. In search engines have million indexed pages. A 
search engine optimization technique has to implement both web 
applications static and dynamic. There is no issue for create 
search engine optimization contents to static (web contents does 
not change until that web site is re host) web application and 
keep up the search engine optimization regulations and state of 
affairs. A few significant challenges to dynamic content poses. 
To overcome these challenges to have a fully functional 
dynamic site that is optimized as much as a static site can be 
optimized. Whatever user search and they can get information 
their information quickly. In that circumstance we are using few 
search engine optimization dynamic web application methods 
such as User Friendly URL’s, URL Redirector and HTML 
Generic. Both internal and external elements of the site affect 
the way it’s ranked in any given search engine, so all of these 
elements should be taken into consideration. Implement these 
concepts to E-publishing Community Website that web site have 
large amount of dynamic fields with dynamic validations with 
the help of XML, XSL & Java script. A database plays a major 
role to accomplish this functionality. We can use 3D (static, 
dynamic and Meta) database structures. One of the advantages 
of the XML/XSLT combination is the ability to separate content 
from presentation. A data source can return an XML document, 
then by using an XSLT, the data can be transformed into 
whatever HTML is needed, based on the data in the XML 
document. The flexibility of XML/XLST can be combined with 
the power of ASP.NET server/client controls by using an XSLT 
to generate the server/client controls dynamically, thus 
leveraging the best of both worlds. 

Keywords: Search Engine Optimization (SEO), community 
website, Dynamic web, Friendly URLs, ASP.Net, XML/XSLT 
and dynamic controls. 

1. Introduction 

If we have a website, we definitely need it to be a friend 
of search engines. There are several ways to attract 

visitors to our website, but in order to make searchers 
know about our website, search engine is the tool where 
we need to prove our contents. If we are just having a 
static HTML content, then there is no much problem in 
promoting it. But where in today’s world of Content 
Managed Websites and eCommerce Portals we need to 
look further and implement a few more techniques in 
order to make the site more prominent to robots. In this 
article we will discuss how we can develop a SEO 
Friendly website where the content is driven from the 
Database with a Content Management System which is 
developed using ASP.NET. We will learn to build a 
simple CMS driven site with no nonsense URL, which 
Search Engines invite. 
Search Engine Optimization (SEO) is often considered 
the more technical part of Web marketing. This is true 
because SEO does help in the promotion of sites and at 
the same time it requires some technical knowledge – at 
least familiarity with basic HTML. SEO is sometimes 
also called SEO copyrighting because most of the 
techniques that are used to promote sites in search engines 
deal with text.  
Generally, SEO can be defined as the activity of 
optimizing Web pages or whole sites in order to make 
them more search engine-friendly, thus getting higher 
positions in search results. 
A Search Engine Optimization (SEO) is very popular 
term in web application industry. We can implement the 
SEO concepts to both applications static and dynamic 
web application. No matter for implement SEO to static 
web application. We have just followed up the SEO rules 
and conditions. We have to implement to dynamic / MVC 
web application it should be an insignificant complicate 
and use some tricky. 
The specific objective is to develop the e-publishing 
community website with search engine optimization 
technique. There is no specified web technology in 
dynamic web applications. We can use any Microsoft or 
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any other corporation software. In my work .NET has 
played major role. 
To understand dynamic content, it's important to have an 
idea of its opposite, static content. The term static content 
refers to web content that is generated without using a 
data source such as a database. Essentially, the site viewer 
sees exactly what is coded in the web page's HTML.  
With dynamic pages, a site can display the same address 
for every visitor, and have totally unique content for each 
one to view. For example, when I visit the social 
networking site Face book (facebook.com), I see 
http://www.facebook.com/home.php as the address in my 
web browser, but I see a unique page that's different from 
what anyone else sees if they view that page at the same 
time. The site shows information about my friends in my 
account, and different information for each person in his 
account, or for someone who has no account. 
Not all dynamically generated content is unique to every 
viewer, but all dynamic content comes from a data source, 
whether it's a database or another source, such as an XML 
file.  

1.1 SEO in web application 

A web application has playing most important role in the 
online business.  

 A million of static and dynamic web pages are available 
in the internet and million users can have used those web 
pages for their required information.  

 In this circumstances search engine optimization is play 
most important play between user and web applications.  

 In Million web pages are available the user should need 
their specific search criteria such as business man have 
search the own needs, students have search their own 
needs and etc.,  

 Our aim is whatever user search and they can get 
information their information quickly. In that situation we 
are using few search engine optimization methods and 
concepts such as a crawler, an index (or catalog) and a 
search interface, search engine algorithms and page rank 
algorithms. 

Search engines take advantage of reverse broadcast 
networks to help save you time and money. Search allows 
you to "sell what your customers want, when they want it! 
“. 

 Search Engine Optimization is the science of customizing 
elements of your web site to achieve the best possible 
search engine ranking. That’s really all there is to search 
engine optimization. But as simple as it sounds, don’t let 
it fool you.  

 Both internal and external elements of the site affect the 
way it’s ranked in any given search engine, so all of these 

elements should be taken into consideration. Good Search 
Engine Optimization can be very difficult to achieve, and 
great Search Engine Optimization seems pretty well 
impossible at times. 

 Optimization involves making pages readable to search 
engines and emphasizing key topics related to your 
content. Basic optimization may involve nothing more 
than ensuring that a site does not unnecessarily become 
part of the invisible Web (the portion of the Web not 
accessible through Web search engines). 

2. Existing System 

Previously SEO have implemented in static commercial / 
non-commercial web sites. In this way there is no 
dynamically site map and have not well-defined RSS feed 
for those implementations and there is no specific way to 
find the back links. 

Dirty URLs 

Complex, hard-to-read URLs are often dubbed dirty 
URLs because they tend to be littered with punctuation 
and identifiers that are at best irrelevant to the ordinary 
user. URLs such as http://www.example.com/cgi-
bin/gen.pl?id=4&view=basic are commonplace in today's 
dynamic web. Unfortunately, dirty URLs have a variety 
of troubling aspects, including: 

URLs are difficult to type 

The length, use of punctuation, and complexity of these 
URLs makes typos commonplace. 

 

URLs do not promote usability 

Because dirty URLs are long and complex, they are 
difficult to repeat or remember and provide few clues for 
average users as to what a particular resource actually 
contains or the function it performs. 

URLs are a security risk 

The query string which follows the question mark (?) in a 
dirty URL is often modified by hackers in an attempt to 
perform a front door attack into a web application. The 
very file extensions used in complex URLs such as .asp, 
.jsp, .pl, and so on also give away valuable information 
about the implementation of a dynamic web site that a 
potential hacker may utilize. 

URLs impede abstraction and maintainability 

Because dirty URLs generally expose the technology used 
(via the file extension) and the parameters used (via the 
query string), they do not promote abstraction. Instead of 
hiding such implementation details, dirty URLs expose 
the underlying "wiring" of a site. As a result, changing 
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from one technology to another is a difficult and painful 
process filled with the potential for broken links and 
numerous required redirects. 

3. Related Works 

There is a three technologies have been used that is 1. 
User Friendly URL’s, 2. URL Redirector and 3. HTML 
Generic. 

An e-publishing community website has been used 
Microsoft .NET web application with ASP.NET and C#. 
In this application has used data model and business layer 
in separate module and its like a DLL (Dynamic Link 
Library) and we have started to created and converted 
dynamic URL’s into Static URLs.  

The URLs converting code first we must grab the 
incoming URL and split the extension of the page. Which 
pages have “.html” extension we should redirect that page 
to related “.aspx” page on code behind they have executed 
business logic or data manipulation or whatever 
functionality need, and display to the end user exact 
content for that particular page with proper Meta 
description and keywords. In this time of period user can 
only view “.html” page but all other logics will execute 
the code behind. 

3.1 Dynamic Content and SEO 

SEO for dynamic content poses a few significant 
challenges. Luckily, you have ways to overcome these 
challenges to have a fully functional dynamic site that is 
optimized as much as a static site can be optimized. This 
section discusses the pitfalls of dynamic sites, and how to 
overcome them to create fully optimized dynamic sites. 

3.2 Challenges for Optimizing Dynamic Content 

Here are some common areas of dynamic sites that 
provide setbacks for humans as well as search engine 
spiders. 

3.2.1 Dynamic URL 
A Dynamic URL is an address of a dynamic web page, as 
opposed to a Static URL, which is the address of a static 
web page. Dynamic URLs are typically fairly cryptic in 
their appearance. Here's an example from http:// 
www.meetingtechonline.com/ article for a product called 
Kindle: 
http://www.meetingtechonline.com/article/product/B000F
I73MA/ref=amb_link_7646122_1?pf_rd_ 
m=ATVPDKIKX0DER&pf_rd_s=center- 
1&pf_rd_r=1FYB35NGH8MSMESECBX7&pf_rd_t=10
1&pf_rd_p=450995701&pf_rd_i=507846 
 

Notice that the URL doesn't contain any information 
about the item's product type, or anything about the item's 
name. For a well-trusted site like Amazon, this is not a 
problem at all. But for a new site, or for a site that's 
gaining credibility and popularity, a better solution can 
help search results by showing a searcher some relevant 
keywords in the page's URL. Here's an example of 
something a little more effective:  
http://www.meetingtechonline.com/article/products/electr
onics/kindle/ 
While search engines may not have problems indexing 
URLs with variables, it's important to note that highly 
descriptive URLs like the one just shown can get more 
clicks in searches than cryptic URLs.if searchers can 
clearly see keywords that have to do with the content 
they're looking for in your page's URL. 

3.2.2 Logins and other forms 
Login forms can restrict access to pages not only to users, 
but also search engines. In some cases, you want pages 
behind logins made searchable. In those cases, you can 
place code in those pages that determines whether the 
person visiting has access to view that content, and 
determine what to do from there. 
Other web forms, referring to content in <FORM> tags, 
can restrict access to pages as well. While Google has 
revealed that googlebot can go through simple HTML 
forms (see 
http://googlewebmastercentral.blogspot.com/2008/04/cra
wling-through-html-forms.html), not all search engines 
follow this same process, which means content hidden 
behind forms may or may not be indexed. 

 

 

3.2.3 Cookies 
Web cookies are small bits of data that are stored in a 
user's web browser. Cookies are used frequently on the 
Web for storing temporary data like shopping cart 
information or user preferences. Pages that require 
cookies can block spiders because spiders don't store 
cookies as web browsers do. 

3.2.4 Session IDs 
Session IDs are similar to cookies in that if you need them 
to view pages, then spiders don't index those pages. 

3.2.5 Hidden pages 
Sometimes, pages on a website are hidden from search 
engines because they're buried too deep in a site's 
architecture. For example, a page more than three clicks 
deep from the home page of a website may not be crawled 
without an XML sitemap. Other pages that may be hidden 
include pages only visible via a site search. 

3.2.6 JavaScript 
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Search engines don't index content that requires full-
featured JavaScript. Remember that spiders view content 
in much the same way as you would if you were using a 
browser with JavaScript disabled. Text that is created 
using JavaScript, and therefore only accessible with 
JavaScript enabled, will not be indexed. 

3.3 Ways to Optimize Dynamic Content 

Dynamic content is often necessary in websites. In 
addition, content that is easily changed through an outside 
data source helps keep a site's content fresh and relevant. 
This increases its value to search engines. You don't need 
to worry that because your site is dynamic, your content 
won't be indexed. You just need to make sure you're 
following the appropriate guidelines when using dynamic 
content in order to keep your site optimized. Here are 
some things you can do to optimize your sites that contain 
dynamic content. 

3.3.1 Creating static URLs 
Dynamic URLs, especially dynamic URLs with vague 
names, can be a turnoff to searchers. In order to have 
friendly URLs, you want to rewrite your dynamic URLs 
as static URLs. 
Blogs powered by wordpress or Blogger make it easy to 
convert dynamic links to static links. Blogger 
automatically creates static URLs, and with wordpress 
you need only a simple change in your settings. For 
wordpress, log in to your administrator account, and then, 
under Settings, click the Permalink button. From there, 
you simply select a static URL publishing method or 
create a custom one and save the changes. Nice! 
If your site isn't powered by a blogging application, you 
need to rewrite the URLs manually. The process is 
somewhat complex, and it requires modifying your .htm 
access file. Because modifying your .htm access file can 
cause permanent changes to your website, you want to 
either practice on a testing server or know exactly what 
you're doing before using these techniques on a 
production server. To test this process on a testing server, 
you can download and install a testing server (discussed 
in Chapter 4), and then download all or part of your 
website to your computer. That way, changes you make 
on your local computer don't affect your live site. 

3.3.2 Optimizing content hidden by forms 
The fact that web forms can hide content can be a good 
thing, but sometimes forms hide content you may not 
want hidden. Login forms (forms that require a user name 
and password) can potentially block search engines if a 
login form is the only way to access that information. Of 
course, sometimes this feature is intentional, like for 
protecting bank account information on a banking site. 
For non-login forms, assuming that search engines index 
content that's accessible only by filling out text fields or 
other form elements is dangerous. Further, it's equally 

dangerous to assume that search engines don't index 
content that's accessible only via non-login forms. If you 
want your form's hidden content to be indexed, make sure 
to give access to it in ways other than through a form 
alone. If you don't want the content to be indexed, make 
sure to hide it from search engines via robots.txt, or some 
other method. 
Typically, content that's viewable only after a user is 
logged into an account isn't necessary to index. If you 
have content that you want indexed hidden in a login-only 
area, consider taking that content out of the restricted area 
so it can be indexed. 

4. Results 

Successfully implemented search optimization e-
publishing community web application with help of those 
technologies. Here show the few mock-up screen shots.  
 
Fig – 1 and 2 have found relevant search information on 
google search engine. 
Fig – 3 has displayed detail information about that article 
which found in google search results. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig 1: Getting relevant search information from google 
search engine– I. 
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Hence we have successfully implemented Search Engine 
Optimization technique for e-publishing community web 
application. 

5. Conclusions 

A Search Engine Optimization has been implemented in 
E-Publishing community website. It has been used model 
view controller patterns to develop the web application 
and their techniques such as URL Redirector, HTML 
Generic, .NET security tools. The proposed is 
implementing the multiple query searches and 
personalized concept based clustering. 

Most of the tips presented here are fairly straightforward, 
with the partial exception of URL cleaning and rewriting. 
All of them can be accomplished with a reasonable 
amount of effort. The result of this effort should be 
cleaned URLs that are short, understandable, permanent, 
and devoid of implementation details. This should 
significantly improve the usability, maintainability and 
security of a web site. The potential objections that 
developers and administrators might have against next 
generation URLs will probably have to do with any 
performance problems they might encounter using server 
filters to implement them or issues involving search 

engine compatibility. As to the former, many of the 
required technologies are quite mature in the Apache 
world, and their newer IIS equivalents are usually 
explicitly modelled on the Apache exemplars, so that 
bodes well. 

As to the search engine concerns, fortunately, Google so 
far has not shown any issue at all with cleaned URLs. At 
this point, the main thing standing in the way of the 
adoption of next generation URLs is the simple fact that 
so few developers know they are possible, while some 
who do are too comfortable with the status quo to explore 
them in earnest. This is a pity, because while these 
improved URLs may not be the mythical URN-style 
keyword always promised to be just around the corner, 
they can substantially improve the web experience for 
both users and developers alike in the long run. 
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Abstract 

In 1967, Wee introduced the concept of fuzzy 
automata, using Zadeh’s concept of fuzzy sets. A group 
semiautomaton has been extensively studied by Fong and 
Clay .This group semiautomaton was fuzzified by Das and 
he introduced fuzzy semiautomaton, fuzzy kernel and fuzzy 
subsemiautomaton over finite group. Fuzzy subgroup with 
thresholds was defined by Yuan et. al. In this paper, we 
introduce the idea of fuzzy kernel and fuzzy 
subsemiautomaton with thresholds. Further, we discuss 
some results concerning them. 
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1. Introduction 

Lofti A. Zadeh introduced fuzzy sets in 1965. 
Rosenfeld defined fuzzy subgroups in 1971. Anthony 
and Sherwood replaced “min” in Rosenfeld axiom by 
t-norm and introduced        T-Fuzzy subgroup. 
Bhakat and Das introduced (∈, ∈Vq)-fuzzy normal, 
quasinormal and maximal subgroup in 1992.Also in 
1997 they introduced fuzzy kernel and fuzzy 
subsemiautomaton of a fuzzy semiautomaton over a 
finite group using the notions of a fuzzy normal 
subgroup and a fuzzy subgroup of a group. In the 
year 1999 Sung-jin Cho et al. introduced the notion 

of T-fuzzy semiautomata, T-fuzzy kernel, and T-
fuzzy subsemiautomata over a finite group. In 2003, 
Yuan et. al defined fuzzy subgroup with thresholds 
which is a generalization of Rosenfeld’s fuzzy 
subgroup and Bhakat and Das’s fuzzy subgroup. This 
paper defines fuzzy kernel with thresholds, fuzzy 
subsemiautomaton with thresholds and discusses 
some results concerning them. 

2. Preliminaries 

In this section we summarize some preliminary 
definitions and results which are required for 

developing main results. 

Let ( ),G ∗ denote a group. We sometimes write G

for ( ),G ∗ when the operation ∗ is understood. 

2.1 Definition [7]  
Let X be a nonempty set. A fuzzy set A in X is 
characterized by its membership function 

[ ]: 0,1A X → and ( )A x is interpreted as the 

degree of membership of element x in fuzzy set A
for each x X∈ . 

 
2.2 Definition [4] 

 A fuzzy subset λ  of a group G  is a fuzzy subgroup 

of G if for all ,x y G∈  
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(i) ( ) ( ) ( )x y x yλ λ λ∗ ≥ ∧  

(ii) ( ) ( )1x xλ λ− ≥  

2.3 Definition [4] 

 A fuzzy subgroup λ  of G  is called a fuzzy normal 

subgroup of G  if ( ) ( )1x y x yλ λ−∗ ∗ ≥  for all

,x y G∈ . 

2.4 Definition [6]  

Let [ ], 0,1λ µ∈
 
and λ µ< .Let A  be a fuzzy 

subset of a group G . Then A  is called a fuzzy 

subgroup with thresholds of G  if for all ,x y G∈  

(i) ( ) ( ) ( )A x y A x A yλ µ∗ ∨ ≥ ∧ ∧  

(ii) ( ) ( )1A x A xλ µ− ∨ ≥ ∧  

2.5 Definition [2] 

 Let [ ], 0,1α β ∈  and α < β . Let µ  be a fuzzy 

subset of a group G . Then µ   is called a fuzzy 

normal subgroup with thresholds of G if 

( ) ( )1 , , .y x y x x y Gµ α µ β− ∗ ∗ ∨ > ∧ ∀ ∈
 
 

2.6 Definition [4] 

 A fuzzy semiautomaton over a finite group ( ),Q ∗ is 

a triple ( ), ,Q X µ where X is a finite set and µ is 

a fuzzy subset of Q X Q× × . 

2.7 Definition [4] 

 Let ( ), ,S Q X µ= be a fuzzy semiautomaton over 

a finite group G . A fuzzy subset λ of Q is called 

fuzzy kernel of S if the following conditions hold. 

For all , , , ,p q r k Q x X∈ ∈  

(i) λ  is a fuzzy normal subgroup of Q  

(ii) ( ) ( ) ( ) ( )1 , , , ,p r q k x p q x r kλ µ µ λ−∗ ≥ ∗ ∧ ∧

     

2.8 Definition [4] 

Let ( ), ,S Q X µ= be a fuzzy semiautomaton over 

a finite group G. A fuzzy subset λ of Q is called 

fuzzy subsemiautomaton of S if the following 

conditions hold: 

(i) λ is a fuzzy subgroup of Q  

(ii) 
( ) ( ) ( ), ,

, , .

p q x p q
for all p q Q x X
λ µ λ≥ ∧

∈ ∈
 

2.9 Definition [4] 

 Let andλ µ be fuzzy subsets of G . The product 

λ µ∗ of λ and µ is defined by

( )( ) ( ) ( ){ }/ ,x y z y z G suchthat x y zλ µ λ µ∗ = ∨ ∧ ∈ = ∗
 

3. Main Results 

3.1 Definition  

Let ( ), ,S Q X µ= be a fuzzy semiautomaton over 

a finite Group. A fuzzy subset λ of Q is called a 

fuzzy kernel of S with thresholds if 

(i) λ  is a fuzzy normal subgroup of Q with 

thresholds 

(ii)

( )( ) ( ) ( ) ( )1 , , , ,p r q k x p q x r kλ α µ µ λ β−∗ ∨ ≥ ∗ ∧ ∧ ∧

 for all , , ,p q r k Q∈  

3.2 Definition  

Let ( ), ,S Q X µ= be a fuzzy semiautomaton over 

a finite Group. A fuzzy subset λ of Q  is called a 

fuzzy subsemiautomaton of S with thresholds if the 
following conditions hold 
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(i) λ  is a fuzzy subgroup of Q with 

thresholds 

(ii) ( )( ) ( ) ( ), ,p q x p qλ α µ λ β∨ ≥ ∧ ∧
 

for all ,p q Q and x X∈ ∈ .
 

3.3 Definition  

Let λ and µ be fuzzy subsets of G with thresholds

,α β . The product λ µ∗ is defined by  

( )( )( ) ( ) ( ) /

,

y z
x

y z G suchthat x y z
λ µ β

λ µ α
∧ ∧  ∗ ∨ = ∨  

∈ = ∗  
 

Note 

Let ( ), ,S Q X µ= be a fuzzy semiautomaton over 

a finite group in the remaining of the results. The 

element ' 'e be the identity of ( ), .Q ∗  

3.4 Proposition  

 Let [ ], 0,1α β ∈ and α β< . Let λ be a fuzzy 

kernel of ( ), ,S Q X µ= with thresholds ,α β . 

Then λ is a fuzzy subsemiautomaton of S with 

thresholds ,α β  if and only if 

( )( ) ( ) ( ), ,p e x p eλ α µ λ β∨ ≥ ∧ ∧  for all 

,p Q x X∈ ∈  

Proof: We have ( )( ) ( )1p p r rλ α λ α−∨ = ∗ ∗ ∨  

                                             

( ) ( )1p r rλ λ β−≥ ∗ ∧ ∧  (By definition 2.2) 

                                             

( ) ( )( )1p r rλ λ β α−≥ ∗ ∧ ∧ ∨
  

                                             

( )( ) ( )1p r rµ α λ β−= ∗ ∨ ∧ ∧
     

                                             

( ) ( ) ( )( ) ( ), , , , ,q x p e x r q rµ µ λ β λ β≥ ∧ ∧ ∧ ∧ ∧
 (By definition 3.1) 

                                            

( ) ( ) ( ) ( )( ), , , ,q x p e x r e qµ µ λ λ β≥ ∧ ∧ ∧ ∧                                                                      

      
      
      

 Since ( ) ( ) ( ), ,r e x r eλ µ λ≥ ∧ by given 

condition 

                                             

( ) ( ) ( ), , , ,q x p e x r qµ µ λ β≥ ∧ ∧ ∧   

Since  ( ) ( )e qλ λ≥   

                                             

( ) ( ), ,q x p qµ λ β≥ ∧ ∧
 

3.5 Proposition  

Let [ ], 0,1α β ∈ and α β< . Let λ be a fuzzy 

kernel of ( ), ,S Q X µ=  with thresholds ,α β  and 

ν be a fuzzy subsemiautomaton of S with thresholds

,α β . Thenλ ν∗  is a fuzzy subsemiautomaton of S 

with thresholds ,α β . 

Proof: Since λ  is a fuzzy normal sub group with 

thresholds andν  is a fuzzy sub group with thresholds 

of Q , it follows thatλ ν∗  is a fuzzy sub group of Q  

with thresholds ,α β  

                                

( )( )( ) ( )( )( )1p p r rλ ν α λ ν α−∗ ∨ = ∗ ∗ ∗ ∨  , 

By definition 3.3 

                                                           

( ) ( )( )1p r rλ ν β−≥ ∗ ∧ ∧  
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( ) ( )( )( )1p r rλ ν α β−≥ ∗ ∧ ∨ ∧  

                                                                                        
Using Lemma 2.1 in [2]                                                                                                                            

                                                          

( )( ) ( )( )1 ,p r rλ α ν α β−= ∗ ∨ ∧ ∨ ∧
 
since ∨

is distributive.
                

                                            

( ) ( ) ( )( )
( ) ( )( )

, , , ,

, ,

a b x p a x r b

a x r a

µ µ λ β

µ ν β β

≥ ∗ ∧ ∧ ∧ ∧

∧ ∧ ∧
 

                                                           

( ) ( ) ( ), ,a b x p b aµ λ ν β= ∗ ∧ ∧ ∧  

                            

( )( )( ) ( ) ( ) ( ), , /

, ,

a b x p b a
p

a b Q a b q
µ λ ν β

λ ν α
∗ ∧ ∧ ∧  ∗ ∨ ≥ ∨  

∀ ∈ ∗ =    

                                                               

( ) ( ) ( ) /
, ,

, ,

b a
q x p

a b q a b Q
λ ν β

µ
 ∧ ∧  = ∧ ∨   ∗ = ∀ ∈     

                                                               

( ) ( )( ), ,q x p qµ λ ν α= ∧ ∗ ∨
 

                                                               

( ) ( )( ), ,q x p qµ λ ν β> ∧ ∗ ∧
 

                                                                

( ) ( )( ), ,q x p qµ λ ν β≥ ∧ ∗ ∧  

3.6 Proposition  

 Let [ ], 0,1α β ∈ and α β<  .If λ  and ν   are 

fuzzy kernels of  S  with thresholds ,α β  then 

λ ν∗  is a fuzzy kernel of S  with thresholds ,α β . 

Proof: Since λ  and ν  are fuzzy normal subgroups 

of  Q  with thresholds then λ ν∗  is also fuzzy 

normal sub group of  Q   with thresholds  

( )( )( ) ( )( )1 1 1p r p q q rλ ν α λ ν α− − −∗ ∗ ∨ ≥ ∗ ∗ ∗ ∗ ∨
 

                        

( ) ( )1 1p q q rλ ν β− −≥ ∗ ∧ ∗ ∧
      (By normal 

subgroup definition) 

                                     

    

                                    

( )( ) ( )( )1 1p q q rλ α ν α β− −= ∗ ∨ ∧ ∗ ∨ ∧
 

Using Lemma 2.1 in[2] 

                                     

( ) ( ) ( )( )
( ) ( ) ( )( )

, , , ,

, , , ,

a b c x p a b x q c

a b x q a x r b

µ µ λ β

µ µ ν β β

≥ ∗ ∗ ∧ ∗ ∧ ∧ ∧

∗ ∧ ∧ ∧ ∧
 (By definition 3.1) 

                                     

( ) ( ) ( ), ,a b c x p c bµ λ ν β= ∗ ∗ ∧ ∧ ∧  

                                                                                             

( ) ( )( )Since , , , ,a b c x p a b x pµ µ∗ ∗ ≤ ∗ ∗
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( ) ( ) ( )( ), , , ,q k x p q x r kµ µ λ µ α= ∗ ∧ ∧ ∗ ∨
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Abstract— 

Wireless Sensor Networks (WSNs) consist of a 
network of wireless nodes that have the capability to 
sense a parameter of interest. Sensors of various types are 
deployed ubiquitously and pervasively in varied 
environments such as office buildings, wildlife reserves, 
battle fields, mobile networks, etc The sensed parameter 
is relayed to a base station through the network formed 
amongst these nodes. The devices used are typically 
characterized by low cost, low power and are rugged in 
operation. The node integrates programming, 
computation, communication, and sensing onto a single 
system and provides an easy user interface for operating 
and deploying it. The paper presents such a design which 
minimizes cost and power consumption, thus enhancing 
the life time of the node. 
 
Keywords: node, Wireless Sensor network, ZigBee 
 
I.  INTRODUCTION  

The advances in the hardware and wireless 
technologies have resulted in inexpensive low power 
communication devices that can be deployed throughout 
a physical space, providing dense sensing close to 
physical phenomena, processing and communicating this 
information, and coordinating actions with other nodes. 
Such a deployment can be termed as a Wireless Sensor 
Network (WSN). To realize such a network, we must 
address a new collection of challenges. The individual 
devices in a WSN are inherently resource constrained: 
they have limited processing speed, storage capacity, 
battery capacity, and communication bandwidth. These 
devices have substantial processing capability in the 
aggregate, but not individually. These devices are called 
as nodes.  

A “node” in a wireless sensor network is capable of 
gathering information, processing and communicating 
with other connected nodes in the network. Typically the 
node may contain one or more sensors that can monitor 
the surroundings for specific parameters. Some of these 
sensors commonly used are to sense temperature, light, 
sound, position, acceleration, vibration, stress, weight, 
pressure, humidity, etc. The microcontroller performs all 
the data processing tasks and controls the functionality 

of other components in the sensor node. The sensors 
measure data of the area to be monitored. The continual 
analog signal sensed by the sensors is digitized by an 
Analog-to-digital converter and sent to controllers for 
further processing. The nodes also contain the 
communication module which provides communication 
over wireless medium using transceivers. The nodes can 
be powered by using batteries. A large number of nodes 
hence communicate over wireless channel form an ad-
hoc network. All the information can eventually be 
transmitted to a gateway node. 
By forming an ad-hoc network they can function for a 
long time without any human intervention since they 
consume limited power. 

The paper is organized as follows: Section 2 deals 
with the architectural issues in wireless sensor network. 
Section 3, presents the overview of Wireless Sensor 
Network. Section 4 deals with power constraints in 
WSN. Section 5 deals with the various aspects of 
ZigBee. The paper is concluded in section 6. 
 
II.ARCHITECTURAL ISSUES IN WSN  

Wireless Sensor Networks (WSNs) are an important 
new class of networked system. Simultaneously 
presenting intellectually deep CISE research challenges 
and promising tremendous societal impact through 
scientific progress, better engineering, improved 
productivity, and enhanced security, research in this area 
has progressed substantially. Dealing with both scale and 
density is hard enough in ideal environments. 
Unfortunately, we don’t have the luxury of ideal 
environments with sensor networks. Because sensor 
networks are intended to monitor the physical world, they 
must often be deployed in natural and uncontrolled 
environments. No longer can we assume the carefully 
controlled temperature, abundant power, and human 
monitoring of server rooms and data centers. Instead, 
wireless sensor networks must be designed to operate 
while unthread (no external power), unattended (no 
manual configuration or management), intermittently 
connected (radios may be turned off for substantial 
periods of time to conserve power), and uncontrolled 
environment.[1]. The following architectural issues must 
be considered while designing power optimized WSN. 
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A.  Implications on WSN  

 
1.  Network Dynamics  
There are three main components in a sensor 

network. These are the sensor nodes, sink and monitored 
events. Supporting the mobility of sink nodes is an 
important issue in WSN design. Routing plays important 
role as routing messages from or to moving nodes is 
more challenging since route stability becomes an 
important optimization factor, in addition to energy, 
bandwidth etc [2].  
 
2. Node Deployment:  

Another consideration is the topological 
deployment of nodes. This is application dependent and 
affects the performance of the routing protocol. The 
deployment is either deterministic or self-organizing  
 
3. Energy Considerations: 

 During the creation of an infrastructure, the 
process of setting up the routes is greatly influenced by 
energy considerations. Since the transmission power of a 
wireless radio is proportional to distance squared or even 
higher order in the presence of obstacles, multi hop 
routing will consume less energy than direct 
communication.  
 
4. Node Capabilities: 
 In a WSN, different functionalities can be associated 

with the sensor nodes. According to previous studies, all 
sensor nodes are assumed to be homogenous, having 
equal capacity in terms of computation, communication 
and power. However, depending on the application a 
node can be dedicated to a particular special function 
such as relaying, sensing and aggregation since engaging 
the three functionalities at the same time on a node might 
quickly drain the energy of that node. Inclusion of 
heterogeneous set of sensors raises multiple technical 
issues related to data routing. The results generated from 
these sensors can be at different rates, subject to diverse 
quality of service constraints and following multiple data 
delivery models. Therefore, such a heterogeneous 
environment makes data routing more challenging. 
 
III.    OVERVIEW OF WIRELESS SENSOR 
NETWORK  

Sensor networks are applied to various fields ranging 
from special application fields such as wild environment 
monitoring, industrial machine measurement and military 
purpose measurement to daily application fields such as 
fire monitoring and pollution monitoring.[3]. A wireless 
sensor network is a wire and wireless network, which 
consists of several sensor nodes deployed in a certain 
field. A sensor node should have computation, sensing 
and wireless communication functions.  

The numerous sensors are used for delivering crucial 
information in real-time from environments and 
processes, where data collection is impossible previously 

with wired sensors [4]. Typically, wireless sensor 
networks are composed of low power sensor nodes and 
integrate general-purpose computing with heterogeneous 
sensing and wireless communication. Their emergence 
has enabled observation of the physical world at an 
unprecedented level of granularity. One of the most 
important components of a sensor node is the power unit 
[5].A wireless sensor network limits the radio frequency 
channel, due to, that is to say, unstable links, limit of 
physical protection of each sensor node, actual of each 
nodes connection, variation topology in addition 
dangerousness about routing security is high by activity 
spite nodes. In addition, restrictions of the hardware of 
the sensor node itself makes it difficult guarantee the 
maintenance of security because of vulnerability.[6][7].A 
wireless sensor network consists of spatially distributed 
autonomous sensors to cooperatively monitor physical or 
environmental conditions, such as temperature, sound, 
vibration, pressure, motion or pollutants.  
    
 A sensor network normally constitutes a wireless ad-
hoc network, meaning that each sensor supports a 
multi-hop routing algorithm. The network does not rely 
on a pre-existing infrastructure, such as routers in wired 
networks or access points in managed (infrastructure) 
wireless networks. Instead, each node participates in 
routing by forwarding data for other nodes, and so the 
determination of which nodes forward data is made 
dynamically based on the network connectivity. 

The sensor nodes must 
(i) Consume extremely low power  
(ii) Operate in high volumetric densities 
(iii) Have low production cost and be dispensable and  
(iv) Be adaptive to the environment.  
The base stations are one or more distinguished 

components of the WSN with much more computational, 
energy and communication resources. They act as a 
gateway between sensor nodes and the end user. Fig1 
shows the basic components of a sensor node. 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
Figure 1: Components of a sensor node 

 
IV.    POWER CONSTRAINTS IN WSN  

 
Wireless sensor networks typically have power 

constraints. The absence of wires implies the lack of an 
external power supply such as battery packs. Although 
photovoltaic’s or other passive energy gathering 
techniques are possible, these approaches typically 
provide only a modest amount of operating power. 
Therefore it is necessary to extend the battery life of 
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individual sensors so that the network can remain 
functional as long as possible. Moreover, for biomedical 
sensors, power usage results in heat dissipation that may 
further require minimizing the total power consumed by 
the wireless sensor network.[9].  

The handling of the wireless transceiver contributes 
significantly to the node’s overall energy consumption 
[10]. In order to extend the working time of individual 
devices, it is frequent practice that some node elements 
are deactivated, including the radio transceiver. They 
remain inactive for most time and are activated only to 
transmit or receive messages from other nodes. Radio 
transceiver in WSN network node can operate in one out 
of four modes, which differ in the consumption of power 
necessary for proper operation: transmission – signal is 
transmitted to other nodes (greatest power consumption), 
receiving – message from other node is received 
(medium power consumption), stand-by (idle) – 
transceiver inactive, turned on and ready to change to 
data transmission or receiving (low power consumption), 
sleep – radio transceiver off [11]. 

A typical wireless sensor network consists of sensors 
powered by small batteries that are difficult to replace if 
not impossible. Hence, the sensor nodes can only 
transmit a finite number of bits before they run out of 
energy. Thus, reducing the energy consumption per bit 
for end-to-end data transmission is an important design 
consideration for such networks. We assume that each 
information bit collected by a sensor is useful for a finite 
amount of time; after this time the information may 
become irrelevant. Hence all the bits collected by the 
sensors need to be communicated to a hub node before a 
certain deadline. Therefore, the maximum end to-end 
transmission delay for each bit must be controlled to 
meet a given deadline under the hard energy constraint. 
Since all layers of the protocol stack affect the energy 
consumption and delay for the end-to-end transmission of 
each bit, an efficient system requires a joint design across 
all these layers as well as the underlying hardware where 
the energy is actually expended. [12].  

For many applications, wireless sensor networks 
(WSNs) are required to be unobtrusive, with numerous 
nodes that are dependent on a battery power source. 
These nodes are typically very simple, small, and 
inexpensive modules that are equipped with a sensor to 
measure a phenomenon. A simple transceiver is used to 
transmit and receive the measured observations to and 
from neighboring nodes. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 

 
 
 
Figure 2: A typical sensor node 

 
 

Figure 2 depicts a typical sensor node with these 
simple components. Ultimately, the sensor nodes 
cooperate in transmitting their observations to a data sink 
where they can be processed as shown in Figure 3. Since 
nodes must be as small, inexpensive, and as efficient as 
possible, there are stringent constraints on their 
computational and energy resources. On the other hand, 
the data sink is assumed to have access to substantial 
energy and computational resources, within the limits of 
reasonable expense and contemporary technology. 
Therefore one of the main challenges of designing a 
successful WSN is in minimizing the probability of error 
in transmitting data, subject to constraints in available 
power and computational resources [13]. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
Figure 3: A Typical Sensor Network 

 
 
V. WHY ZIGBEE FOR WIRELESS SENSOR 

NETWORK? 

 

The name "ZigBee" is derived from the erratic zigzag 
patterns many bees make between flowers when 
collecting pollen. This is suggestive of the invisible webs 
of connections existing in a fully wireless environment, 
similar to the way packets would move through a mesh 
network.  
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During the last few years, the ZigBee Alliance has 
made significant modification and improvement on the 
ZigBee standard IEEE 804.15.4, making it more 
applicable to the increasing demand on Personal Area 
Network (PAN) service. However, the ZigBee standard 
specified that the maximum data rate of a ZigBee link be 
250kbps. This data rate faces many difficulties dealing 
with the increasing data transmission pressure in many 
applications [14]. ZigBee is a low-cost, low-power 
wireless mesh networking proprietary standard. The low 
cost allows the technology to be widely deployed in 
wireless control and monitoring applications, the low 
power-usage allows longer life with smaller batteries and 
the mesh networking provides high reliability and larger 
range. The technology defined by the ZigBee is intended 
to be simpler and less expensive than other WPANs, such 
as Bluetooth. ZigBee wireless sensor network has great 
advantages in terms of low power consumption, high 
fault tolerance, flexibility, and autonomy.  

ZigBee operates in the industrial, scientific and 
medical (ISM) radio bands; 868 MHz in Europe, 915 
MHz in the USA and Australia, and 2.4 GHz in most 
jurisdictions worldwide. The ZigBee specifications are 
available free of cost for all non-commercial purposes. 
ZigBee can go from sleep to active mode in 15 msec or 
less, thus the latency can be very low and devices can be 
very responsive particularly compared to Bluetooth 
wake-up delays, which are typically around three 
seconds. Because ZigBee can sleep most of the time, 
average power consumption can be very low, resulting in 
long battery life. It is a typical wireless communication 
technology, which is widely used in wireless sensor 
network. ZigBee wireless sensor network has great 
advantages in terms of low power consumption, high 
fault tolerance, flexibility, and autonomy [15]. Using 
Zigbee techniques as a back bone to develop ubiquitous 
applications has been warming up while current 
information technology evolution moving from 
electrification to mobilization. However, most successful 
business cases still rely on mobile tools, such as PDA, 
WIFI, RFID, and GPS, to realize the concept of 
ubiquitous. The main challenges ahead for making real 
U-applications on the market are not only the definitions 
of ZigBee specifications and protocols, but the related 
optimal database build-up and interface design methods 
[16].  

 
The block diagram of a node is shown in the fig4 
[17]. 

 
 
         

 
 
 

Figure4.  Block Diagram of node 
 

As the main controller of the whole system, the 
microcontroller’s major responsibilities are initializing 
the system, receiving and executing the orders and 
memorizing these. The flow of the main programs is 
illustrated in figure 4. [Q]. 

 
 
VI.   CONCLUSION  

In this paper we have presented the power related 
issues of WSN and the role of ZigBee in designing the 
node. In a wireless sensor node, the radio consumes a 
vast majority of the system energy. This power 
consumption can be reduced through decreasing the 
transmission output power or through decreasing the 
radio duty cycle. Both of these alternatives involve 
sacrificing other system metrics. 
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Abstract 

Web 3.0 is an evolving extension of the web 2.0 
scenario. The perceptions regarding web 3.0 is 
different from person to person . Web 3.0 Architecture 
supports ubiquitous connectivity, network computing, 
open identity, intelligent web, distributed databases 
and intelligent applications . Some of the technologies 
which lead to the design and development of web 3.0 
applications are Artificial intelligence, Automated 
reasoning, Cognitive architecture, Semantic web . An 
attempt is made to capture the requirements of 
Students inline with web 3.0 so as to bridge the gap 
between the design and development of web 3.0 
applications and requirements among Students. 
Maximum Spanning Tree modeling of the 
requirements facilitate the identification of key areas 
and key attributes in the design and development of 
software products for Students in Web 3.0 using 
Discriminant analysis. 

Keywords : Web 3.0, Discriminant analysis , Design 
and Development ,Model, Maximum Spanning Tree 

 
1. Introduction 

Web 3.0 is an extension of www, in which the 
information can be shared and interpreted by 
other software agent to find and integrate 
applications to different domains. Web 3.0 
provides integrated real time application 
environment to the user. The applications are 

involved in searching using semantic web, 3D 
web and are media centric. Web 3.0 supports 
pervasive components. Each component and its 
relations are represented below. 

In web 3.0, web is transformed into database or 
Data Web wherein the data which are published 
in the web is reusable and can be queried. This 
enables a new level of data integration and 
application interoperability between platforms. It 
also makes the data openly accessible from 
anywhere and linkable as web pages do with 
hyperlinks. Data web phase is to make available 
structured data using RDF[1]. The scope of both 
structured and unstructured content would be 
covered in the full semantic web stage. Attempts 
will be to make it widely available in RDF and 
OWL semantic formats. 

The driving force for web 3.0 will be artificial 
intelligence. Web 3.0 will be intelligent systems 
or will depend on emergence of intelligence in a 
more organic fashion and how people will cope 
with it. It will make applications perform logical 
reasoning operations through using sets of rules 
expressing logical relationships between 
concepts and data on the web. With the 
realization of the semantic web and its concepts 
web 3.0 will move into Service Oriented 
Architecture. 

The evolution of 3D technology is also being 
connected to web 3.0 as web 3.0 may be used on 
massive scale due to its characteristics. 
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Web 3.0 is media centric where users can locate 
the searched media in similar graphics and sound 
of other media formats. 

The pervasive nature of web 3.0 makes the users 
of web in wide range of area be reached not only 
in computers and cell phones but also through 
clothing, appliances, and automobiles. 

2. Review of Literature 

        Claudio Baccigalupo and Enric Plaza 
discussed in the paper poolcasting : a social web 
radio architecture for Group Customization about 
Pool casting a social web radio architecture in 
which groups of listeners influence in real time 
the music played on each channel. Pool casting 
users contribute to the radio with songs they 
own, create radio channels and evaluate the 
proposed music, while an automatic intelligent 
technique schedules each channel with a group 
customized sequence of musically associated 
songs[2] . M.T.Carrasco Benitez discussed in the 
paper Open architecture for multilingual social 
networking about an open architecture for all the 
multilingual aspects of social networking. This 
architecture should be comprehensive and 
address well-trodden fields such as localization, 
and more advanced multilingual techniquesto 
facilitate the communication among users[3] . 

      Autona Gerber, Alta van der Merwe, and 
Andries Barnard discussed in the paper A 
functional Semantic web architecture about the 
CFL architecture which depicts a simplification 
of the original architecture versions proposed by 
Bernes-Lee as a result of the abstraction of 
required functionality of language layers. Gerber 
argues that an abstracted layered architecture for 
the semantic web with well defined 
functionalities will assist with the resolution of 
several of the current semantic web research 
debates such as the layering of language 
technologies [4].  

      Ferda Tartanoglu val’erie Issarny, Alexander 
Romanovsky and Nicole Levy discussed in the 
paper Dependability in the web services 
architecture which discusses about how to build 
dependable systems based on the web services 
architecture. It surveys base fault tolerance 
mechanisms and shows how they are adapted to 
deal with the specifics of the web in the light of 
ongoing work in the area[5]. Barry Norton, Sam 
Chapman and Fabio Ciravegna discussed in the 

paper developing a Service- Oriented 
Architecture to Harvest information for the 
Semantic web which discusses about the 
Armadillo architecture, how it is reinterpreted as 
workow templates that compose semantic web 
services and show how the porting of Armadillo 
to new domains, and the application of new 
tools, has been simplified[6]. 

3. Problem Definition 

The Design and Development of web 3.0 
products are on the course. Due to the existence 
of the ambiguity in the requirements of Students 
for structuring the web 3.0 products , bridging 
the gap between web 3.0 design and 
development fraternity and Students becomes 
need of the hour. The key factors for students are 
to be identified and their preference order is to be 
extracted. 

Let G1, G2, G3 denote the three groups for 
design and development in web 3.0 . The 
problem is to find the order of preferences in the 
three groups and their attributes for  Students  by  
identifying the attributes v1 , v2 , ….. vn 
included and hence design Maximum Spanning 
Tree based model. 

3. Materials and Methods 

We collected the perceptions of students inline 
with web 3.0 attributes. A five point scale was 
followed which ranges from very low 
satisfaction , low satisfaction, Medium 
satisfaction, high satisfaction to very high 
satisfaction. 
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1. Block diagram of Web 3.0 
Maximum Spanning Tree Model 

 

 

 

4. Algorithm in Web 3.0 
Spanning Tree modeling 

a. Start  
b. Collect the perceptions regarding the 

attributes of web 3.0 for students. 
c. Combining simple attributes v1,v2…vn 

into composite attribute p1,p2,….pk. 
d. Classification of composite attributes 

p1,p2,…pk into three groups G1, G2 
and G3. 

e. Discriminant Modeling for the Students 
f. Correlation Coefficient among the 

composite attributes p1,p2….pn in 
groups G1, G2  

g. Feature selection on composite 
attributes 

h. Maximum Spanning Tree Algorithm. 
i. Design maximum spanning tree model 

for students 

 Preprocessing  

The data collected are verified for completeness. 
The missing values are replaced with the mean 
value.  

 Transforming from Simple attributes to 
composite attributes 

 Data’s are collected based on the attributes. 
Some attributes are composite which are 
tabulated below. 

 

Table 1 :Simple to Composite Attributes in Media 
S.No Simple 

Attribute 
Composite 
Attribute 

1. 2D Videos , 
Screen Partial 
2D and Partial 
3D 

2D 

2. 3D text, 3D 
screen, 

3D demo and 
3D tutorial 
website 

3D 

 

 Table 2 : Simple to Composite Attributes in Output  

 
S.No Simple Attribute Composite 

Attribute 
1. Mash up, Mash 

up of results, 
Mash up of 
tutorial websites, 
Mash up of 
Social 
networking sites 

Result as Mash 
up 

5.3 Classification 

      The data’s are collected from the  Students 
based on the attributes 2D, 3D, Audio, Custom 
mash up, E decisions, Multilingual, Result as 
Mash up, Semantic Maps, Semantic Wiki, 
Software Agents, Speech recognition. Based on 
the functionality, the attributes they are grouped 
into G1 , G2 and G3. G1 comprises of 
Multilingual, Semantic maps, Edecisions, 
Semantic wiki and Software agents . G1 is 
termed as Applications . G2 comprises of 3D, 
Audio, 2D and Speech recognition. G2 is termed 
as Media. G3 comprises of Custom Mash up, 
Result as Mash up . G3 is termed as Output. 
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5.4 Discriminant modeling on groups: 

 

Table 3 : Classification Function Coefficients for Students 

 
Group Students  
Applications 14.048 
Media 9.374 
Output 8.074 
Constant -46.475 

 

The order of preferences for the three groups are 
given below based on the above Classification 
Function Coefficients. 

Order of Preferences for Students 

 

 

 

 

 

From the above table the design and 
development of web 3.0 products specifically 
related to Students,  can ensue the preference 
orders and attributes . The products can be 
designed with the maximum attributes in the first 
group preference followed by lesser attributes in 
the second and third group. 

5.5 Correlation Coefficient between all pairs 
of composite attributes 

The correlation coefficient for all pairs among 
the Groups are calculated using the following 
formula.[7] 

 

Correlation(r) =[ NΣXY - (ΣX)(ΣY) / 
Sqrt([NΣX2 - (ΣX)2][NΣY2 - (ΣY)2])]  
where  
              N = Number of values or elements  
              X = First Score 
              Y = Second Score 
              ΣXY = Sum of the product of first and 
Second Scores 
              ΣX = Sum of First Scores 
              ΣY = Sum of Second Scores 
              ΣX2 = Sum of square First Scores 
              ΣY2 = Sum of square Second Scores 
sample correlation coefficient of G3 (output) for 
Students 

  Table 4 : Correlation Coefficient  

S.No Source Destination Correlation 
Coefficient 

1. p10 p11 .139 

 

5.6 Feature Selection on Composite 
Attributes: 

The Attribute pairs which have positive 
correlation are selected. The Attribute pairs 
which have negative correlation are removed. 

5.7 Maximum Spanning  Tree Algorithm   

A spanning tree of an undirected graph of n 
nodes is a set of n − 1 edges that connects all 
nodes. This note develops two algorithms for 
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finding the minimum spanning tree. Properties of 
spanning trees In a spanning tree: 

• There is no cycle: a cycle needs n edges. 

• There is exactly one path between any two 
nodes: there is at least onepath between any two 
nodes because all nodes are connected. 
Further,there is not more than one path between 
a pair of nodes because thenthere would be a 
cycle that includs both nodes. 

• Adding a non-tree edge creates a cycle: 
Suppose a non-tree edge (x, y) is added to a 
spanning tree. Now there are two distinct paths 
between(x, y), the added edge and the path in the 
tree. Hence there is a cycle. 

• Removing an edge from a cycle as above 
creates a spanning tree: after removal of the edge 
there are (n − 1) edges. All nodes of the graph  
are connected: suppose edge (x, y) is removed 
that belonged to the original graph. The nodes x, 
y are still connected because x, y were on a 
cycle. For other node pairs, in the path in the 
original graph replace the edge (x, y) by the path 
between x, y. 

Kruskal’s Algorithm 

Let G = (V, E) be the given graph, with 
| V| = n 
        { 

            Start with a graph T = (V,ɸ) 
consisting of only the  vertices of G and 
no edges;  

/* This can be viewed as n  connected 
components, each vertex being one 
connected component */ 

       Arrange E in the order of increasing 
costs; 

        for (i = 1, i<=n - 1, i + +) 

        {  

 Select the next biggest cost edge; 

 if (the edge connects two different 
connected components) 

 add the edge to T; 

 } 

 }  

 

Order of preferences for Groups and Attributes 
for students : 

 

 

 

Maximum Spanning Tree model for  Students 
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7.0 Conclusion 

The perceptions inline with web 3.0 products are 
collected from students. The data’s are 
preprocessed , classified, Mean, Standard 
deviation and correlation coefficient are 
computed to understand the descriptive and 
Discriminant modeled. An model for Students 
based on Maximum Spanning Tree is designed . 
At the outset of evolving growth in Web 3.0 this 
model is an initiative for the of web 3.0 product 
design for Students . 
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Abstract 

According to the market requirements of Electric 
Meter. Nowadays, the system will use ZigBee and GSM 
system for communication protocol. The ZigBee is used 
since the application don’t need high speed data rate, need 
to be low powered and low cost. Presenting the remote 
wireless Electric Meter Reading System, this aims at 
resolving the shortcomings of the technology of the 
traditional Electric Meter Reading, combining the 
characteristics of the ZigBee technology and 
IEEE802.15.4 standard. The hardware implementation was 
designed, and then analyzed the use cases for Electric 
Meter. 
  
Keywords-ZigBee; IEEE802.15.4; Market 
Requirements 
 
1. INTRODUCTION 
 

Automatic Electric Meter reading is one method 
reading and processing data automatically with computer 
and communication. It is the need of improving the 
automatic level of energy consumption and the necessity 
of rapid development of computer and communication 
technology too. It not only may relieve reading person's 
labor intensity, reduce the reading mistake, but also has 
the advantage of high speed and good real-time. With the 
project of the wireless Electric Meter reading for wireless 
communication technology, complete the design of 
automatic Electric Meter reading system. Through 
researching the characteristic of main wireless 
communication protocol, ZigBee is chosen as lower layer 
communication protocol. With these applications, the 
standard is optimized for low data rate, low power 
consumption, security and reliability. Here describes the 
functional requirements to solve the technical issues 
related to the market applications. 

 
 
 
 

 
 
2. IEEE802.15.4 AND ZIGBEE  
 
2.1. IEEE 802.15.4  

 
The ZIgBee protocol stack is described in Figure 1 .As 

we can see, IEEE 802.15.4 and the ZigBee network are 
tightly coupled to provide the consumer standardization 
for low-power and low-rate wireless communication 
devices.IEEE802.15.4 PHY layer provides 16 channels for 
ISM 2.4GHz,10 channels for ISM 900 MHz, and 1 
channel for 868 MHz IEEE 802.15.4 PHY provides 
LOI(Link Quality Indicator) in order to characterize the 
quality of links between nodes, as well as data 
transmission and reception, IEEE 802.15.4 MAC uses the 
Carrier Sense Multiple Access with Collision 
Avoidance(CSMA/CA) mechanism for accessing the 
channel, like other wireless networks such as IEEE802.11 
and IEEE 802.15.3 . There are two variations: Beacon 
Enabled Network which uses the CSMA/CA. Moreover, it 
provides the GTS (Guaranteed Time Slots) allocation 
method in order to provide real time data communication. 
 
2.2 ZigBee  

Based on IEEE 802.15.4 PHY/MAC , the ZigBee 
network layer provides functionality such as dynamic 
network formation, addressing, routing, and discovering 1 
hop neighbors . The size of the network address is 16 bits , 
so ZigBee is capable to accept about 65535 devices in a 
network , an the network adderss is assigned in a 
hierarchical tree structure . ZigBee provides not only star 
topology, but last mesh topology. Since any device can 
communicate with other devices except the PAN 
Coordinator, the network has high scalability and 
flexibility. Besides, the self-formation and self-healing 
features makes ZigBee more attractive , The deployed 
ZigBee devices automatically construct the network, and 
then changes such as joining/leaving of devices are 
automatically reflected in the network configuration. 

 
 
 
 
 
 
 

 
 
 
 
 
3. THE MARKET REQURIREMENTS  
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3.1  Market Needs   
The utilities and Electric Metering companies 

continually look for improved methods to support their 
day to operations, which include: Providing flexible billing 
dates for customers, Performing Monthly/Cycle billing 
reads, Implementing Time-of-Use billing, Capturing Peak 
Demand, Supporting Critical Peak Pricing events, 
Forecasting energy usage, Positive outage and restoration 
detection and notification., Theft detection, Remote 
connect and validation, Market advanced Electric 
Metering and billing programs 
 
3.2 Market Analyses  

Within the typical ZigBee network there is a single 
“owner” or “stakeholder.” This owner can determine which 
devices are allowed on the PAN by only sharing network 
keys with trusted devices. There may be two stakeholders for 
a single network: the utility and the end customer. Neither of 
these stakeholders necessarily trusts the other. The utility 
wants to be sure that the end customer cannot use ZigBee to 
inappropriately manipulate a load control or demand response 
system, or attack an energy service portal. The customers 
want to be sure that the energy service portal does not allow 
the utility to take liberties with their equipment or 
compromise their privacy. This results in four primary 
network ownership / deployment scenarios: utility-private, 
customer-private, shared, and bridged. Each of these 
scenarios has different implications. All of these scenarios are 
valid for EMI deployments, though their use may be specific 
to particular use cases or markets . 
 
3.2.1 Utlity-Private  

Utility Private HAN might include an in-home display, 
or a load control device working in conjunction with 
energy service portal, but it would not include any 
customer controlled devices. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
3.2.2  Customer-Private  

In the most extreme form, a customer private network 
might not even include an ESP on the ZigBee network, 
instead relying on some sort of customer provided device 
with non-ZigBee access to usage, consumption, and price 
data. Control messages in these examples would be one 
determined by the end customer, not the utility, and 
programmed into a home energy management console. 
 

3.2.3 Customer and Utility Shared  
The shared HAN represents the worst security scenario 

for an EMI deployment. Devices are on a network they 
cannot trust, with other devices they cannot trust. 
Application level authentication and authorization are 
required to support a shared network environment. 

 
 
 
 
 

 
 
 
 
   
 
 
3.2.4 Application-Linked  

As an example, in the scenario below, the Utility HAN 
is made available strictly to utility controlled devices. The 
Home Energy Management Console is a utility approved 
device that also lives on a customer provided HAN. It can 
respond to EMI commands, as well as sending out HA 
commands to devices within the home. 
 
 
 
 
 
 
 
 
 
 
 
 
 
4. DESIGN OF EMI 
 

According the design for this system, the hardware 
design of EMI is divided to two parts: The Electric- Meter 
End Devices and The Data Acquisition Device. The 
former is to acquire the data of the Electric-Electric Meter, 
then transmit the data to the Data Acquisition Device 
through ZigBee network. Meanwhile display the energy 
and system time on the Electric Meter for customer. The 
latter functioned as a coordinator in the whole ZigBee 
network. Its function is to obtain all the information of the 
Electric Meters. And then transmit them to the energy 
management center through the parallel port 
 
4.1Design for End Electric Meter Device  

The CC2430 comes in three different versions: CC2430-
F32/64/128, with 32/64/128 KB of flash memory 
respectively.  
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The CC2430 is a true System-on-Chip (SoC) solution 

specifically tailored for IEEE 802.15.4 and ZigBee 
applications. It enables ZigBee nodes to be built with very 
low total bill-of-material costs. The CC2430 combines the 
excellent performance of the leading CC2420 RF transceiver 
with an industry-standard enhanced 8051 MCU, 32/64/128 
KB flash memory, 8 KB RAM and many other powerful 
features. Combined with the industry leading ZigBee 
protocol stack (Z-Stack) from Figure 8 Wireless / Chipcon, 
the CC2430 provides the market most competitive ZigBee 
solution. 
 
4.2 Designs for Data Acquisition Device  

As the ZigBee node has to be used with Electric Meter 
Module, and it should be powered by battery, so the size 
of the ZigBee node is small, low-rate, and high-stability. 
Choose the small encapsulation designation circuit, and 
use the PCB as the wireless antenna. Make the bulk of the 
module to be minimized. Use the PIC18F4620 as the 
MCU, at the idle and sleeping state, it can minimize the 
power consumption of the system, choose the Chip on 
CC2430 which conforms to ZigBee protocol stack 
standard, and it needs a few external equipments, stable 
performance and the power consumption is low. 
 

The interface circuit between PIC18F4620 and 
CC2430 is simple and the external equipments is fewer, 
simplify the difficulty of the debug, improve the stability 
of the system. In the addition of using the PCB , this 
system can communicate 60 miles.  

The Data Acquisition Device reads the data from the 
Electric Meter timely, which read the impulse of the 
sensor, sending the data to the gather through the ZigBee 
communication module, till the Electric-Electric Meter 
data transport module read the data of this area. 
 
5. SOLUTION USE CASES 
 

The following sections describe the predominant areas 
of use cases for the EMI/EMR Market space, they are:_  

1. Mobile EMR: Describes the market needs and the 
utilization of ZigBee to facilitate Electric Meter 
reading using mobile reading devices.  

2. Energy Management: Provides the use cases that 
utilize the ZigBee based devices that support or 
enable EMS programs within premises. 

 
 5.1 Mobile EMR  

Mobile EMR solutions consist of two scenarios, a 
Walk-By solution where Hand Held Computers are 
typically used to gather Electric Meter information, and a 
Drive-By solution where Computers used in conjunction 
with dedicated radios are installed in vehicles to remotely 
read Electric Meter information. Below are examples of 
both scenarios . 
 

As depicted in the above diagram, a ZigBee based 
profile is used to transport the Electric Meter information 
to both the Walk-by and the Drive-by solutions. The types 
of Electric Metered information collected on a monthly 
basis ranges from simple Consumption to very complex 
Electric Metering including TOU (Time of Use), Load 
Profile (profile of consumption), Peak Demand. 
The steps to accomplish this use case are:  

• The CIS/MDMS requests the EMR solution to 
collect a series of Electric Meter reads. This may 
be for all Electric Meters or may be only for ones 
needed for that day business needs.  

 
• The Electric Meter Reading Host Processor 

breaks the read requests into the appropriate 
routes for the individual Hand Held Computers or 
Vehicle based equipments.  

 
• The Electric Meter Readers Proceed to collect the 

Electric Meter information along their designated 
routes.  

• The Electric Meter information id uploaded to the 
Electric Meter Reading Host Processor and then 
forwarded upstream to the CIS/MDMS. 

 
5.2    Energy Management Use Cases  

ZigBee is to be utilized as the communication medium 
between home and building automation devices, Electric 
Metering devices, in-home displays, and fixed network 
devices such a gateways, bridges or access points. ZigBee 
based solutions for Energy Management should be capable 
of operating independently but in conjunction with current 
and future EMI solutions.  

1) Utility Customer Reduces Load Voluntarily In 
Response to CPP (Critical Peak Pricing)  

When the utility determines that the next day will be a 
Critical Peak Pricing (CPP) day and needs to invoke a 
voluntary load reduction program, it will notify its 
customer base of the impending event. The notification 
can occur using a variety of methods such as newspaper, 
TV, website, email, etc but may also include providing 
notice through the EMI solution via the Electric Metering 
device or customer display.  

2)   Utility Customer Accesses Pricing Information  
Customers are becoming aware of the importance of 

understanding how much energy they are using and when 
it is being used. Customers want to understand how their 
energy consumption habits affect their monthly energy 
bills and to find ways to reduce their monthly energy 
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costs. The utility and regulatory agencies also want 
customers to be aware of the energy they are consuming 
and associated costs. By providing customers better 
visibility to their energy usage and cost at their site, they 
can make more educated energy related decisions 
regarding participation in load reduction programs, be 
more inclined to install energy efficient equipment and 
potentially to change their energy consumption habits. 
EMI solutions will enable improved communications 
between the utility and its customers by making if possible 
to remotely transmit energy usage, cost and other related 
utility messages to the EMI solution and down to the 
customer display device within the home or business. 
 

3)   Utility Customer Uses Prepayment Services  
Most utility customers pay for usage after the fact. The 

utilities would also like to provide customers the ability to 
prepay for their electric quantities. This would apply to 
purchasing power for a residence or commercial site. 
 
6. CONCLUSION 
 

ZigBee technology is a new wireless protocol that 
widely used various areas for it excellent performance in 
reliability, capability, flexibility and cost, ZigBee 
corresponds to a large market. This paper provides an 
application in the field of automatic Electric Meter 
Reading System. With the developments of the ZigBee 
technology and the communication network technology of 
computer, wireless Electric Meter Reading System will 
grow up and practical mostly. 
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Entropy of Data Compression Using Object Oriented Data 

Warehousing

 

ABSTRACT 

A data warehouse is a repository of subjectively selected and 

adapted operational data which can successfully answer any 

ad hoc, statistical, complex or analytical queries. Data 

warehousing technology is becoming essential for effective 

business intelligence, business strategy formulation and 

implementation in a globally competitive environment where 

in larger and larger amounts of data are required to be 

processed faster and faster for comprehension of its real 

meaning and impact [4].Data warehousing has been around in 

some form or another since the inception of data storage, 

people were never able to exploit the information that was 

wastefully sitting on a tape somewhere in a back room. 

Organizations across the country and around the world are 

seeking expertise in this exploding field of data organization 

and manipulation. It is not a surprise, really, that business 

users want to get a better look at their data. Today, business 

opportunities measure in days, instead of months or years, and 

the more information empowering an entrepreneur or other 

business person, the better the chances of beating a competitor 

to the punch with a new product or service. In this paper we 

have discussed the efficiency of the data warehousing 

packages so that less CPU time and less Memory is 

consumed. 

 

 

 

 

 

 

 

 

 

 

 

 

 

Keywords: Entropy, Data warehousing, object oriented, Data 

compression  

1. INTRODUCTION 

A data warehouse is a mechanism for data storage and 

data retrieval. Data can be stored and retrieved with a 

multidimensional structure--hypercube or relational, a 

star schema structure or several other data storage 

techniques. The task of transitioning from a procedural 

mindset to an object-oriented paradigm can seem 

overwhelming; however, the transition does not require 

developers to step into another dimension or go to Mars 

in order to grasp a new way of doing things. In many 

ways, the object-oriented approach to development 

more closely mirrors the world we've been living in all 

along: We each know quite a bit about objects already. 

It is that knowledge we must discover and leverage in 

transitioning to object-oriented tools and 

methodologies. Our research has been from a different 

point of view – our primary motivating factor is to 

show how existing applications can be enhanced using 

object –oriented Technology. Like Many new ideas, 

object –oriented programming does not have a 

universally accepted definition [1, 2]. Ideas on the 
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subject do, however, seem to be converging the “best” 

definition that we have seen to date is “object-oriented 

= object + classes + inheritance” [3]. OOP can also be 

defined as an extension of the idea of abstract data type. 

The task of transitioning from a procedural mindset to 

an object – oriented paradigm can seem overwhelming: 

however, the transition does not require developers to 

step into another dimension or go to grasp a new way of 

doing thing. In many ways, the object oriented 

approach to development more closely mirrors the 

world we’ve been living in all along. [8]. we each know 

quite a bit about objects already. It is that knowledge 

we must discover and leverage in transitioning to 

object- oriented tools and methodology. 

 

2. ENTROPY IN DATA COMPRESSION  

 Data compression is of interest in business data 

warehousing, both because of the cost savings it offers 

and because of the large volume of data manipulated in 

many business applications. The types of local 

redundancy present in business data files include runs 

of zeros in numeric fields, sequences of blanks in 

alphanumeric fields, and fields which are present in 

some records and null in others.[1],[2] Run length 

encoding can be used to compress sequences of zeros or 

blanks. Null suppression may be accomplished through 

the use of presence bits. Another class of methods 

exploits cases in which only a limited set of attribute 

values exist. Dictionary substitution entails replacing 

alphanumeric representations of information such as 

bank account type, insurance policy type, sex, month, 

etc. by the few bits necessary to represent the limited 

number of possible attribute values. The problem of 

compressing digital data can be decoupled into two 

subproblems: modeling and entropy coding. Whatever 

the given data may represent in the real world, in digital 

form it exists as a sequence of symbols, such as bits. 

The modeling problem is to choose a suitable symbolic 

representation for the data and to predict for each 

symbol of the representation the probability that it takes 

each of the allowable values for that symbol. The 

entropy-coding problem is to code each symbol as 

compactly as possible, given this knowledge of 

probabilities. (In the realm of lossy compression, there 

is a third subproblem: evaluating the relative 

importance of various kinds of errors.) 

For example, suppose if it is required to transmit 

messages composed of the four letters a, b, c, and d. A 

straightforward scheme for coding these messages in 

bits would be to represent a by \00", b by \01", c by 

\10" and d by \11". However, suppose if it is known 

that for any letter of the message (independent of all 

other letters), a occurs with probability .5, b occurs with 

probability .25, and c or d occur with probability .125 

each. Then a shorter representation might be chosen for 

a, at the necessary cost of accepting longer 

representations for the other letters. a could be 

represented by \0", b by \10", c by \110", and d by 

\111". This representation is more compact on average 

than the first one; indeed, it is the most compact 

representation possible (though not uniquely so). In this 

simple example, the modeling part of the problem is 

determining the probabilities for each symbol; the 

entropy-coding part of the problem is determining the 

representations in bits from those probabilities; the 

probabilities associated with the symbols play a 

fundamental role in entropy coding. One well-known 

method of entropy coding is Huffman coding, which 

yields an optimal coding provided all symbol 

probabilities are integer powers of .5. Another method, 

yielding optimal compression performance for any set 

of probabilities, is arithmetic coding. In spite of the 

superior compression given by arithmetic coding, so far 

it has not been a dominant presence in real data-
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compression applications. This is most likely due to 

concerns over speed and complexity, as well as patent 

issues; a rapid, simple algorithm for arithmetic coding 

is therefore potentially very useful. An algorithm which 

allows rapid encoding and decoding in a fashion akin to 

arithmetic coding is known as the Q-coder. The QM-

coder is a subsequent variant. However, these 

algorithms being protected by patents, new algorithms 

with competitive performance continue to be of interest. 

The ELS algorithm is one such algorithm 

 

The ELS-coder works only with an alphabet of two 

symbols (0 and 1). One can certainly encode symbols 

from larger alphabets; but they must be converted to a 

two-symbol format first. The necessity for this 

conversion is a disadvantage, but the restriction to a 

two-symbol alphabet facilitates rapid coding and rapid 

probability estimation.  

 

The ELS-coder decoding algorithm has already been 

described. The encoder must use its knowledge of the 

decoder's inner workings to create a data stream which 

will manipulate the decoder into producing the desired 

sequence of decoded symbols. As a practical matter, the 

encoder need not actually consider the entire coded data 

stream at one time. One can partition the coded data 

stream at any time into three portions; from end to 

beginning of the data stream they are: preactive bytes, 

which as yet exert no in seuence over the current state 

of the decoder; active bytes, which affect the current 

state of the decoder and have more than one consistent 

value; and postactive bytes, which affect the current 

state of the decoder and have converged to a single 

consistent value. Each byte of the coded data stream 

goes from preactive to active to postactive; the earlier a 

byte's position in the stream, the earlier these transitions 

occur. A byte is not actually moved to the external _le 

until it becomes postactive. Only the active portion of 

the data stream need be considered at any time. Since 

the internal buffer of the decoder contains two bytes, 

there are always at least two active bytes. The variable 

backlog counts the number of active bytes in excess of 

two. In theory backlog can take arbitrarily high values, 

but higher values become exponentially less likely.  

 

3. METHODOLOGY 

Following steps will be taken for the future work 

1. Creation of different sizes of databases in oracle 

2. Employment of object oriented programming for 

compression using datawarehousing 

3. Further compression of database csv files using 

C++ 

4. Comparison of time taken and compression 

efficiency for different sizes of databases. 

 

4.  FLOW CHART OF DATA 

COMPRESSION  
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START 

JOTS/BYTE = xx 

ALLOWABLE[X] = {ROUNDING[2^(X*8/754)]} 

LADDER[256] = {THRESHOLD,CODELENGTH0  
 ,CODELENGTH1,NEXT0,NEXT1} 

D{JOTCOUNT,EXTERNALIN}= 

  

GET INTERNALBUFFER FROM INPUT FILE 

ROTATE LEFT INTERNALBUFFER 8 TIMES 

OR INTERNALBUFFER WITH INPUT FROM FILE 

IF 

INTERNALBUFFER 

>= 

 

INTERNALBUFFER = 

INTERNALBUFFER- 

LADDER[RUNG]. 

THRESHOLD[ 

JOTCOUNT] 

 

JOTCOUNT =  

  

 

 

 

   

 

 

OUTPUT 1 1 2 

3 
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JOTCOUNT = JOTCOUNT - LADDER[RUNG].CODELENGTH0 

 

   

OUTPUT 
 

IF 

JOTCOUNT 

 

 

ROTATE LEFT INTERNALBUFFER 8 TIMES 

OR INTERNAL BUFFER WITH INPUT FROM FILE 

Y 

N 

1 

2 

IF 

 

N 

Y 

3 

STO
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5. CONCLUSION 

A data warehouse is an essential component to the 

decision support system. The traditional data 

warehouse provides only numeric and character 

data analysis. But as information technologies 

progress, complex data such as semi-structured and 

unstructured data become vastly used[2],[3]. Data 

Compression is of interest in business data 

warehousing, both because of the cost saving it 

offers and because of the large volume of data 

manipulated in many business application. The 

entropy is used in many areas such as image 

processing, document images. But in our research 

we used the entropy in object oriented data 

warehousing. Creation of different sizes of 

databases in oracle. Employment of object oriented 

programming for compression using 

datawarehousing. Further compression of database 

.csv files using C++. Comparison of time taken and 

compression efficiency for different sizes of 

databases. 
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Abstract 
Controlling and minimizing software complexity is the 
most important objective of each software development 
paradigm because it affects all other software quality 
attributes like reusability, reliability, testability, 
maintainability etc. For this purpose, a number of software 
complexity measures have been reported to quantify 
different aspects of complexity. Complexity and fault 
proneness are  two prominent   parameters   for  improving 
quality of  the software . The software industry is 
continuously  facing  the challenges of growing complexity 
of software and increased level of data on defects. To 
control the complexity and faults is one of the major 
challenges for researchers to predict different parameters 
which are responsible for increasing complexity and fault 
proneness. In this paper, faults prediction through 
bebugging technique has been tried through an experiment 
applied to C++ programs and compared the results with 
various object-oriented complexity measures. The results 
have been found encouraging. Relationship between faults 
and complexity has also been established. 
 
Keywords: Reusability, Reliability, Testability, Maintainability, 
Fault Proneness, Faults Prediction, Bebugging. 

1. Introduction 

From time to time, various complexity metrics have been 
designed in an attempt to measure the complexity of 
software systems. Software complexity directly affects 
maintenance activities like software reusability, 
understandability, modifiability and testability. Estimates 
suggest that about 50 to 70 % of annual software 
expenditure involve maintenance of existing systems. 
Predicting software complexity and faults can save 
millions in maintenance [[11,,77,,99,,1100,,1188]]..  Clearly, if 
complexities could somehow be identified and measured, 
then software developers could adjust development, testing 
and maintenance procedures and effort accordingly. This 

concern has motivated several researchers to define and 
validate software complexity measures and establish 
relationship between software complexity and faults [[11,,  22,,  
33,,  55,,  77,,  1166,,  1199,,  2200,,  2211]].. It is accepted by both software 
developers and researchers that complexity of software can 
be controlled more effectively through  object-oriented 
approach than traditional function-oriented approach. It is 
because that objected-oriented paradigm controls 
complexity of a software system by supporting hierarchical 
decomposition through both data and procedural 
abstraction [[99]]. But, the complexity of software is an 
essential attribute, not an accidental one [[66]]. Traditional 
software complexity metrics are not appropriate for object-
oriented software systems due to their distinguish features 
like class, inheritance, polymorphism, coupling, and 
cohesion. 
 
In this paper, faults prediction through bebugging 
technique has been tried through an experiment applied to 
C++ programs and compared the results with various 
object-oriented complexity measures. The results have 
been found encouraging. Relationship between faults and 
complexity has also been established. 
  
Rest of this paper is organized as follows: Section 2 
presents overview of software complexity and existing 
complexity measures. Faults prediction through bebugging 
is explained in section 3. Section 4 describes experiment 
design for faults prediction. Section 5 discusses the 
experimental results. Finally, section 6 concludes the paper 
with directions for future work. 

2. Overview Of Software Complexity And 
Existing Complexity Measures 

2.1 Software Complexity 
  
In literature, software complexity has been defined 
differently by many researchers. Zuse [[1111]]  defines 
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software complexity as the difficulty to maintain, change 
and understand software. It deals with the psychological 
complexity of programs. According to Henderson-Sellers 
[[1122]]  the cognitive complexity of software refers to those 
characteristics of software that affect the level of resources 
used by a person performing a given task on it. Basili [44]] 
defines software complexity as a measure of the resources 
expended by a system while interacting with a piece of 
software to perform a given task. Here, interacting system 
may be a machine or human being. Complexity is defined 
in terms of execution time and storage required to perform 
the computation when computer acts as an interacting 
system. In case of human being (programmer) as an 
interacting system, complexity is defined by the difficulty 
of performing tasks such as coding, testing, debugging or 
modifying the software. Bill Curtis [[1133]] has reported two 
types of software complexity – Psychological and 
Algorithmic. Psychological complexity affects the 
performance of programmers trying to comprehend or 
modify a class/module whereas algorithmic or 
computational complexity characterizes the run-time 
performance of an algorithm. Brooks [[66]]  states that the 
complexity of software is an essential attribute, not an 
accidental one. Essential complexity arises from the nature 
of the problem and how deep a skill set is needed to 
understand a problem. Accidental complexity is the result 
of poor attempts to solve the problem and may be 
equivalent to what some are calling complication. 
Implementing wrong design or selecting an inappropriate 
data structure adds accidental complexity to a problem. 
 
Software complexity can not be defined by a single 
definition because it is multidimensional attribute of 
software. So, different researchers/users have different 
view on software complexity. Therefore, no standard 
definition exits for the same in literature. However, 
knowledge about software complexity is useful in many 
ways. It is indicator of development, testing, and 
maintenance efforts, defect rate, fault prone modules and 
reliability. Complex software/module is difficult to 
develop, test, debug, maintain and has higher fault rate. 
 
2.2 Software Complexity Measures 
  
Software complexity can not be removed completely but 
can be controlled only. But, for effective controlling of 
complexity, we need software complexity metrics to 
measure it. From time to time, many researchers have 
proposed various metrics for evaluating, predicting and 
controlling software complexity. Halstead’s software 
science metrics, McCabe’s cyclomatic number and 
Kafura’s & Henry’s fan-in, fan-out are the best known 
early reported complexity metrics for traditional function-
oriented approach [16,17,18]. But these metrics do not 

consider object oriented features of software for measuring 
the complexity of software. So traditional software 
complexity metrics are not suitable for measuring 
complexity of object oriented software. 
 
Various researchers have proposed many object oriented 
metrics to compute complexity of object oriented software. 
Chidamber and Kemerer [[11]]  proposed a suite of six 
metrics : Number Of Children (NOC) - number of 
immediate derived classes, Depth Of Inheritance Tree 
(DIT) - maximum path length from root to node in 
inheritance tree, Weighted Methods per Class (WMC) - 
sum of all methods of a class, Coupling Between Objects 
(CBO) - number of classes to which a class is coupled, 
Lack Of Cohesion in Methods (LCOM) - measures the 
dissimilarity of methods in a class and Response For a 
Class (RFC) - number of methods of a class to be executed 
in response to a message received by an object of that class. 
These metrics measure complexity of object-oriented 
software by using design of classes. WMC measures the 
complexity of a class as a sum of complexity of individual 
methods. Higher values of NOC and DIT are indicator of 
higher complexity due to involvement of many methods. 
CBO value for a class is the indicator of total number of 
other classes to which it is coupled. Mishra [[1144]]  proposed 
a metric for computing the complexity of a class at method 
level by considering internal structure of method. Fothi et 
al [[88]] designed a metric which computes complexity of a 
class on the basis of complexity of control structures, data 
and relationship between data and control structures. A 
metric which calculates overall complexity of design 
hierarchy was proposed by Mishra [[1144]]. It computes 
complexity by considering inherited methods only and 
does not take into account internal characteristics of 
methods.  
 

3. Faults Prediction Through Bebugging 
 
The process of finding and rectifying faults in a program is 
called debugging. Bebugging is the reverse of debugging. 
In bebugging , a fixed number of artificial bugs are 
introduced in a source program. The complete detail of 
these artificial bugs is kept for identifying and removing 
the same from the source program after the experiment. By 
applying bebugging method, we may predict how many 
faults are still present in the source code and thus in a 
software system.                                     Suppose P is the 
source program in which we want to predict the number of 
faults present through bebugging method. 
 
Let 
    I            =   Number of artificial faults introduced in 
program P. 
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    T           =   Total number of faults find out by the 
reviewer or a tester in program P. 
    R           =   Number of  faults find out from I. 
   (T-R)      =   New additional faults find out  
  Total number of predicted faults (PF) in the program P :  
 

IRRTPF ×−= )/)((  

 
The bebugging method is generally used by Zoologist for 
estimating the number of fish in a tank.  
 
For  example, take a sample of 100 fish from a pond. Mark 
them and put them back into the pond for mixing them 
with the total population of the tank. Again take the sample 
of 100 fish  and find  how many marked fish are in this 
sample. Let marked fish are 10. According to the 
bebugging  method, there are 900 fish in the pond. In this 
method , we assume that the original sample was random 
and remixing of  fish was homogenous. 
 
Similarly, if we insert 5 bugs in a program and reviewer  
reports total  9 faults through bebugging process. Let out 
of these 9 bugs, 3 bugs are out of 5 bugs  inserted by us.  
 Then 
  I   =   5, T = 9, R = 3, T-R = 6. 
  PF = ((T-R) /R)*I = 10 
It means predicted number of faults present in the program 
are 10.  
 

4.  Experiment Design  
 
In this experiment, the main objective is to predict number 
of faults in a program by using the bebugging method 
described in the previous section and also to analyze the 
effect of faults on the complexity. It is intuitive that a 
programmer finds lesser number of faults  in a complex 
program than a simple program in a given time period.  
 
For this purpose, an experiment was conducted at the end 
of the academic session by involving 15 MCA fourth 
semester students on scheduled date and time. For this 
purpose, 10 programs written in C++ language were used. 
In each of these programs, five logical and syntax errors 
are inserted knowingly called artificial bugs.  The purpose 
of the experiment was explained well to the students before 
conducting the experiment and they were asked to find out 
logical and syntax errors as many as they can. The 
experiment was conducted in 10 continuous sessions of 10 
minutes duration each. After  each session, the sheets of 
the program specified for the session were  collected from 
the students . In this way 10 different programs were given 
to the students in 10 different  sessions.  One sample 
program has been given in table 2. 
 

5.  Experimental Results  
 
For all the 10 programs used in the experiment, the number 
of predicted faults (PF) were calculated by using above 
mentioned bebugging technique for each of the 15 students 
(S1-S15) and results are tabulated in table 1. One sample 
program has been given in table 2. Type and description of 
errors inserted in sample program are described in table 3.  
We have also calculated three Chidamber and Kemerer’s 
(CK) metrics – WMC,  NOC, DIT, McCabe’s complexity 
measure V(G),,  lliinneess  ooff  ccooddee  ((LLOOCC))  mmeettrriicc  aanndd  ccoommppoossiittee  
wweeiigghhtteedd  ccoommpplleexxiittyy  mmeettrriicc  ((CCWWTT))  for the programs 
studied here and results are shown in table 4 [1,5,15,17,18].   
 
We  also analyzed the relationship between complexity and 
predicted number of faults through bebugging method.  For 
this purpose, we have drawn bar graphs among complexity 
metrics and faults described in table 4. These bar graphs 
have been given in figures 1-6. The bar graphs clearly 
show that fault rate  is directly proportional to complexity 
i.e. more complexity implies more possibility of faults and 
hence less quality . However, the results of program no 9 
and 10 vary because in these two programs coupling  is the 
dominating factor . Due to more coupling, number of faults 
are more where as the value of complexity measures WMC, 
NOC, DIT,V(G) and LOC are less for these two programs. 
From this it is clear that coupling plays major role for 
increasing the complexity and reducing the quality of 
programs/software. So, it should be controlled to minimum 
to develop a  good quality software.  
 
 
 
 
 
 
 
 
 

 
 

Table 1: Students wise  Experimental  Predicted Faults  (PF) 
 P1 P2 P3 P4 P5 P6 P7 P8 P9 P10 
S1 0 0 3.3 0 3.3 0 10 3.3 25 0 
S2 1.5 3.3 0 1.5 0 7.5 5 0 10 1.25 
S3 1.7 0 2.5 1.7 1.7 0 0 0 5 0 
S4 0.5 2.5 0 0.5 0 2.5 0 0 1.5 2.5 
S5 2.5 2.5 0.5 0 0.5 2.5 0 5 5 20 
S6 0 0 5 0 0 2.5 2.5 0 5 7.5 
S7 0.5 0 2.5 0 0 0 0 0 2.5 1.25 
S8 1.7 1.0 0.1 1.7 0 1.25 0 0 1.25 1.7 
S9 20 1.5 1.5 0 0.5 2.5 20 5 5 6.5 
S10 0 0.5 0.5 0 0.5 10 0 5 5 3.3 
S11 5 0 1.5 0 6.5 0 10 6.5 10 1.7 
S12 0 1.7 3.3 0 0 15 2.5 0 0 2.5 
S13 0 2.5 1.7 5 0 1.7 3.3 0 7.5 3.3 
S14 0 2.5 2.5 0 0 0 0 0 1.5 5 
S15 0 0 2.5 0 1.7 2.5 0 1.7 5 0 
Total 33.4 18.0 27.4 10.4 14.7 47.95 53.3 26.5 89.25 56.50 
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Table 2: Sample program 

Program : To find out the greatest number out of three number 
using single inheritance 
#include<iostream.h> 

#include<conio.h> 
01               Class Abc 
02               { 
03                protected: 
04                  int a ,b ,c; 
05                 public: 
06                 void input(); 
07                 void output(); 
08                }; 
09               void Abc:: input() 
10               { 
11                 cout<< enter the value  ; 
12                 cin >>a>>b  
13                } 
14           void Abc:: output() 
15               { 
16                 cout<<” a =”<<a; 
17                 cout<< “b=”<<b; 
18                cout<<”c=”<<c; 
19               } 
20       class xyz : private Abc 
21              { 
22                 public: 
23                void  greatest(); 
24               }; 
25             void greatest :: greatest() 
26              { 
27                 input(); 
28                if (a>b) 
29                 if(a>c) 
30              { 
31                 cout<<”a is the greatest number” ; 
32                } 
33                 else{ 
34                       cout<<” c is the greatest number” ; 
35                      } 
36             } 
37               else 
38                 if(b>c) 
39                  { 
40                    cout <<” b is the greatest number” ; 
41                    } 
42                else; 
43                   { 
44                    cout <<” c is the  greatest   number”; 
45                    } 
46      void  main() 
47                 { 
48                     xyz a; 
49                    clrscr(); 
50                    a.output(); 
51                    a.greatest(); 
52                     getch(); 
53    } 
 

Table 3: Description of errors in sample program 

LINE NO ERROR TYPE ERROR DESCRIPTION 
11 Syntax Undefined symbol ‘enter’ due 

to” ” is  missing in cout 
statement     

12 Logical Always c is the greatest 
number  because the value of c 
is not read.  

28 Syntax Declaration terminated 
incorrectly due    to ‘{‘ brace   
missing. 

42 Syntax else is terminated with ‘;’. 
51 Syntax abc::out not accessible due to 

abc class  is inherited in 
private mode 
 

Table 4: Values of complexity measures and errors 

P.No LOC VG WMC NOC DIT CWT Errors 
P1 20 4 1.5 0.5 0.5 153 33.4 
P2 16 2 1 0.67 0.33 112 18.0 
P3 24 4 1.6 0.67 1 285 27.4 
P4 11 2 1 0.5 0.5 69 10.4 
P5 16 2 1.5 0.5 0.5 70 14.9 
P6 35 6 1 0.67 0.33 303 47.95 
P7 39 10 1.3 1 1 645 53.3 
P8 24 4 1.6 0.67 1 285 26.5 
P9 12 1 1 0.67 0.67 59 84.75 

P10 17 1 2 0 0 71 56.50 
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Fig. 1: Relationship between LOC and Errors 
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Fig. 2: Relationship between CWT and Errors 
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Fig. 3: Relationship between VG and Errors 
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Fig. 4: Relationship between NOC and Errors 
 

Relationship between DIT and Errors
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Fig. 5: Relationship between DIT and Errors 
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Fig. 6: Relationship between WMC  and Errors 

 

6. Conclusions And Directions For Future 
Work 

 
In this paper, faults prediction through bebugging 
technique has been implemented through an experiment 
applied to C++ programs and compared the results with 
various object-oriented complexity measures. The results 
have been found encouraging. Relationship between faults 
and complexity has also been established. Making early 
decisions about complexity of a object-oriented system 
may help a lot to software developers in reducing design, 
testing and maintenance efforts and can improve its quality 
and reliability as well. The results appear to be logical and 
fit the intuitive understanding – if more complexity, then 
more possibility of faults. However, application of 
conclusions to real life situations needs further study. 
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So, further empirical research is required using data from 
industrial projects to validate these findings and to derive 
more useful and generalized results. Using data from 
industry implemented projects will provide a basis to 
examine the relationship between complexity and faults 
and we can comment on quality of software in a better 
way. 
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Abstract 

Cryptography is the art of hiding information in ways as to 
prevent detection of hidden messages. Secure data 
transmission method, which tries to alter the originality of the 
data files in to some encrypted form by using different 
methods and techniques. Encryption of data plays a vital role 
in the real time environment to keep the data out of reach of 
unauthorized people. After encryption, the files can be 
transferred securely by using multiple cytological methods.   
 
In this Paper embed and de-embed processes of information 
hiding in various file format and carried out analysis in 
different approach and procedures are implemented in 
developing novel information security system in multimedia 
files like image and video, video file and other methods.  
 
Varieties of techniques for embedding information in digital 
audio /video have been established. In this paper we will 
attend the general principles and different methodology 
adopted based on e -cipher model for hiding secret 
information using cryptographic technology, and an overview 
of functions and techniques, the goal of this paper is to know 
the different areas of information hiding and tools for 
providing secure data transmission with proposed e-cipher 
algorithms. 
 
Keywords:  Encryption; Decryption; data hiding; Mono 
Substitution; Poly Substitution; genetic keys. 

1.Introduction 

Information hiding technique is a new kind of secret 
communication technology. The majority of today’s 
information hiding systems uses multimedia objects like 
image, audio and video files. Embedding secret messages 

in different file format is usually a more difficult process. 
Varieties of techniques for embedding information in 
digital image, audio /video have been established. In this 
proposed paper we will provide technique, which gives us 
more secure in information hiding system using 
cryptographic methods. 
 
The importance of information and communications 
systems for society and the global economy is intensifying 
with the increasing value and quantity of data that is 
transmitted and stored on those systems. At the same time 
those systems and data are also increasingly vulnerable to 
a variety of threats, such as unauthorized access and use, 
misappropriation, alteration, and destruction. Proliferation 
of computers increased computing power, 
interconnectivity, decentralization, growth of networks 
and the number of users, as well as the convergence of 
information and communications technologies, while 
enhancing the utility of these systems, also increase 
system vulnerability. 

 
Security of information and communications systems 
involves the protection of the availability, confidentiality 
and integrity of those systems and the data that is 
transmitted and stored on them. Availability is the 
property that data, information, and information and 
communications systems are accessible and useable on a 
timely basis in the required manner. Confidentiality is the 
property that data or information is not made available or 
disclosed to unauthorized persons, entities and processes. 
Integrity is the property that data or information has not 
been modified or altered in an unauthorized manner. The 
relative priority and significance of availability, 
confidentiality and integrity vary according to the 
information or communication systems and the ways in 
which those systems are used. The quality of security for 
information and communication systems and the data that 
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is stored and transmitted on them depends not only on the 
technical measures, including the use of both hardware 
and software tools, but also on good managerial, 
organizational and operational procedures. 
 
Cryptography is an important component of secure 
information and communications systems and a variety of 
applications have been developed that incorporate 
cryptographic methods to provide data security. 
Cryptography is an effective tool for ensuring both the 
confidentiality and integrity of data. 
 

2.Background study of this research work 

1. Basic concepts of cryptography, cryptology, 
cryptosystem and fundementatal concepts of caeser 
cipher, features and break analysis and various related 
cipher like mono, homo and PolyGram and other 
substitution ciphers. 

 
2. Detailed study about transposition, substitution, 

transformation and other related Encryption types 
symmetric and asymmetric algorithms and related key 
concepts.  

 
3. Gathered information about different ciphers like 

block cipher and stream cipher methodology related 
issues, challenges and other features and draw backs 
of this system. 

 
4. Various attacking methods especially for cipher text, 

concentrated on cryptanalysis and brute force attack. 
 
5. Mathematical concepts of substitutions, permutation, 

modulus functions, factorization concept and related 
issues. 

 
6. Study about Block size, Key size, Number of rounds, 

Sub key generation algorithm, Round functions, Fast 
software encryption or decryption Braking analysis  

 
7. Differentiate various attacking methods for cipher text 

in the form Cipher text, Known plaintext, Chosen 
plaintext, Chosen cipher text, Chosen text and 
analysis of various essential ingredients of symmetric 
system, secret key, cipher text, encryption and 
decryption and algorithm development.  

 
8. Various key concepts private keys, public keys, 

session keys, master keys and proposed genetic keys. 
9. Study about symmetric and asymmetric algorithms 

like, DES, AES and other related concepts, it was 

analyzed in various ways performance, time taken 
analysis, processing power and other issues based on 
cryptography aspects.  

 
10. Done base work based on the different analysis of 

various substitution ciphers, exiting algorithms, 
related issues of attacking cipher text, features and 
international journals published recently on the web 
and other related articles and books.  

3. Data hiding and retrieval process in 
multimedia file. 

The vast improvement of the Internet and the digital 
information revolution caused major changes in the overall 
environment in the world. Flexible and simple-to-use 
software and decreasing prices of digital devices have made it 
feasible for consumers from all over the world to create, edit 
and exchange multimedia data. Broadband Internet 
connections almost an errorless transmission of data helps 
people to distribute large multimedia files and makes identical 
digital copies of them. In modern communication system Data 
Hiding is most essential for Network Security issue. Sending 
sensitive messages and files over the Internet are transmitted 
in an unsecured form but everyone has got something to keep 
in secret. Multimedia based data hiding method is one of the 
most effective ways to protect your privacy. 

  

 
 
 
 
 
 

     Fig1: Block Diagram of Data hiding and Retrieval 

4. Objectives of this research work 

 
• Authentication: This means that before sending and 
receiving data using the system, the receiver and sender 
identity should be verified.  
• Secrecy or Confidentiality: Usually this function 
(feature) is how most people identify a secure system. It 
means that only the authenticated people are able to 
interpret the message (date) content and no one else.  
• Integrity: Integrity means that the content of the 
communicated data is assured to be free from any type of 
modification between the end points (sender and receiver). 
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The basic form of integrity is packet check sum in IPv4 
packets.  
• Non-Repudiation: This function implies that neither the 
sender nor the receiver can falsely deny that they have sent 
a certain message.  
• Service Reliability and Availability: Such systems 
should provide a way to grant their users the quality of 
service they expect.  

5. Analysis of various model with proposed 
EC method. 

  The various analyses have taken to find strengthens and 
weakness of the many systems available using 
substitutions cipher method, based on the background 
study in different approached, finally we have got the poly 
alphabetic genetic keys substitutions cipher method. This 
method is used as a base method for security and then the 
output of this algorithm is passed to multimedia file (audio 
and video files) for high security in network. 
 

Table 1. Shows analysis on various substitutions cipher 
Model 

Mono Substitution Cipher 
Methodology used:  Shift Characters by fixed amount 

Demerits: Easy to break algorithm based on frequency 
analysis               poor security. 

Example: Caeser Cipher  & Vernam Cipher 

Poly Substitutions Cipher  
Methodology used: More than one replacement applied  

Demerits: Message and keys are long, easy to break based 
on frequency analysis  

Example: Vignere Cipher and Beaufort Cipher  

Transposition Cipher  

Methodology used:  Permutes the symbols of the message 
according to a preset pattern. 

Demerits: Insecure algorithms   

Example: Row and Column Transposition Cipher Model 

PolyGram Substitution Ciphers 

Methodology used:  Arbitrary Substitution for group of 
characters  

Demerits: Reparative analysis to decipher the cipher text. 

Example:  Hill cipher, Flay air Cipher model  

Proposed Substitution Model 

Methodology used: ASCII with multiple key substitutions 
method 

Merits: Genetic key used, fast, high security, embedded 
with multimedia files  

 

The various analyses have taken to find strengthens and 
weakness of the many systems available using 
substitutions cipher method, based on the background 
study in different approached, finally we have got the poly 

alphabetic genetic keys substitutions cipher method. This 
method is used as a base method for security and then the 
output of this algorithm is passed to multimedia file (audio 
and video files) for high security in network. 
 
Poly-alphabetic substitution ciphers the plaintext letters 
are enciphered differently depending upon their 
placement in the text. As the name poly alphabetic 
suggests this is achieved by using several two, three 
keys and random keys combinations instead of just one, 
as is the case in most of the simpler crypto systems. 

 
Using two keys, we take 2 keys e1, e2 and let the 

ASCII values of e1 be 1 and e2 be 2 and take the text, 
add ASCII   values of e1 to first character and ASCII 
values of e2 to second character. Alternatively add the 
value of e1 and e2 to consecutive characters. 
 

5.1 Goal of my research 

•Efficient to use.  
•Must be available for all users. 
•Fast.  
•Provides high security. 
•Improved version than Existing one. 
 

6. Proposed information security system 
model  

In polyalphabetic substitution ciphers the plaintext letters 
are enciphered differently depending upon their placement 
in the text. As the name polyalphabetic suggests this is 
achieved by using several two, three keys and random 
keys combinations instead of just one, as is the case in 
most of the simpler crypto systems.  
 

6.1 About proposed Model 
 
The majority of today’s steganographic systems uses 
multimedia objects like image, audio and video etc as 
cover media because people often transmit digital pictures 
over email and other internet communication. Depending 
upon the nature of cover object, steganography can be 
divided into 5 types:  Text steganography, Image 
steganography, Audio steganography, video 
steganography, and Protocol steganography. We hereby 
propose new novel information security system, which 
gives us high security system with features of 
cryptography tools and methods. There are various 
methods described in this paper about e-cipher model 



IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org     446 

 

which is base Model for multiple data hiding system in the 
following methodology 

 Text Cryptography, Image cryptography, Audio 
cryptography, Video cryptography, Unicode 
cryptography 

 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 

Fig. 2 Enhanced Security model using e-cipher model 
 

 

Fig. 3. Diagram shows difference security layers 
 

6.2 Genetic keys 
  
We can use Genetic keys (Three private keys) for text 
encryption by   2 keys and 3 keys and even more then 3 
keys to make the decryption process more complicated.   
•Using two keys, we take 2 keys e1, e2 and let the ASCII 
values of e1 be 1 and e2 be 2 and take the text, add ASCII   
values of e1 to first character and ASCII values of e2 to 
second character. Alternatively add the value of e1 and e2 
to consecutive characters.  
 

 
6.3 E-Cipher model 
 

o Take the example text  
o •Take three key e1, e2, e3 and assign a character 

e1 be ‘a’ and e2 be ‘D’ and e3 be ‘s’ 
o •Let ASCII value of e1 be 1 and e2 be 2 and e3 

be 3 and take the text, add ASCII value of e1 to 
value of first character, and e2 to second 
character and e3 to third character, alternatively 
add the value of e1, e2, e3 to consecutive 
characters. 

o •Three layers to be applied to each three 
consecutive letters and same to be continued thru 
the remaining text. 

o •After adding ASCII value of all values of given 
text, the resultant text is an encrypted message. 
And it generate a combination of 3* (256 * 256 * 
256) letters encrypted coded text with 128 bit 
manner.  

o •Transposition takes place in each character after 
all the process are over that is moves or change 
one bit either LSB or MSB, the end result is 
increasing security  

o •Finally takes the decimal values of each updated 
character in the given text and print in the 
encrypted format.  

 
6. 4 Audio Steganography 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
       
Fig 4. Audio steganography data flow model 
 
 
In this work we propose a new model Information 
Security System – Information Hiding in Audio Signal  - 
Embedding Text in Audio Signal that embeds the text with 
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encryption that gains the full advantages of cryptography. 
In audio steganography, secret message is embedded into 
digitized audio signal which result slight altering of binary 
sequence of the corresponding audio file. For more 
security not only altering the bits of audio files, we embed 
high security e-Cipher cryptography algorithm in audio 
signal for data hiding.  
 
6.4.1 Audio steganography base algorithm 
 
Step 1:  Load the audio file (AF) of size 12 K. Step 2: Input 
key for encryption 
  
Step 3:  Convert the audio files in the form of bytes and this 
byte values are represented in to bit patterns. 
  
Step 4:  Using the key, the original message is encrypted using 
E-Cipher algorithm. 
  
Step 5:  Bisect the audio file bit patterns horizontally. 
•Step 6:  Split the Encrypted message bit patterns vertically  
  
Step 7:  Insert the LSB bit of the vertically spitted encrypted 
text file (TF) into the LSB bit of the horizontally spitted audio 
file. 
  
Step 8:  Repeat Step 7 for the remaining bits of encrypted text 
file. 
Step 9:  If size (AF) ≥ size (TF) then 
Embedding can be done as explained above  
Else 
The next higher order bit prior to previous bit position can be 
used 
Until it is exhausted. 
 
6.5 Image Steganography 

 
In Image Steganography, There are a variety of methods 
using which information can be hidden in images. Least 
Significant Bit Replacement Technique: In image 
steganography almost all data hiding techniques try to alter 
insignificant information in the cover image. Least significant 
bit (LSB) insertion is a common, simple approach to 
embedding information in a cover image. For instance, a 
simple scheme proposed, is to place the embedding data at the 
least significant bit (LSB) of each pixel in the cover image. 
The altered image is called steno-image. Altering LSB 
doesn’t change the quality of image to human perception but 
this scheme is sensitive a variety of image processing attacks 

like compression, cropping etc. We will be emphasizing more 
on this technique using e-cipher with LSB processing model 
gives us high and enhanced security for data transmission 
over networks. 

 
 

Fig 5.  System Flow Diagram –Cryptic-steganography 
 

 
6.5.1 Image Steganography base algorithm 
 

1. Input encrypted file using EC algorithm. 
 

2. Reading the text file and converting each char. 
To 8 bits in array (Conversion)  

 
3. Reading the bmp file and adding each byte with 

the mask bits. (Watermarking) 
 

4. Then adding to it 1 or not depending on the array. 
(Transposition) 

 
5. Saving the result back to the bmp file.  

7. Applications of the proposed work. 

 
Audio/Video data hiding can be used anytime you want to 
hide data. There are many reasons to hide data but most 
important is to prevent unauthorized persons from 
becoming aware of the existence of a message. In the 
business world Audio data hiding can be used to hide a 
secret chemical formula or plans for a new invention. 
Audio data hiding can also be used in corporate world. 
 
Audio/Video data hiding can also be used in the non-
commercial sector to hide information that someone wants 
to keep private. Terrorists can also use Audio data hiding 
to keep their communications secret and to coordinate 
attacks. In the project which aims to embed animation 
parameters into audio and video contents. Data hiding in 
video and audio is of interest for the protection of 
copyrighted digital media, and to the government for 
information systems security and for covert 
communications.  
 

 
It can also be used in forensic applications for inserting 
hidden data into audio files for the authentication of 
spoken words and other sounds, and in the music 
business for the monitoring of the songs over broadcast 
radio. 
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This work is more suitable for automatic control of robotic 
systems used in military and defence applications that can 
listen to a radio signal and then act accordingly as per the 
instructions received. By embedding the secret password 
in the audio signal the robot can be activated only if the 
predefined password matches with the incoming password 
that reaches the robot through audio signal. It can then 
start functioning as per the instructions received in the 
form of audio signal. More such sort of applications can 
be explored but confined to audio medium usage. 
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7. Conclusions and future enhancement 

 
This work proposes a new model for data transmission at 
higher degree of secrecy by using Image steganography, 
audio steganography, video steganography and proposed 
e- cipher methods and other technologies are presented 
here. This proposed study provides an efficient method for 
hiding the data from the eavesdropper. LSB data hiding 
technique is the simplest method for inserting data into 
audio signals.  
 
And audio steganography model is able to ensure secrecy 
with less complexity at the cost of same memory space as 
that of encrypted text and the user is able to enjoy the 
benefits of cryptography and steganography combined 
together without any additional overhead. This work is 
more suitable for automatic control of robotic systems 
used in military and defense applications that can listen to 
a radio signal and then act accordingly as per the 
instructions received. By embedding the secret password 
in the audio signal the robot can be activated only if the 
predefined password matches with the incoming password 
that reaches the robot through audio signal.  
 
 
It can then start functioning as per the instructions 
received in the form of audio signal. Some methods usage 
image steganography, which provide new way to hide the 
information in a secured way. Based on the perspective 
analysis, still we have to analyze more methods and add 
few updating in future and make the whole system which 
definitely provides a platform for the research engineers to 
help them for more innovation in this area and helps us to 
transfer our data more secure on the net. 
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Summary 

An efficient cluster based hybrid niche mimetic and genetic 
algorithm for text document categorization to improve the 
retrieval rate of relevant document fetching is addressed. The 
proposal minimizes the processing of structuring the 
document with better feature selection using hybrid 
algorithm. In addition restructuring of feature words to 
associated documents gets reduced, in turn increases 
document clustering rate. The performance of the proposed 
work is measured in terms of cluster objects accuracy, term 
weight, term frequency and inverse document frequency. 
Experimental results demonstrate that it achieves very good 
performance on both feature selection and text document 
categorization, compared to other classifier methods. 

Keywords: 
Document categorization, Feature Selection, Niche Mimetic 
Algorithm, Genetic Algorithm 

1. Introduction 

In the last ten years, content-based document 
management tasks have gained a prominent status in the 
information system field, due to the increased availability of 
documents in digital form and the ensuring need to access 
them in flexible ways [2]. Clustering is an important task in 
unsupervised learning. The essence of the clustering problem 
is to partition a set of objects into an a priori unknown 
number of clusters while minimizing the within cluster 
variability. Then it is maximizing the between cluster 
variability. Data clustering is a common technique for 
statistical data analysis and has been used in a variety of 
engineering and scientific disciplines such as biology. 

While a wide range of classifiers have been used, 
virtually all of them were based on the same text 
representation, bag of words, where a document is 
represented as a set of words appearing in this document. 
Features used to describe a word are usually the ones which 
express whether the word appears in a document or how 
frequently this word appears. Above all, while the frequency  

 

of a word expresses the intuition that the more frequent, the 
more important, the compactness of the appearances of a 
word shows that the less compact, the more important and the 
position of the first appearance of a word shows that the 
earlier, the more important. Experiments suggest that the 
distributional features are useful for text categorization.  

Document clustering groups similar documents into 
clusters on the basis of their contents. The documents in the 
resultant clusters exhibit maximal similarity to those in the 
same cluster and, at the same time, share minimal similarity 
with documents from other clusters. In addition, existing 
monolingual document clustering techniques can be 
classified broadly into non-LSI-based and LSI-based 
approaches. Memetic algorithms (MA) represent one of the 
recent growing areas of research in evolutionary 
computation. The term MA is now widely used as a synergy 
of evolutionary or any population-based approach with 
separate individual learning or local improvement procedures 
for problem search. 

Here we suggest a unified criterion for simultaneous 
clustering and feature selection based on a well-known 
scatter separability index. A GA-based evolutionary 
procedure is then proposed to optimize the criterion. In order 
to allow simultaneous clustering and feature selection 
without the number of clusters being known a priori, a 
composite representation is devised to encode both feature 
election and cluster centers with a variable number of 
clusters. As a consequence, the crossover and mutation 
operators are suitably modified to tackle the concept of 
composite chromosomes with variable lengths. Additionally, 
we hybridize the proposed procedure with local search 
operations, which are introduced to refine the feature 
selection and cluster centers, respectively. These local 
searches move solutions toward local optima and allow a 
significant improvement in the computational efficiency. 
Finally, a niche method is integrated with the resulting hybrid 
GA to preserve the population diversity and prevent 
premature convergence.  

2.  Literature Review 
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S. Areibi and Z. Yang [1] have proposed several 
local search operations to effectively design an MA for 
simultaneous clustering and feature selection. which 
incorporate local searches with traditional GAs, have been 
proposed and  applied successfully to solve a wide variety of 
optimization problems. These studies show that pure GAs are 
not well suited to fine tuning structures in complex search 
spaces and that hybridization with other techniques can 
greatly improve their efficiency. J. Shi and J. Malik [2] and 
S. Wu et al.[3] have proposed about data clustering is a 
common technique for statistical data analysis and has been 
used in a variety of engineering and scientific disciplines 
such as biology (genome data). Y. Zhao and G. Karypis [4] 
have proposed the purity of a cluster represents the fraction 
of the cluster corresponding to the largest class of documents 
assigned to that cluster; thus, the purity of the cluster. 

One way of approaching this challenge is to use 
stochastic optimization schemes, prominent among which is 
an approach based on genetic algorithms (GAs). The GA is 
biologically inspired and embodies many mechanisms 
mimicking natural evolution. It has a great deal of potential 
in scientific and engineering optimization or search 
problems. Recently, hybrid methods [2], [5], [6], which 
incorporate local searches with traditional GAs, have been 
proposed and applied successfully to solve a wide variety of 
optimization problems. These studies show that pure GAs are 
not well suited to finetuning structures in complex search 
spaces and that hybridization with other techniques can 
greatly improve their efficiency. GAs that have been 
hybridized with local searches are also known as memetic 
algorithms (MAs) [7]. 

Traditional GAs and MAs are generally suitable for 
locating the optimal solution of an optimization problem with 
a small number of local optima. Complex problems such as 
clustering, however, often involve a significant number of 
locally optimal solutions. In such cases, traditional GAs and 
MAs cannot maintain controlled competitions among the 
individual solutions and can cause the population to converge 
prematurely [8].  

To improve the situation, various methods [9], [10] 
(usually called niche methods) have been proposed. The 
research reported shows that one of the key elements in 
finding the optimal solution to a difficult problem with a GA 
approach is to preserve the population diversity during the 
search, since this permits the GA to investigate many peaks 
in parallel and helps in preventing it from being trapped in 
local optima.  

 

GAs are naturally applicable to problems with 
exponential search spaces and have consequently been 
significant source of interest for clustering [6]. For example, 
in [11] proposed the use of traditional GAs for partitioned 
clustering. These methods can be very expensive and 
susceptible to becoming trapped in locally optimal solutions 
for clustering large data sets. Tsai et al. [6] introduced hybrid 
GAs by incorporating clustering-specified local searches into 
traditional GAs.  

In contrast to the methods proposed in [3] and [5], 
clustering based on hybrid GAs can be more efficient, but 
these techniques can still, however, suffer from premature 
convergence. Furthermore, all of the above methods may 
exhibit limited performance, since they perform clustering on 
all features without selection. GAs have also been proposed 
for feature selection [3], [6]. However, they are usually 
developed in the supervised learning context, where class 
labels of the data are available, and the main purpose is to 
reduce the number of features used in classification while 
maintaining acceptable classification accuracies.  

The second (and related) theme is feature selection 
for clustering, and feature selection research has a long 
history, as reported in the literature. Feature selection in the 
context of supervised learning [7], [6], adopts methods that 
are usually divided into two classes [2], [3] filters and 
wrappers based on whether or not feature selection is 
implemented independently of the learning algorithm. To 
maintain the filter/wrapper distinction used in supervised 
feature selection, we also classify feature selection methods 
for clustering into these two categories based on whether or 
not the process is carried out independently of the clustering 
algorithm. 

 The filters in clustering basically preselect the 
features and then apply a clustering algorithm to the selected 
feature subset. The principle is that any feature carrying little 
or no additional information beyond that subsumed by the 
remaining features is redundant and should be eliminated. 

 
3.  Document Clustering 

Document clustering is very much for categorizing 
documents into meaningful groups. The usefulness of 
categorization is fully appreciated with labeling the clusters 
with the relevant feature words or phrases which describe 
various text document associated with them. A highly 
accurate key phrase extraction algorithm, called Core Phrase 
is proposed for this particular purpose. 
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Core Phrase works by building a complete list of 
phrases shared by at least two documents in a cluster. Phrases 
are assigned scores according to a set of features calculated 
from the matching process. The candidate phrases are then 
ranked in descending order and the top L phrases are output 
as a label for the cluster. While this algorithm on its own is 
useful for labeling document clusters, it is used to produce 
cluster summaries for the collaborative clustering algorithm. 

Cluster key phrase summaries are exactly what is 
used to succinctly inform remote nodes of the content of 
local document clusters, which in turn is used to judge the 
similarity between remote data and local clusters. A 
distributed version of this algorithm is also used in the 
hierarchically-distributed clustering algorithm (described 
below) to produce summaries for the globally distributed 
clusters. 

 
• Key phrase extraction can be applied to a single 

document for labeling the document; this is mainly used in 
generating metadata (e.g. title, description, keywords) that 
can be associated with the document. 

• A centralized document cluster can be summarized 
and labeled using key phrase extraction. 

• Distributed document clusters in a flat peer-to-peer 
network can be summarized. Cluster summaries can be 
exchanged between peers to facilitate collaborative 
clustering. 

• Distributed document clusters in a hierarchical 
peer-to-peer network can be summarized. Cluster summaries 
can be accessed at different levels of the hierarchy, thus 
providing variable scope of summaries ranging from specific 
to broad. 

 
 

Evaluation of the accuracy of Core Phrase shows 
that it can accurately extract those phrases that match the 
manually labeled topic of clusters, and is able to rank those 
matching phrases in the top two or three key phrases. 

 

Document clustering is used to organize a large 
document collection into distinct groups of similar 
documents. It discerns general themes hidden within the 
corpus. Applications of document clustering go beyond 
organizing document collections into knowledge maps. This 
can facilitate subsequent knowledge retrievals and accesses. 
Document clustering, shown in Fig 1. for example, has been 
applied to improve the efficiency of text categorization and 
discover event episodes in temporally ordered documents. In 
addition, instead of presenting search results as one long list, 
some prior studies and emerging search engines employ a 
document clustering approach to automatically organize 
search results into meaningful categories and thereby support 
cluster-based browsing.  

 

Fig 1. Document Clustering  

Various document clustering techniques have been 
proposed, but most deal with monolingual documents (i.e., 
all target documents are written in the same language). 
However, the globalization of business environments and 
advances in Internet technology often cause an organization 
to maintain documents in different languages in its 
knowledge repositories. Evidently, organizations face the 
challenge of multilingual document clustering (MLDC). Such 
MLDC requirement is also prominent in other scenarios. For 
example, with advances in cross-lingual information retrieval 
(CLIR) technology, many search engines now offer a 
functionality that retrieves, for a user query expressed in one 
language, relevant documents in different languages.  

In this case, to facilitate cluster based searching, it 
would be preferable if the search engine were capable of 
clustering search results in different languages into distinct 
categories, each of which contains documents similar in their 
contents.  

In our work feature selection is carried out to 
categories document with clustering method. The feature 
selection process is accomplished with integrated niche 
memetic and genetic algorithm which are explained in the 
following sub sections. 

3.1 Feature Selection 

Feature selection is important for clustering 
efficiency and effectiveness because it not only condenses the 
size of the extracted feature set but also reduces any potential 
biases embedded in the original (i.e., non-trimmed) feature 
set . Previous research commonly has employed feature 
selection metrics such as TF (term frequency), TF×IDF (term 
frequency × inverse document frequency), and their hybrids. 
A sample example is shown in Table 1. 
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Unlike the non-LSI-based document clustering 
approach, which typically involves a feature selection phase, 
the LSI-based approach to clustering monolingual documents 
employs LSI to reduce the dimensions and thereby improve 
both clustering effectiveness and efficiency. Its process 
generally commences with feature extraction, followed by 
document representation. 

Table 1: Term Frequency - Tennis 

 
4.1. Niching Memetic Algorithm 

In our hybrid scheme of text document 
categorization, we used a niche MA for simultaneous 
clustering and feature selection by optimizing the unified 
criterion. This algorithm works with variable composite 
chromosomes, which are used to represent solutions. The 
operation of the algorithm consists of using a niche selection 
method for selecting pairing parents for reproduction, 
performing different genetic operators on different parts of 
the paired parents, applying local search operations (i.e., 
feature add and remove procedures and one step of K Means) 
to each offspring, and carrying out a niche competition 
replacement.  

The evolution is terminated when the fitness value 
of the best solution in the population has not changed for g 
generations. The output of the algorithm is the best solution 
encountered during the evolution.  

     

 The flow of the algorithm is given as follows: 

Step 1: initialize p sets of solutions randomly which encode 
both feature selection and cluster centers  
 
Step 2: Calculate unified criterion J2 and set its fitness value 
as f ¼ J2. 
 
Step 3: Repeat the following steps until the stopping criterion 
is met: 
 

i. Select pairing parents until p=2 parent pairs are 
selected. 

ii. Generate intermediate offspring by applying 
different genetic operators on the different parts 
of the paired parents. 

iii. Apply feature add and remove procedures to 
the offspring. 

iv. Run one step of K Means on the offspring. 
v. Pair the offspring with the most similar solution 

found during a restricted competition 
replacement. 

vi. Calculate J2 according to (4) for each of the 
offspring. If the fitness of the offspring is better 
than its paired solution, then the latter is 
replaced. 

Step 4: Provide the feature subset and cluster centers of the 
solution  
 
          The accuracy rate can be calculated by utilizing the  
Nichie Memetic algorithm is shown in the Fig 2.  
 

 
 
    Fig: 2. Accuracy Rate of Nichie Memetic Algorithm 
 
4.2. GA Algorithm 

Name Frequency 
Inverse 

Frequency Weight 
tennis ball 0.33 3.0 1.0 

tennis-bat 0.33 3.0 1.0 

Tennis 0.33 3.0 2.0 

Net 0.33 3.0 1.0 

Serve 0.33 3.0 1.0 

Points 0.33 3.0 1.0 

Rocket 0.33 3.0 1.0 

backhand 0.33 3.0 1.0 

Return 0.33 3.0 1.0 

Volley 0.33 3.0 1.0 

Overhead 0.33 3.0 1.0 
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In a genetic algorithm, a population of strings 
(called chromosomes or the genotype of the genome), which 
encode candidate solutions (called individuals, creatures, 
or phenotypes) to an optimization feature selection of text 
from documents, evolves toward better solutions. 
Traditionally, solutions are represented in binary as strings of 
0s and 1s, but other encodings are also possible. The 
evolution usually starts from a population of randomly 
generated individuals and happens in generations.  

For the experiments, the system set genetic parameters as 
follows: 

Generation limit = 100 

Population size = 100 

Cross-over fraction = 0.8 

Mutation fraction = 0.1 

Reproduction fraction = 1 

Top N selection = 100 

 

In each generation, the fitness of every individual in 
the population is evaluated, multiple individuals 
are stochastically selected from the current population (based 
on their fitness), and modified (recombined and possibly 
randomly mutated) to form a new population. The new 
population is then used in the next iteration of the algorithm. 
Commonly, the algorithm terminates when either a maximum 
number of generations has been produced, or a satisfactory 
fitness level has been reached for the population. If the 
algorithm has terminated due to a maximum number of 
generations, a satisfactory solution may or may not have been 
reached. The flow of the algorithm is given as follows: 

step1: Initialize the Population 

step2: Evaluate fitness of each member 

step3: Reproduce with fittest members 

step4: Introduce random mutations in new  

          generation 

step5: Continue (2)-(3)-(4) until pre-specified  

          number of generations are complete 

 

Finally the hybrid niche memtic and genetic 
algorithm joins the process of feedback on the traditional 
foundation frame "training → Categorizing " algorithm. It 
expands the algorithm process as "Training → Categorizing 
feedback judgment → feedback". This kind of method is 
more close the real meaning machine learning. It show that 
the proposed hybrid algorithm has certain degree cognition 

self- determination in text document categorization using 
clustering methods. 

The accuracy rate can be calculated by utilizing the  
Genetic Algorithm is shown in the Fig 3.  

 

Fig 3: Accuracy Rate of GA Algorithm  

 

5.  Experimental Result and Discussion 

In the experiment, we used Reuters-578, which has 
178 documents collected from the Reuters newswire, as 
training sample set. Of the 35 categories in Reuters 578, only 
the most populous 10 are used. In data pre-processing, we 
applied stop word removal and tfc feature selection, and 
removed the commoner morphological and inflexion endings 
from words using The Porter Stemming Algorithm.  Each 
category is employed as the positive class, and the rest as the 
negative class. For each dataset, 30% of the documents are 
randomly selected as test documents, and the rest are used to 
create training sets as follows: γ percent of the documents 
from the positive class is first selected as the positive set P. 
The rest of the positive documents and negative documents 
are used as unlabeled set U. We range γ percent from 10% - 
50% to create a wide range of scenarios.  

Preliminarily, documents were subjected to the 
following pre-processing steps: (1) First, we removed all 
words occurring in a list of common stopwords, as well as 
punctuation marks and numbers; (2) then, we extracted all n-
grams, defined as sequences of maximum three words 
consecutively occurring within a document (after stopword 
removal)5; (3) at this point we have randomly split the set of 
seen data into a training set (70%), on which to run the GA, 
and a validation set (30%), on which tuning the model 
parameters. We performed the split in such a way that each 
category was proportionally represented in both sets 
(stratified holdout). 

 Based on the term frequency and inverse document 
frequency, the term weight will be calculated. 
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Term Weight = Term Frequency * Inverse Document 
Frequency 
 
  Term Frequency   =       Term Count                               
                             Total number of documents in count. 
 
Inverse Document Frequency =Total no. of documents 
                                           No. of documents in the term 
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 Fig4. Accuracy Vs Training Data  
 

The above figure shows that the proposed technique 
gives better performance. Researchers showed 68% accuracy 
using the existing method with 31% test data while the 
technique is better both in accuracy and percentage of test 
data. Moreover it required processing for each class during 
training. But the proposed Algorithm does not require such 
process during training phase and hence reduces time. 
   
6.  Conclusion 

The cluster based niche memetic and genetic 
algorithm have been designed and implemented by 
optimizing feature selection of the text in the documents 
repository. The efficacy of niche memetic is in evaluating 
optimal feature selection of text from the given set of 
documents. The contribution of genetic algorithm works on 
the evaluation of fitness function to cluster the relevant 
feature selected text which categorize documents to its most 
relevant cluster. In genetic algorithm, parameter tuning plays 
an important role for optimal feature text selection. In our 
approach, a text is segmented into groups of syllables with 
various lengths. We should build an auto parameter tuning 
scheme based on text length not a rigid one. This will speed 
up the processing time a lot. 

The hybrid algorithm efficiency is shown in the 
experimental results, which confirms simultaneous global 
clustering and feature subset optimization mechanism is 
effective in text document categorization. The resulting 
algorithm is generally able to select relevant features and 
locate appropriate partitioning with the correct number of 
clusters and outperforms other methods implemented for 
comparison. We presented a new hybrid technique for text 

document clustering. The existing algorithms require more 
data for training as well as the computational time of these 
algorithms also increases. In contrast to the existing 
algorithms, the proposed hybrid algorithm requires less 
training data and less computational time. In spite of the 
randomly chosen training set we achieved 78% accuracy for 
50% training data. Though 85% accuracy was observed in 
30% training data, a class could not be classified, so we 
dropped this position and increased training data set for more 
acceptable result.  
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Abstract 
The principal function of a grating Bragg is filtering, which can be 
used in optical fibers based component and active or passive semi 
conductors based component, as well as telecommunication systems. 
Their ideal use is with lasers with fiber, amplifiers with fiber or Laser 
diodes. In this work, we are going to show the principal results 
obtained during the analysis of various types of grating Bragg by the 
method of the coupled modes. We then present the operation of DBR 
are tunable. The use of Bragg gratings in a laser provides single-
mode sources, agile wavelength. The use of sampled grating 
increases the tuning range.  

Keywords: Integrated optics, WDM, Guide of wave,    Bragg 
grating    , Telecommunications optical. 

 

1. Introduction 
Optoelectronic components appear as key players in 
telecommunication architecture systems based on optical 
fiber, as they are present at all levels of information 
transmission, in order to transmit an information from a point 
to an other it is necessary to use a laser source for generating 
signals in form of a coherent optical wave. Then we must use 
an optical modulator that encodes the information in two 
levels ("0 " and "1 " optics). Afterward the optical fiber is 
used as an underlying support of transmission.  
Regardless the significant progress made for reducing 
propagation losses in optical fibers. It is necessary to amplify 
the signal during its propagation, in order to avoid losses 
induced by the fiber [1]. 
 
The decreasing in spectral congestion has allowed evaluating 
the transmission mode giving the possibility to use multiple 
wavelengths in the same optical fiber. This is called 
wavelength multiplexing, which forms several independent 
transmission channels: each channel corresponds to a 
wavelength that is sent into the fiber. The demultiplexing is 
the inverse operation that performs the separation and the 
collection of signals coming from different channels.  
The wavelength of these channels is located around 1.55μm 
which is the band of low attenuation in optical fibers. 
In optical grating currently installed, DBR lasers play 
perfectly the role of a transmitter. Nevertheless, the 
constraints imposed on telecommunications and the 

emergence of new applications will promote the 
implementation of new laser generation sources. 
 

2. Generality of the Bragg grating  

Interests in the study of periodic structures, as well as of wave 
propagation in periodic medium are a phenomenon well 
known in solid physics.  
The propagation of electromagnetic waves like light in a 
waveguide with a periodicity is a phenomenon quite similar, 
except that this wave is so confined, and the interactions do 
not appear in the direction of propagation. The introduction of 
such periodic modulation in waveguide structures has given 
rise to many devices such as optical filters. 

A Bragg grating in an optical fiber is a periodic variation of 
refractive index in the core which is medium of optical signal 
propagation [2]. 
The periodic modulation introduced into a passive waveguide 
is the index of refraction of one or more of its constituent 
materials. This is called grating case volume figure Fig.1. (b). 
 
A technique applicable to semi-conductors, for which the 
effects presented earlier are not sufficient, this technique 
introduce a periodic modulation through a physical 
corrugation in a waveguide structure of the by an engraving 
techniques. 

 
This is called surface grating, figure Fig. 1. (a). 
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Fig. 1 (a) Surface grating, (b) Density grating 

 

The Bragg grating can also be shorter in order to be easily 
integrated compared to fiber-based components in photonic 
circuits. 
The physical phenomenon involved in a Bragg grating and 
their theoretical analysis, are similar for all profiles. 
A fine periodic corrugation engraved on the surface of a 
waveguide creates a uniform coupling between light 
propagating in the forward direction and the one propagating 
in the backward direction. The grating is then analogous to a 
mirror formed by stacking periodic dielectric layers having 
different refractive indices. 

 

3. Reflection coefficient of a Bragg grating 
 
The Bragg grating presented a maximum reflectivity for the 
wavelength satisfying the Bragg condition [4].    
  
  

 effB n2
   

                                                                                           (1)                                                                               
λB : Bragg wavelength 
 
neff  : the effective index of optical mode 
 
Λ :     Bragg period  

 
We then obtain the expression of the maximum reflectivity of 
a uniform Bragg grating.     
 
                                                        

  )(tanh 2 kLRR BMAX                                           (2) 

 
The maximum reflectivity directly depends on the product's 
value kL , therefore we can define two types of grating: high 

and low-coupled grating. 

3.1 Case of low coupling 
 
When the multiplication kL is smaller than 1, the spectral 
response in reflection of the Bragg grating has a profile 
similar to the square of the sinc function centered on the 
Bragg frequency.

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.  2 Responses spectral reflection. Case of low 

coupling  1kL
 

 
 
3.2. Case of strong coupling  
 
When the multiplication kL is widely above 1, the profile of 
the reflection spectrum has a plate at R = 1 becoming more 
pronounced when kL increases. 
In this case, the network has very high reflectivity. Also we 
can observe band of wavelengths, called stopband, where the 
light is considered totally reflected. It is centered on the Bragg 
wavelength (λB =1550). 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3 spectral response in reflection. Case of strong  

coupling ( kL >1). 
 
 
 



IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org   459 

 

 

2

2

0

2

0
2

1

1









































 N

H

LS

N

H

LS

N

n
n

n
n

n
n

n
n

R

4. Analytical formulation of power reflector [3] 
 

If most indices are purely real and we consider the stacking to 
its wavelength design for which the layers are exactly quarter 
of the wave, then completely analytical formulations of the 
reflectance. Taking the conventions of mirrors we obtain: 

 

   

                                                                                           (3)                                                           
 
nS :the index of the substrate, n0 index of incident medium, 
nH :the index of the material with high index 
 nL: the index of the material with low index.  
 
The use of this simplified formula shows that it is 
advantageous to have a contrast between the indices nL and 
nH is very important in the mirror to minimize the ratio nL/nH. 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 4 Reflectivity as a function of the maximum number of pairs of layers 

 
The advantage provided by materials with high index ratio 
nL/nH is evident on this graph. Although it seems impossible 
to obtain a reflectance higher then 99.9% with the system 
InGaAsP/InP on InP, while this is quickly achieved with 
systems AlGaSb/AlSb on GaSb and GaAs/AlAs on GaAs and 
lesser with the system AlGaAsSb/AlAsSb on InP. 

 
 

5. Bragg grating individuals 
 

Until now we have assumed that gratings are perfectly 
periodic along structure with starting point and end well 
defined. Often, either by design or because of used 
manufacturing techniques, the Bragg grating deviates slightly 
from the perfect structure. 

The use of Bragg gratings in various optical components, in 
its simplest form, called the uniform grating is widespread. 
Nevertheless, the emergence of new functions of passive and 
active components needs more efficient grating. This is why 
this gratings are more particular than the sampled grating and 
vertical grating become necessary. 

 

6. Sampled Bragg grating 
A sampled grating consists of a right grating at a wavelength 
probably defined, multiplied by a sampling function. It is 
possible to model the reflectivity complex of sampled grating 
using the theory of coupled mode and the theory of transfer 
matrices, but it must first define the key parameters which 
modify its properties in phase and amplitude. 
 
A sampled grating is a conventional grating from which we 
remove portions periodically. In other words, there is an 
alternation between sections with gratin and sections without a 
grating as described in Fig. 
 
A Bragg grating wavelength λB ((defined by the step Λ and the 
effective index neff) and located on a distance Z1 with a 
coupling coefficient the grating is then repeated m times 
(number of sampling periods) with a period Z0. The total 
length of sampled grating is LTot= mZ0. The spectral response 
of this grating is the Fourier transform of the profile index. 
The result is a comb Bragg reflectors, regularly spaced with 
the sampling frequency ISLSBG most often expressed in GHz.

             

02 Zn

c
ISL

eff
SBG 

                                                    

                                                                               
(5)

  
6.1 Model Description 
 
The multiplication of a Bragg grating with a sampling 
function provides a sampled grating. The Fourier components 
of the sampled grating can be obtained by the convolution of 
the Fourier component of a Bragg grating by a comb of 
Fourier components of a sampling function. 
 
 
 
 
 
 
 
 
 
 
 



IJCSI International Journal of Computer Science Issues, Vol. 8, Issue 5, No 2, September 2011 
ISSN (Online): 1694-0814 
www.IJCSI.org   460 

 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 5 grating sample space to real space Fourier 
 

The reflectivity of this structure can be obtained from the 
coupled mode theory, which predicts that each component of 
the spatial Fourier series decomposition of the permittivity 
create a peak in the overall spectrum of reflections.  

 
The q th component   (q) on the sampled grating is 
connected to the single Fourier component     of an 
unsampled grating by the relation [5]: 
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If the coefficient of coupling portions of the grating is 0k
     

then the coupling coefficient of the qth Fourier component of 
the total sampled grating is: 
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It is possible to know the reflection coefficient of the field in a 
Bragg grating,by introducing the coupling coefficient of the 
sampled grating, it is then possible to determine the 
reflectivity of complex grating sampled. 
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The evolution of the field in a periodic structure is described 
by its complex reflectivity. The parameters for modifying the 
spectral properties are the total length of LSBG, the coupling 
coefficient of the grating  qk , the sampling period Z0 and the 

opening ratio h. The influence of these parameters can be 
modeled in a sampled grating but also in the particular cases 
of a non-sampled Bragg grating with opening ratio unit (Z0 = 
Z1). We can also define the bandwidth of the peak q between 
two zeros by: 
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2
2

2

)()(
Totg

bw
L
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(9) 

 
6.2 Simulation of a Sampled Bragg grating 

 
Two additional parameters define the sampling function 
(opening ratio h sampling period Z0). Modeling allows the 
calculation of the complex reflectivity of a sampled grating 
phase φ[λ] = Arg[r[λ]] and amplitude. 
The models below are the typical characteristics of sampled 
grating, engraved in InP [6] [7]. These dimensions widely 

studied and optimized are:  Z0= 450μm, 0k =150cm-1 et 

h=10%. 
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(a) 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

(b) 
 

Fig.  6 (a) Phase (rad) in a sampled grating 
                            (b) Reflectivity (amplitude) in a sampled grating 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 

 
 
 
 
 
 
 
 

Fig. 7 Influence of (, m, h) on the maximum reflectivity and bandwidth 
 
 
The modification of one parameter changes the overall 
properties of the sampled grating  
 
The variation of coupling coefficient can increase the 
reflectivity of the grating and the bandwidth of the peaks.  
 
In addition, the modified opening ratio changes the Envelope 
of The Sampled grating (number of peaks in the envelope) but 
also changes the reflectivity.  
The number of periods and consequently the length of the 
sampled grating reflectivity will increase grating and reduces 
the bandwidth of the peaks.  
The value of a grating is sampled to obtain a structure which 
has a low coefficient of effective coupling. From a 
technological point of view, it is difficult to reach values of 
coupling coefficients low.  

 
The bandwidth of the reflection peak depends directly on the 
value of the effective coupling coefficient of the structure. So 
if you have a very small value of coupling coefficient, while 
retaining a correct length of the structure we obtain a peak 
very close and very selective what is interesting in 
multiplexing systems in dense wavelength (DWDM). 

 

We saw here the main advantages offered by the individual 
networks that are the networks sampled. However we have 
also seen that their use requires compromises that can 
sometimes be difficult. 
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7. DBR tunable lasers 
 

7.1 Principle of Operation 
The passive DBR of a length of 1 mm is located in the RW 
section near the back face of the laser. while the Bragg grating 
and RW were defined by a lithography projection using a 
wafer stepper I-line and transferred to the surface of the 
semiconductor by dry etching process [9]. 
An effective reflectivity of the DBR around 60% was obtained 
by well designed length of the no engraved region within the 
grating [9]. 
 

The spectrally selective element is a policy grating, forcing 
the laser emission at the Bragg wavelength, while the output 
power and beam properties are imposed by the conical 
structure amplifier. Indeed, Bragg gratings have become 
essential optical components in recent years, with high 
spectral selectivity, low loss, limited drift wavelength (~ 0.01 
nm / K) and the reflectivity of some 0.1% at 100 % [10]. 
Once the laser is manufactured, the spectrum of the gain 
condition is likely to continue since it is intimately linked to 
the material and structure. That leaves two possibilities: 
 
A. Changing the Status Phase 
 
The phase condition is related to the geometry of the cavity. In 
reality, the distances seen by the optical wave are n × L. We 
can not of course change the physical length of a laser made 
from a solid material. 
However, it is possible to modify slightly the index of the 
material that composing it by several techniques. 

 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.  8 Changing the phase condition 

 
 

 

 
By changing the index of the optical wave guide, we change 
the distribution of the maxima in the core-Perot (Fig. 8), since 
it creates an additional phase shift. 
We can also note that the evolution of the wavelength 
depending on the index is linear. Thus, the evolution of the 
wavelength depending on the phase parameter is done 
continually. 
 
 
B. Changing the filtering Bragg Area 
 
The filter response is also dependent Bragg indices of the 
materials considered 
 
"The change in each of these two parameters causes 
significant changes in the spectrum emitted by the laser”. 
 
We assume here that the changes made to the index of the 
material are relatively low, and quantitatively the same for 
each of the two indices considered. We will see later that this 
corresponds to the behavior of compounds III-V. 

nnn

nnn




22
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Fig.  9 Evolution of the Bragg filter according to the indices of materials 
 
By injecting this variation in the numerical model, we obtain the results 
shown in Figure 9. 

 
Thus we observe an effect of translation of the spectral 
bandwidth available, with a negligible effect on the bandwidth. 
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We simulated the evolution of the central wavelength of the 
Bragg mirror based on the relative variation of the index 
layers. 
 
We obtain an almost linear deviation of the center wavelength 
depending on the index variation. 

 
Thus, the filter Bragg will be able to move to spectrally to 
select a mode of Fabry-Perot and change the condition of laser 
oscillation. 
 
7.2 Accordabilité of a Laser 
 
We have identified two ways to tune a laser DBR: 
 
A. Continuous tunability: the phase condition of the Fabry-   
      Perot 
B. Discontinuous tuning: by translation of the Bragg filter. 
 
The tunability with the phase condition is often insufficient: 
the range of wavelengths obtained is too small. 
However, the tunability of the Bragg filter allows a good 
tuning range, but achieves certain wavelengths, those defined 
by the Fabry-Perot. 
 
The tunability of the phase region allows for continuous 
excursions of about 100 GHz, that allowed by the Bragg zone 
corresponds to excursions of 2 THz. This limitation is due to 
the low index variation depending on the injection current, 
and not to the spectral spread of the condition of material gain. 
The dependence of output power, the quality and optical 
spectrum of the input currents will be shown. 

 
Various measures used to improve the modulation efficiency 
of a diode laser DBR similar to those presented in [11] and 
[12], emitting at 1060 nm. 

 

8. Conclusion 

The realized work in this paper concerns the theoretical depth 
of the Bragg gratings and sees their applications in optical 
telecommunications. The objective of this work is to study 
types of integrated structures periodic Bragg gratings or 
sampled. 

 
Bragg gratings are components in telecommunications 
systems they are ideal when used in combination with fiber 
lasers, fiber amplifiers or laser diodes. In addition to their 
flexibility and their design makes them very attractive for 
applications to the user's needs [8]. 

 
The use of Bragg gratings in a laser provides single-mode 
sources, agile wavelength. The Bragg grating acts as a mirror 

that is reflecting only one wavelength, thereby effectively 
select a single mode source. 
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