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Abstract: in computer forensic analysis, millions of files are 
usually examined. Most of the data in those files consists of 
un-structured    text,    whose    examination    by    computer 
examiners  is  difficult  to  be  performed.  In  this  context, 
automatic  methods  of  analysis  are  of  great  interest.  In 
particular, algorithms for clustering documents has facility of 
the   discovery   of   new   and   useful   knowledge   from   the 
documents under analysis. I present an approach that applies 
document  clustering  algorithms  to  forensic  investigation  of 
Computers grabbed in  police  investigations. I illustrate the 
proposed approach by carrying out extensive experimentation 
with  six  well-known  clustering  algorithms  (K-medoids,  K- 
means,  Complete  Link,  Single  Link,  Average  Link,  and 
CSPA)  applied  to  five  real-world  datasets  obtained  from 
computers grabbed in real-world investigations. Experiments 
have    been   performed   with   different    combinations    of 
parameters,   resulting   in   16   different   instantiations   of 
algorithms.  In  addition,  two  relative  validity  indexes  were 
used to automatically estimate the number of clusters. Related 
studies in the literature are significantly  more limited than 
our study. Our experiments show that the Average Link and 
Complete Link algorithms  provide the best results for  our 
application    domain.    If    suitably    initialized,    partitional 
algorithms (K-means and K-medoids) can also yield to very 
good  results.  Finally,  I  also  present  and  discuss  several 
practical results that can be useful for researchers and 
Practitioners of forensic computing. 

 
Keywords—Clustering, forensic computing, text mining. 

 
I.  INTRODUCTION 

IT  IS  estimated that the  volume of  data  in  the 
digital world increased about 18 times the amount of 
information present in  all the  books ever  written and  it 
continues to grow exponentially. This large amount of data 
has a direct impact in Computer Forensics, which can be 
broadly defined as the discipline that combines elements of 
law and computer science to collect and analyze data from 
computer systems in a way that is admissible as evidence in 
a  court  of  law.  In  our  particular application domain, it 
usually involves examining hundreds of thousands of 
replace (copy-paste) the content with your own material. 
Files  per  computer.  This  activity  exceeds  the  expert’s 
ability of  analysis and  interpretation of  data.  Therefore, 
methods  for  automated  data  analysis,  like  those  widely 
used   for   machine  learning  and   data   mining,  are   of 
paramount importance. In particular, algorithms for pattern 
recognition from the information present in text documents 
are promising, as it will hopefully become evident later in 
the paper. 

Clustering algorithms are usually used for 
exploratory data analysis, where there is few or no prior 
knowledge about the data [2], [3]. This is precisely the case 
in  several applications of  Computer Forensics, including 
the one addressed in our work. From a more technical point 
of  view,  our  datasets  consist  of  unlabeled  objects  the 
classes or categories of documents that can be found are a 
priori unknown. Moreover, even assuming that labeled 
datasets could be available from previous analyses, there is 
almost  no  hope  that  the  same  classes (possibly learned 
earlier  by  a  classifier  in  a  supervised  learning  setting) 
would be still valid for the upcoming data, obtained from 
other computers and associated to  different investigation 
processes. More precisely, it  is likely that the  new data 
sample would come  from a  different population. In this 
context, the use of clustering algorithms, which are capable 
of  finding latent patterns from text  documents found  in 
grabbed computers, can enhance the analysis performed by 
the expert examiner. 

The rationale behind clustering algorithms is that 
objects within a valid cluster are more similar to each other 
than un-structured text they are to objects belonging to a 
different cluster [2], [3]. Thus, once a data partition has 
been induced from data, the expert examiner might initially 
focus  on  reviewing  representative  documents  from  the 
obtained  set  of  clusters.  Then,  after  this  preliminary 
analysis, (s) he may eventually decide to scrutinize other 
documents from each cluster. By doing so, one can avoid 
the hard task of examining all the documents (individually) 
but, even if so desired, it still could be done. In a more 
practical and realistic scenario, domain experts (e.g., 
forensic examiners) are scarce and have limited time 
available   for   performing   examinations.   Thus,   it   is 
reasonable   to   assume   that,   after   finding   a   relevant 
document, the  examiner could  prioritize the  analysis of 
other  documents  belonging  to  the  cluster  of  interest, 
because it is likely that these are also relevant to the 
investigation. Such an approach, based on document 
clustering, can indeed improve the analysis of grabbed 
computers, as  it  will  be  discussed in  more  detail  later. 
Clustering algorithms have been studied for decades, and 
the literature on the subject is huge. Therefore, I decided to 
choose a set of (six) representative algorithms in order to 
Show the potential of the proposed approach, namely: the 
partitional K-means [3] and K-medoids [4], the hierarchical
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TABLE I 

SUMMARY OF ALGORITHMS AND THEIR PARAMETERS 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Single/Complete/Average Link  [5],  and  the  cluster 
ensemble algorithm known as CSPA [6]. These algorithms 
were run with different combinations of their parameters, 
resulting in sixteen different algorithmic instantiations, as 
shown in Table I. Thus, as a contribution of our work, I 
compare their relative performances on the studied 
application  domain  using  five  real-world  investigation 
cases  conducted  by  the  Brazilian  Federal  Police 
Department. In order to make the comparative analysis of 
the algorithms more realistic, two relative validity indexes 
(Figure [4] and its simplified version [7]) have been used to 
estimate the number of clusters automatically from Data. 

It is well-known that the number of clusters is a 
critical parameter of many algorithms and it is usually a 
priori unknown. As far as I know, however, the automatic 
estimation of the number of clusters has not been 
investigated in the Computer Forensics literature. Actually, 
I could not even locate one work that is reasonably close in 
its   application   domain   and   that   reports   the   use   of 
algorithms capable of estimating the number of clusters. 
Perhaps even  more  surprising is  the  lack  of  studies  on 
hierarchical clustering algorithms, which date back to the 
sixties. Our study considers such classical algorithms, as 
well as recent developments in clustering, such as the use 
of consensus partitions [6]. The present paper extends our 
previous work [23], where nine different instantiations of 
algorithms were analyzed. As previously mentioned, in our 
current work I employ sixteen instantiations of algorithms. 
In addition, I provide more insightful quantitative and 
qualitative analyses of  their  experimental Results in  our 
application domain. 

The  remainder  of  this  paper  is  organized  as 
follows. Section II presents Literature Survey. Section III 
briefly addresses the implementation i.e. adopted clustering 
algorithms and preprocessing steps. Section IV reports our 
experimental results, and Section V addresses some future 
works  of  our  study.  Finally,  Section  VI  concludes  the 
paper. 

II.  LITERATURE SURVEY 
1. Digital world increased from 161 hexabytes in 2006 to 
988 hexabytes in 2010 [1] about 18 times the amount of 
information present in all the books ever  written and it 
continues to grow exponentially. This large amount of data 
has a direct impact in Computer Forensics, which can be 
broadly defined as the discipline that combines elements of 
law and computer science to collect and analyze data from 
computer systems in a way that is admissible as evidence in 
a court of law. 
2. Clustering algorithms are typically used for exploratory 
data analysis, where there is few or no prior knowledge 
about the data [2], [3]. This is precisely the case in several 
applications of Computer Forensics, including the one 
addressed in our work. From a more technical viewpoint, 
our datasets consist of unlabeled objects the classes or 
categories of documents that  can be  found are  a  priori 
unknown. 
3. There are only a few studies reporting the use of 
clustering algorithms in the Computer Forensics field. 
Essentially, most of the studies describe the use of classic 
algorithms for clustering data e.g., Expectation- 
Maximization (EM) for unsupervised learning of Gaussian 
Mixture Models,  K-means,  Fuzzy  C-means (FCM),  and 
Self-Organizing Maps (SOM). These algorithms have well- 
known  properties and  are  widely  used  in  practice.  For 
instance, K-means and FCM can be seen as particular cases 
of EM [21]. Algorithms like SOM [22], in their turn, 
generally have inductive biases similar to K-means, but are 
usually less computationally efficient. In [8], SOM-based 
algorithms were used for clustering files with the aim of 
making the decision-making process performed by the 
examiners  more  efficient.  The  files  were  clustered  by 
taking into account their creation dates/times and their 
extensions. This kind of algorithm has also been used in [9] 
in order to cluster the results from keyword searches. 
3. The underlying assumption is that the clustered results 
can increase the information retrieval efficiency, because it 
would not be necessary to review all the documents found 
by the user anymore. An integrated environment for mining 
e-mails  for  forensic  analysis,  using  classification  and 
clustering algorithms, was presented in [10]. In a related 
application domain, e-mails are grouped by using lexical, 
syntactic,  structural,  and  domain-specific  features  [11]. 
Three clustering algorithms (K-means, Bisecting K-means 
and EM) were used. The problem of clustering e-mails for 
forensic  analysis  was  also  addressed  in  [12],  where  a 
Kernel-based   variant   of   K-means   was   applied.   The 
obtained   results   were   analyzed  subjectively,  and   the 
authors concluded that they are interesting and useful from 
an investigation perspective. 
4. More recently [13], a  FCM-based method for  mining 
association rules  from  forensic data  was  described.  The 
literature on Computer Forensics only reports the use of 
algorithms  that  assume  that  the  number  of  clusters  is 
known and fixed a priori by the user. Aimed at relaxing 
this assumption, which is often unrealistic in practical 
applications,   a   common   approach   in   other   domains
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involves estimating the number of clusters from data. 
Essentially, one induces different data partitions (With 
different numbers of clusters) and then assesses them With 
a relative validity index in order to estimate the best value 
for the number of clusters [2], [3], [14]. This work makes 
use of such methods, thus potentially facilitating the work 
of the expert examiner who in practice would hardly know 
the number of clusters a priori. 

 
III.  IMPLEMENTATION DETAILS. 

A.  Pre-Processing Steps 
Before running clustering algorithms on text 

datasets,   I   performed   some   preprocessing   steps.   In 
particular, stop words (prepositions, pronouns, articles, and 
irrelevant document metadata) have been removed. Also, 
the Snowball stemming algorithm for Portuguese words has 
been used. Then, I adopted a traditional statistical approach 
for text mining, in which documents are represented in a 
vector space model [15]. In this model, each document is 
represented by a vector containing the frequencies of 
occurrences of words, which are defined as delimited 
alphabetic strings, whose number of characters is between 
4 and 25. 

I also used a dimensionality reduction technique 
known as Term Variance (TV) [16] that can increase both 
the effectiveness and efficiency of clustering Algorithms. 
TV selects a number of attributes (in our case 100 words) 
that  have  the  greatest variances over  the  documents. In 
order to compute distances between documents, two 
measures have been used, namely: cosine-based distance 
[15] and Levenshtein- based distance [17]. The later has 
been used to calculate distances between file (document) 
names only. 

 
B.  Estimating the Number of Clusters from Data 

In  order  to  estimate  the  number  of  clusters,  a 
widely used approach consists of getting a set of data 
partitions with different numbers of clusters and then 
selecting  that  particular  partition  that  provides  the  best 
result  according  to  a  specific  quality  criterion  (e.g.,  a 
relative validity index [2]–[5]). Such a set of partitions may 
result directly from a hierarchical clustering dendro gram 
or, alternatively, from multiple runs of a partitional 
algorithm (e.g., K-means) starting from different numbers 
and initial positions of the cluster prototypes (e.g., see [14] 
and references therein). 

For the moment, let us assume that a set of data 
partitions with different numbers of clusters is available, 
from which I  want to  choose the best one according to 
some relative validity criterion. Note that, by choosing such 
a data partition, I am performing model selection and, as an 
intrinsic part of this process, I am also estimating the 
number of clusters. 

A  widely used relative validity index is the so- 
called Figure [4], which has also been adopted as a 
component of the algorithms employed in our work. 
Therefore, it is helpful to define it even before I address the 
clustering algorithms used in our study. 

Let us consider an object belonging to cluster A. 
The average dissimilarity of to all other objects of A is 
denoted by a (i). Now let us take into account cluster C. 
The average dissimilarity of i to all objects of C will be 
called d (i,C) . After computing d(i,C) for all clusters C≠A, 
the smallest one is selected, i.e.(i)= mid d(i,C) , C≠A. This 
value  represents  the  dissimilarity  of  i  to  its  neighbor 
cluster, and the Figure for a give object, s (i), is given by: 
 

S (i) =    ------------------ (1) 
 
It can be verified that -1≤s (i) ≤+1. Thus, the higher s (i) the 
better the assignment of object to a given cluster. In 
addition, if is equal to zero, then it is not clear whether the 
object should have been assigned to its current cluster or to 
a neighboring one [4]. Finally, if cluster A is a singleton, 
then s (i) is not defined and the most neutral choice is to set 
s (i) =0 [4]. Once I have computed s (i) over i=1, 2, 3….N, 
where N is the number of objects in the dataset, I take the 
average over these values, and the resulting value is then a 
quantitative measure of the data partition in hand. Thus, the 
best clustering corresponds to the data partition that has the 
maximum average Figure. 

The average Figure just addressed depends on the 
computation of all distances among all objects. In order to 
come  up  with  amore  computationally efficient criterion, 
called   simplified   Figure,   one   can   compute   only   the 
distances  among  the  objects  and  the  centroids  of  the 
clusters. The  term  a  (i)  of  (1)  now corresponds to  the 
dissimilarity of object to its corresponding cluster (A) 
centroid. Thus, it is necessary to compute only one distance 
to get the a (i) value, instead of calculating all the distances 
Between and the other objects of A. Similarly, instead of 
computing d  (i,C)  as  the  average dissimilarity of  to  all 
objects of      C,  C≠A, I  can  now compute the  distances 
between I and the centroid of C. 

Note that the computation of the original Figure 
[4], as well as of its simplified version [7], [14], depends 
only on the achieved partition and not on the adopted 
clustering algorithm. Thus, these Figures can be applied to 
assess  partitions  (taking  into   account  the   number  of 
clusters) obtained by several clustering algorithms, as the 
ones employed in our study and addressed in the sequel. 
 
C.  Clustering Algorithms 

The clustering algorithms adopted in our study the 
partitional K-means [2] and K-medoids [4], the hierarchical 
Single/Complete/Average Link  [5],  and  the  cluster 
ensemble based algorithm known as CSPA [6] are popular 
in  the  machine  learning  and  data  mining  fields,  and 
therefore they have been used in our study. Nevertheless, 
some of  our  choices regarding their  use  deserve further 
comments. For instance, K-medoids [4] is similar to  K- 
means. However, instead of computing centroids, it uses 
medoids,  which  are  the  representative  objects  of  the 
clusters. This property makes it particularly interesting for 
applications in  which (i)  Centroids cannot be computed;
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and (ii) Distances between pairs of objects are available, as 
for computing dissimilarities between names of documents 
with the Levenshtein distance [17]. 

Considering the partitional algorithms, it is widely 
known that both K-means and K-medoids are sensitive to 
initialization   and   usually   converge   to   solutions   that 
represent local minima. Trying to minimize these problems, 
I used a nonrandom initialization in which distant objects 
from each  other  are  chosen  as  starting prototypes [18]. 
Unlike  the  partitional  algorithms  such  as  K- 
means/medoids, hierarchical algorithms such as Single/ 
Complete/Average Link provide a hierarchical set of nested 
partitions [3], usually represented in the form of a dendro 
gram, from which the best number of clusters can be 
estimated. In particular, one can assess the quality of every 
partition represented by the dendro gram, subsequently 
choosing the one that provides the best results [14]. 

The CSPA algorithm [6] essentially finds a 
consensus clustering from a cluster ensemble formed by a 
set  of  different  data  partitions.  More  precisely,  after 
applying clustering algorithms to the data, a similarity (co 
association) matrix [19] is computed. Each element of this 
matrix  represents  pair-wise  similarities  between  objects. 
The similarity between two objects is simply the fraction of 
the clustering solutions in which those two objects lie in the 
same cluster. Later, this similarity measure is used by a 
clustering algorithm that can process a  proximity matrix 
e.g., K-medoids to produce the final consensus clustering. 
The sets of data partitions (clustering) were generated in 
two different ways: (a) by running K-means 100 times with 
different subsets of attributes (in this case CSPA processes 
100 data partitions); And (b) by using only two data 
partitions, namely: one obtained by K-medoids from the 
dissimilarities between the file names, and another partition 
achieved with K-means from the vector space model. In 
this case, each partition can have different weights, which 
have been varied between 0 and 1 (in increments of 0.1 and 
keeping their sum equals to 1). For the hierarchical 
algorithms (Single/Complete/Average Link), I simply run 
them and  then assess every partition from the  resulting 
dendro gram by means of the Figure [4]. Then, the best 
partition (elected according to the relative validity index) is 
taken as the result of the clustering process. For each 
partitional algorithm (K-means/medoids), 

I execute it repeatedly for an increasing number of 
clusters. For each value of K, a number of partitions 
achieved from different initializations are assessed in order 
to choose the best value of K and its corresponding data 
partition, using the Figure [4] and its simplified version [7], 
which showed good results in [14] and is more 
computationally efficient. In our experiments, I assessed all 
possible values of K in the interval [2, N], where N is the 
number of objects to be clustered. 

 
D.  Dealing with Outliers 

I assess a simple approach to remove outliers. This 
approach  makes  recursive  use  of  the  Figure. 
Fundamentally, if the best partition chosen by the Figure 

has  singletons  (i.e.,  clusters  formed  by  a  single  object 
only), these are removed. Then, the clustering process is 
repeated over and over again until a partition without 
singletons is found. At the end of the process, all singletons 
are incorporated into the resulting data partition (for 
evaluation purposes) as single clusters. Table I summarizes 
the clustering algorithms used in our work and their main 
characteristics. 
 
E.  Experimental evaluation 

1. Datasets: 
Sets   of   documents  that   appear   in   computer 

forensic analysis applications are quite diversified. In 
particular, any kind of content that is digitally compliant 
can be subject to investigation. In the datasets assessed in 
our study, for instance, there are textual documents written 
in different languages (Portuguese and English). Such 
documents have  been originally created in  different  file 
formats, and  some  of  them  have  been corrupted or  are 
actually incomplete in the sense that they have been 
(partially) recovered from deleted data. 

I used five datasets obtained from real-world 
investigation cases conducted by the Brazilian Federal 
Police Department. Each dataset was obtained from a 
different hard drive, being selected all the non-duplicate 
documents with extensions “doc”, “docx”, and “odt”. 
Subsequently, those documents were converted into plain 
text format and preprocessed as described in Section III-A. 
The obtained data partitions were evaluated by taking into 
account that I have a reference partition (ground truth) for 
every dataset. Such reference partitions have been provided 
by an expert examiner from the Brazilian Federal Police 
Department,  who  previously  inspected  every  document 
from our collections. The datasets contain varying amounts 
of documents (N),  groups (K), attributes (D), singletons 
(S), and number of documents per group (#), as reported in 
Table II. 

TABLE II 
DATASET CHARACTERISTICS 

 
 

2. Evaluation Measure 
From a scientific perspective, the use of reference 

partitions for evaluating data clustering algorithms is 
considered  a  principled  approach.  In  controlled 
experimental settings, reference partitions are usually 
obtained  from  data  generated  synthetically  according to 
some probability distributions. From a practical standpoint, 
reference partitions are usually obtained in a different way, 
but they are still employed to choose a particular clustering 
algorithm that is more appropriate for a given application, 
or to calibrate its parameters. In our case, reference 
partitions were constructed by a domain expert and reflects
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the  expectations that  (s)  he  has  about  the  clusters  that 
should be found in the datasets. In this sense, the evaluation 
method that I used to assess the obtained data partitions is 
based  on  the  Adjusted  Rand  Index  [3],  [20],  which 
measures the  agreement between a  partition P,  obtained 
from running a clustering algorithm, and the reference 
partition   R    given   by   the   expert   examiner.   More 
specifically, ARI € [0, 1] and the greater its value the better 
the agreement between P and R. 

 
F.  Data Flow Diagram 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

IV.  RESULTS AND DISCUSSIONS 
 

Table III summarizes the obtained ARI results for 
the  algorithms  listed  in  Table  I.  In  general,  AL100 
(Average Link algorithm using the 100 terms with the 
greatest variances, cosine- based similarity, and Figure 
criterion) provided the best results with respect to both the 

average and the standard deviation, thus suggesting great 
accuracy and stability. Note also that an ARI value close to 
1.00 indicates that the respective partition is very consistent 
with the reference partition this is precisely the case here. 
In this table, I only report the best obtained results for the 
algorithms that search for a  consensus partition between 
file name and content (NC100 and NC) i.e., partitions 
whose weights for name/content resulted in the greatest 
ARI value. The ARI values for CL100 are similar to those 
found  by  AL100.  Single  Link  (SL100),  by  its  turn, 
presented worse results than its  hierarchical counterparts 
especially  for  datasets  A  and  B.  This  result  can  be 
explained by the presence of outliers, whose chain effect is 
known to impact Single Link performance [2]. 

The results achieved by Kmd100* and KmsT100* 
were   also   very   good   and   competitive   to   the   best 
hierarchical algorithms (AL100 and CL100). I note that, as 
expected,                                                                               a 

TABLE III 
ADJUSTED RAND INDEX (ARI) RESULTS 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 1. Figure for Kms100, AL100, and Kms100 (dataset E). 
 
Good initialization procedure such as the one described in 
[18] provides the best results. Particularly, the initialization
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on distant objects can minimize the K-means/medoids 
problems with respect to local minima. To illustrate this 
aspect, Fig. 1 shows the Figure values as a function of K 
for three algorithms (Kms100, Kms100*, and AL100). One 
can  observe that  Kms100 (with random initialization of 
prototypes), presents  more  local  maxima  for  the  Figure 
(recall that these were obtained from local minima of K- 
means),   yielding   to   less   stable   results.   Conversely, 
Kms100* (initialization on distant objects [18]) has fewer 
local maxima, being more stable. This trend has also been 
observed in the other datasets. Surprisingly, Kms100* has 
curves similar to  those of  AL100, especially for  higher 
values of K. This fact can be explained, in part, because 
both algorithms tend to  separate outliers. It can also be 
observed that Kms100* got slightly better results than its 
variant with random initialization of prototypes (Kms100). 
However,  the  ARI  values  for  Kms100*,  which  uses 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2. Figure Kms100 (Dataset D). 
 

The  simplified Figure to  estimate, are  worse than those 
Obtained for, KmsT100*, Kmd100* and the hierarchical 
algorithms. Recall that these algorithms use the traditional 
version of the Figure. This observation suggests that the 
simplified Figure provided worse estimates for the values 
of K. 

This can be explained from the fact that the 
simplified Figure essentially computes distances between 
objects and centroids, whereas the traditional Figure takes 
all the pair-wise distances between objects into account in 
order to estimate. In other words, there is some information 
loss in  the  computation of  the  simplified Figure,  which 
indeed provided smaller values for K than both the Figure 
and the reference partition in four out of five datasets. I 
also point out that both the Figure and its simplified version 
estimate the number of clusters by taking into account two 
concepts: cluster compactness (average intra cluster 
dissimilarity) and cluster separability (inter-cluster 
dissimilarity). Both are materialized by computing average 
distances. I observed that the average distance from a given 

object to all the objects of a cluster tends to be greater than 
the distance of that object to the cluster’s centroid. 
Moreover, such a difference tends to be greater when 
computing intra cluster distances (compactness) compared 
to calculating inter cluster distances (separability). In other 
words, it is more likely that the simplified Figure 
underestimates the intra cluster distances. 

As  a  consequence, in  the  trade-off relationship 
between cluster compactness and cluster separability, the 
simplified Figure value tends to be higher than the one find 
by Figure for a given data partition. Also, the higher the 
number of clusters the better the simplified Figure estimate 
for the compactness, approaching the value estimated by 
Figure and becoming equal in the extreme case (K=N), as 
shown in  Fig. 2  (Dataset D). Similar figures have been 
observed for the other datasets. Thus, the simplified Figure 
favors lower values for K than the Figure. 

The  use  of  the  file  names  to  compute 
dissimilarities between documents in principle seemed to 
be interesting, because one usually chooses meaningful file 
names. However, it turns out that, empirically, the use of 
only the file names to compute 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 3. ARI values NC and NC100 algorithms (Dataset C). 
 
The dissimilarity between documents did not bring good 
results  in   general  e.g.,  see   results  for  KmdLev  and 
KmdLevS in Table III. On the other hand, these results 
may not be considered surprising because the name of the 
file   provides   less   information  than   the   file   content. 
However, there is an exception to this general behavior that 
can be observed from the relatively good results of these 
algorithms on Dataset D, thus suggesting that the file name, 
although less informative than the file content, can help the 
clustering process. In addition, let us now analyze Fig. 3 
(for Dataset C), which shows the ARI values for the 
algorithms that search for a  consensus partition between 
those formed by name and content. The ARI values are 
shown for different weights that capture the (imposed) 
relative importance of name and content. Some particular
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combinations of values for the weights, like when the 
content weight is comprised between 0.1 and 0.5, provided 
worse  results  compared  to  the  standalone  use  of  either 
name or content, thus suggesting that mixing information 
of  different  nature  may  be  prejudicial to  the  clustering 
process. However, one can see that NC100 shows a 
(secondary) peak  of  the  ARI  value  (for  content  weight 
equals to 0.6). Although the primary peak suggests using 
only the data partition found from content information, it 
seems that adding information about the  file  name  may 
indeed be useful. To wrap up this discussion, the use of the 
file name can help the clustering process, but it seems to be 
highly data dependent. 

Let  us now focus on the performance of E100. 
Recall from Table I that this is a particular instantiation of 
the  CSPA [6]  algorithm. More specifically, it  obtains a 
consensus partition from a set of partitions generated by K- 
means  by  randomly  selecting  100  different  attributes. 
Because  of  both  the  high  sparsity  of  the  data  matrix 
(common  to  text  datasets)  and  the  random  attribute 
selection, many documents are represented by very sparse 
vectors. Consequently, such documents have been grouped 
into a single cluster, whose centroid is also very sparse and 
with component values close to zero. Such centroids induce 
misleading 

TABLE IV 
EXAMPLE OF THE INFORMATION FOUND IN THE CLUSTERS 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Partitions, which are the inputs for the computation of the 
co association matrix. Thus, a misleading consensus 
clustering is obtained. Therefore, the choice of random sets 
of attributes to generate partitions for consensus clustering 
algorithms seems to be an inappropriate approach for such 
text data. 

Considering the algorithms that recursively apply 
the Figure for removing singletons (KmsS and Kms100S), 
Table III shows that their results are relatively worse when 
compared to the related versions that do not remove 
singletons (Kms and Kms100). However, KmdLevS, which 

is based on the similarities between file names, presented 
similar results to those  found by its related version that 
does not remove singletons (KmdLev). In principle, one 
could expect that the removal of outliers, identified from 
carefully analyzing the  singletons,  could  yield  to  better 
clustering results. However, I have not observed this 
potentially good property in our experiments and, as 
expected, this  aspect  is  rather  data-dependent. As  such, 
these algorithms may be potentially helpful to deal with 
other datasets. 

As  far  as  the  adopted  dimensionality reduction 
technique   is   concerned   Term  Variance   (TV)   [16]   I 
observed that the selection of the 100 attributes (words) 
that   have   the   greatest   variance   over   the   documents 
provided best results than using all the attributes in three 
out of five datasets (see Table III). Compared to Kms and 
KmsS, the worse results obtained from feature selection by 
Kms100 and  Kms100S, especially in  the  dataset D,  are 
likely due to k-means convergence to local optima from 
bad initialization. By considering all the results obtained 
from feature selection, I believe that it should be further 
studied mainly because of the potentially advantageous 
computational efficiency gains. 

Finally, from a practical viewpoint, a variety of 
relevant findings emerged from our study. It is worth 
stressing that, for all the investigated datasets, the best data 
partitions are formed by clusters containing either relevant 
or  irrelevant documents. For  example, in  dataset C,  the 
algorithm AL100 obtained a data partition formed by some 
singletons and by other 15 clusters (C1, C2, C3… C15) 
whose information are listed in Table IV. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 4. Dendro gram obtained by AL100 Dataset A. 
 
For obvious reasons, I cannot reveal more detailed, 
confidential information. However, I can mention that, on 
this  real  world  financial crime  investigation, clusters of 
relevant documents have been obtained, such as C10, C14, 
and C2,  which contain financial or  exchange transaction 
information. Also, other obtained clusters have only 
irrelevant  documents  e.g.,   C12,   which  contains  label 
designs. These clusters of either relevant or irrelevant 
documents  can  help  computer  examiners  to  efficiently 
focus on the most relevant documents without having to
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inspect  them  all.  In  summary,  document  clustering  has 
great potential to be useful for computer inspection. 

As   a   final   remark,   a   desirable   feature   of 
hierarchical algorithms that make them particularly 
interesting for expert examiners is the summarized view of 
the dataset in the form of a dendro gram, which is a tree 
diagram that illustrates the arrangement of the clusters. The 
root node of the dendro gram represents the whole data set 
(as a single cluster formed by all objects), and each leaf 
node represents a particular object (as a singleton cluster). 
The  intermediate nodes, by  their  turn,  represent clusters 
merged hierarchically. The height of an intermediate node 
is  proportional  to  the  distance  between  the  clusters  it 
merges. This representation provides very informative 
descriptions and visualization for the potential data 
clustering  structures  [5],  thus  being  helpful  tools  for 
forensic examiners that  analyze textual  documents from 
grabbed computers. 

As I already discussed, the ultimate clustering 
results can be obtained by cutting the dendro gram at 
different levels e.g., by using a relative validity criterion 
like the Figure. For the sake of illustration, Figs. 4–8 show 
examples of dendro grams obtained by AL100. The dendro 
grams were cut horizontally at the height corresponding to 
the  number of  clusters estimated by the  Figure (dashed 
line).  Roughly speaking,  sub  trees  with low height  and 
large  width  represent  both  cohesive  and  large  clusters. 
These clusters are good candidates for a starting point 
inspection. Moreover, the forensic examiner can, after 
finding a cluster of relevant documents, inspect the cluster 
most similar to the one just found, because it is likely that it 
is also a relevant cluster. This can be done by taking 
advantage of the tree diagram. 

 
V.  FUTURE SCOPE 

It is well-known that the success of any clustering 
algorithm is data dependent, but for the assessed datasets 
some of our adaptations of existing algorithms have shown 
to be good enough. Scalability may be an issue, however. 
In order to deal 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 5. Dendro gram obtained by AL100 Dataset B. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 6. Dendro gram obtained by AL100 Dataset C. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 7. Dendro gram obtained by AL100 Dataset D. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 8. Dendro gram obtained by AL100 Dataset E. 
 
With this issue, a number of sampling and other techniques 
can be used e.g., see [24]–[29]. Also, algorithms such as 
bisecting  k-means  and  related  approaches  can  be  used. 
These algorithms can also induce dendro grams, and have a 
similar inductive bias with respect to hierarchical methods 
considered in our work. More precisely, and aimed at 
circumventing computational difficulties, partitional 
clustering algorithms can be used to compute a hierarchical 
clustering solution by using repeated cluster bi sectioning
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approaches. For instance, bisecting k-means has relatively 
low  computational  requirements,  i.e.,  it  is  O  (N.logN), 

versus  the  overall  time  complexity of )  for 
agglomerative   methods.  Since  the   inductive  biases  of 
bisecting  k-means and the hierarchical algorithms used in 
our  work  are  similar,  I  believe  that,  if  the  number  of 
documents is prohibitively high for running agglomerative 
algorithms, then bisecting k-means and related approaches 
can be used. 

Considering the computational cost of estimating 
the number of clusters, the Figure proposed in [4] depends 
on  the  computation  of  all  distances  between  objects, 

leading to an estimated computational cost of   , 
where N is the number of objects in the dataset and D is the 
number of attributes, respectively. As already mentioned in 
the  paper,  to alleviate this potential difficulty, especially 
when dealing with very large datasets, a simplified Figure 
[7]  can  be  used.  The  simplified Figure  is  based  on  the 
computation of distances between objects and cluster 
centroids, thus making it possible to reduce the 

computational cost from  to O(k.N.D), where , 
the number of clusters, is usually significantly less than . It 
is  also  worth mentioning that there are  several different 
relative  validity criteria that can be used in place of the 
Figure  adopted in our  work. As discussed in [14], such 
criteria are endowed with particular features that may make 
each of  them to outperform others in specific classes of 
problems. Also, they present different computational 
requirements.  In  this  context,  in  practice  one  can  try 
different  criteria  to  estimate  the  number  of  clusters  by 
taking into account both the quality of the obtained data 
partitions and the associated computational cost. 

Finally, as a cautionary note, I would like to 
mention that,  in practice, it is  not always of paramount 
importance to have scalable methods. In our particular 
application scenario, there are no hard time constraints to 
get data partitions (like those present when analyzing 
streaming data  with  online  algorithms). Instead, domain 
experts  can  usually  spend  months  analyzing  their  data 
before reaching a conclusion. 

 
VI.  CONCLUSION 

I presented an approach that applies document 
clustering Methods to forensic analysis of computers 
grabbed in police investigations. Also, I reported and 
discussed several practical results that can be very useful 
for researchers and practitioners of forensic computing. 
More specifically, in our experiments the hierarchical 
algorithms known as  Average Link and  Complete  Link 
presented the best results. Despite their usually high 
computational costs, I have shown that they are particularly 
suitable  for  the  studied  application domain  because  the 
dendro grams that they provide offer summarized views of 
the documents being inspected, thus being helpful tools for 
forensic examiners that  analyze  textual  documents from 
grabbed computers. As  already observed in  other 
application    domains,    dendro    grams    provide    very 

informative descriptions and  visualization capabilities of 
data clustering structures [5].  The partitional K-means and 
K-medoids algorithms also achieved good results when 
properly initialized. Considering the approaches for 
estimating the number of clusters, the relative validity 
criterion known as Figure has shown to be more accurate 
than its (more computationally efficient) simplified version. 
In addition, some of our results suggest that using the file 
names along with the document content information may 
be  useful  for  cluster  ensemble  algorithms.  Most 
importantly, 

I observed that clustering algorithms indeed tend 
to induce clusters formed by either relevant or irrelevant 
documents, thus contributing to enhance the expert 
examiner’s   job.   Furthermore,   our   evaluation   of   the 
proposed  approach in  five  real-world  applications show 
that it has the potential to Speed up the computer 
inspection  process.  Aimed  at  further  leveraging the 
use  of  data  clustering  algorithms  in  similar 
applications, a promising venue for future work 
involves   investigating   automatic   approaches   for 
cluster labeling. The assignment of labels to clusters 
may  enable  the  expert  examiner  to  identify  the 
semantic content of each cluster more quickly 
eventually even before examining their contents. 
Finally,  the  study of  algorithms  that induce 
overlapping partitions (e.g., Fuzzy C-Means and 
Expectation-Maximization for Gaussian Mixture 
Models) is worth of investigation. 
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Abstract— The number of Smartphone users and 
mobile application are increase rapidly. Though 
smart phones are expected to have PC-like 
functionality, hardware resources such as CPUs, 
memory and batteries are limited. To solve this 
resource problem, many researchers have give 
architectures to use server resources in the cloud for 
mobile devices. We give a conceptual architecture of 
Android application on cloud server  network. 
Though Android is mainly designed for physical 
Smartphone, Android’s two other features are very 
useful to construct a server platform. Android is 
open-source product and run on an x86 CPU. We 
show three types of multi-tenant architecture for an 
Android server platform and discuss the direction to 
take to it reality. 

 

Key Words—Android; Virtualization; Multi-tenant; 
Cloud; 

I. INTRODUCTION  
 

As we know that Smartphone users and mobile application 
are   growing rapidly. In the same way number of mobile 
OS such as Symbian, iOS, android and windows mobile. 
Many of the application developers construct many kinds of 
applications for these platforms, an users can easily enjoy 
their individual Smartphone lifestyle. As we proposed that 
android as a server platform that enables many users to use 
resource on remote cloud server Mobile OS enable the 
reuse of many mobile application which is design to be use 
of Smartphone interface, such as software keyboard, touch 
panels and many sensors. Mobile OS is small and better to 
use remote application via network than a desktop OS. 
android is an open source mobile OS initiated by Google. 
Indirect discrimination consists of rules or procedures that, 
while not explicitly mention discriminatory attributes, 
intentionally or by chance could generate discriminatory 
decisions. Redlining by financial institutions (refusing to 
grant mortgages or insurances in urban areas they consider 
as deteriorating) is an example of indirect discrimination. 
 

II.  MOTIVATION 
As a numbers of service providers such as Dropbox and 

Zumodrive provide online storage service, he architecture for 
remotely using mobile application on server has many benefits 
for users. This approach called Mobile Application Platform on 
cloud server ,intends to handle not only user data but also user 
application in a cloud server. This approach change the 
application lifecycle as follows “Write one time, run every-
where, Install once, use every-where”. 

 
 
 
 
 

 

III. RELATED WORK 
Virtualization 
 
Can we obtain the benefits of cloud computing without 

being WAN-limited? Rather than relying on a distant “cloud,” 
we might be able to address a mobile device’s resource poverty 
via a nearby resource-rich cloudlet. In this way, we could meet 
the need for real-time interactive response by low-latency, one-
hop, high-bandwidth wireless access to the cloudlet. The 
mobile device function as a thin client, with all significant 
calculation occurring in the close to cloudlet. This cloudlet’s 
physical closeness is essential: the end-to-end response time of 
applications executing within it must be fast (a few 
milliseconds) and predictable. If no cloudlet is available 
nearby, the mobile device can elegantly degrade to a fallback 
mode that involves a distant cloud or, in the worst case, solely 
its own resources. Full functionality and performance can 
return later, when the device discover a nearby cloudlet. 

Cloud are decentralized and widely dispersed Internet 
infrastructure components whose compute cycles and storage 
resources can be leveraged by nearby mobile computers. 
Essentially, a cloudlet resemble a “data center in a box”: it’s 
self-managing, require little extra than power, Internet 
connectivity, and access organize for setup. This simplicity of 
management corresponds to an appliance model of computing 
resources and makes it trivial to deploy on a business premises 
such as a coffee shop or a doctor’s office. Internally, a cloudlet 
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resembles a bunch of multi-core computers, with gigabit 
internal connectivity and a high-bandwidth wireless LAN. For 
safe operation in unmonitored area, the cloudlet can contain a 
tamper-resistant or tamper-evident enclosure with third-party 
remote monitoring of hardware integrity.  Most important, a 
cloudlet only contains soft state such as cache copies of data or 
code that’s available elsewhere. Hence, a cloudlet’s loss or 
demolition isn’t catastrophic. 

 
Transient Cloudlet Customization 
 

We imagine a future in which cloudlet infrastructure is 
deployed much like Wi-Fi access points today. Indeed, it 
would be relatively simple to integrate cloudlet and Wi-Fi 
access point hardware into a single, easily deployable entity. A 
key challenge is to simplify cloudlet management. Widespread 
deployment of cloudlet infrastructure won’t happen unless 
software management of that infrastructure is trivial—ideally, 
it should be fully self-managing. Tightly restrict software on 
cloudlets to simplify management is unattractive because it 
constrains application innovation and evolution. Instead, an 
ideal cloudlet would support the widest possible range of 
mobile users, with minimal constraints on their software.  

Our solution is transient customization of cloudlet 
infrastructure using hardware VM technology. The emphasis 
on “transient” is important: pre-use customization and post-use 
cleanup ensure that cloudlet infrastructure is restored to its 
pristine software state after each use, without manual inter-
vention. A VM cleanly encapsulates and separates the transient 
guest software environment from the cloudlet infrastructure’s 
permanent host software environment.. 

 
 

IV. MULTI TENANT ARCHITECTURE FOR ANDROID 
 Our multi-tenancy reengineering pattern takes into account 
some of the key aspects of multi-tenancy: 
1) The possibility to share hardware resources, enable 
cost reductions. 
2) A high degree of configurability, enable each customer 
to make his own look-and-feel and workflow within the 
application. 
3) A shared application and database instance, enable 
easier maintenance. 
Figure 1 provides an overview of the multi-tenancy reenginer 
pattern that we have previously developed . The 
primary goal of the pattern are the following: 
1) Transfer a single-tenant to a multi-tenant application with 
minor adjustments in the alive business logic. 
2) Let application developers be ignorant of the fact that 
the application is multi-tenant. 
3) Clearly separate multi-tenant components, so that 
monitoring 
and load balancing mechanisms can be included 
in the future. 
In order to reach our goals, our reengineering pattern 
requires the placing of three components in the target 
application. 
The rest of this section will explain the importance 
and the needs of each of these components. 
 
A. Authentication 

 
Motivation. Because a multi-tenant application has only 
one application and database example, all tenants use the same 
physical environment. In order to be able to offer 
customization of this environment and to make sure that 
tenants can only access their hold data, tenants must be 
genuine. While 
 

 
 

Fig. 1. Multi-tenancy reengineering pattern 
 

user verification is possibly already present in the target 
application, 
a separate tenant-specific verification mechanism 
might be required, for two reasons: 
 (1) it is usually much easier 
to introduce an additional authentication mechanism, then to 
change the existing one, and 
 (2) tenant authentication allows 
a only user to be part of more than one logical organization, 
which extend the idea of user authentication with “groups”. 
A typical example of such a condition would be a bookkeeper, 
who works for multiple organizations. 
Implementation. The authentication component provides 
the mechanism necessary to identify a tenant throughout the 
application, by generating a session ticket after a tenant 
successfully logs in. The correct application configuration 
is loaded based on the values in this tag. Note that this 
mechanism does not get in the way with the authentication 
logic of 
the single-tenant application, which means that any security 
measures implement in this logic are still in order. 
 
B. Configuration 
 
Motivation. In a single-tenant surroundings, every tenant 
has his own, (possibly) customized application instance. In 
multi-tenancy, all tenants share the same application instance, 
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although it must appear to them as if they are using a 
dedicated one. Because of this, a key must of multi-tenant 
applications is the possibility to configure and/or customize 
the application to a tenant’s need . In single-tenant software, 
customization is often done by creating branches in the 
advance tree. In multi-tenancy this is no longer possible and 
customization must be made possible through configuration. 
Implementation. In order to enable multi-tenancy and let the 
user have a user-experience as if he were working in a 
dedicated surroundings, it is necessary to allow at least the 
following types of configuration: 
1) Layout Style: Layout style arrangement allows the use 
of tenant-specific themes and styles. 
2) General Configuration: The general arrangement 
component allows the specification of tenant-specific 
configuration, encryption key settings and personal profile 
details. 
3) File I/O: The file I/O arrangement component allows 
the specification of tenant-specific file paths, which can be 
used for, e.g., report generation. 
4) Workflow: The workflow organization component allows 
the configuration of tenant-specific workflow. An example 
of an application in which workflow arrangement is 
required is an ERP application, in which the workflow of 
requests can vary significantly for dissimilar tenants. 
 
C. Database 
 
Motivation. Because all tenants use the same database 
instance, it is necessary to make sure that they can only access 
their own data. 
Implementation. Because current off-the-shelf DBMSs are 
not capable of dealing with multi-tenancy themselves , this 
should be done in a level between the business logic and the 
application’s database pool. The main tasks of this layer are 
as follows: 
1) Creation of fresh tenants in the database: If the application 
stores and/or retrieves data, which can be made tenant 
specific, 
in/from a database, it is the task of the database layer to create 
the corresponding database records when a new tenant has 
signed up for the application. 
2) Query revision: In order to provide adequate data isolation, 
the database layer must make sure that all queries are adjusted 
so that each tenant can only access his own records. 
3) Load balancing: To get better the performance of the 
multi-tenant application, efficient load balancing is required 
for the database pool. Any Service Level Agreements 
(SLAs) or financial data legislation should be taken into 

account. 

 
V. Proposed Worked 

 
In this paper, we propose Android as server platform that 
enable the use of  sharing server-side Android OS among 
multiple user. It increase the mobile effience. 
 

VI. Conclusion 
 

In this paper, we develop the android cloud for mobile in 
real time. Because of Android cloud it is easy to handle any 
data base on mobile. 
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Abstract—Nowadays application based on android 
technology becomes popular due to their ease. In this paper we 
discussed methodology which is based on Android 
Smartphone. Smartphone  is use as input device to collect 
input data. Feature extraction of input data is done by using 
gesture stroke which is in four standard directions. Using these 
features recognition is done by HMM. An experimental result 
has shown advantages of this method in the field of 
handwritten recognition. 

Index Terms— Android, feature extraction, HMM, 
recognition. 

I. INTRODUCTION  
     Devnagari is one of the most popular scripts in India. 
Devnagari script is use to write Hindi, Kokani, Marathi, 
Nepali, Sanskrit, Dogri and Sindhi. It is also used in Urdu 
language. Devnagari script plays an important role in the 
development of manuscript and literature.  
     Handwriting recognition has been one of the fascinating 
and challenging fields for researcher in image processing 
and pattern recognition in the recent years. Handwriting 
recognition is mainly divided into two type’s offline and 
online. In offline recognition the writing is usually captured 
by a scanner so whole image is present thus only static 
images are available. While in online recognition system 
input is given by some digital devices such as Digital pad, 
Tablet PC etc.  
 

 
 
 
 
 
 
 
 
 
 
 

Fig.1 Types of Handwritten Recognitions 
 

The set of basic characters of Devnagari consists of 14 
vowels and 33 consonants. Devnagari script is written from 
left to right. There is no lower and upper case in the 
Devnagari script.  

 
Fig.2. Set of Vowels 

 

 
 

Fig.3. Set of Consonants 
 

The complexity of an online handwritten word 
recognition increases mainly because of various writing 
styles of writing styles of different writers. Due to similar 
shape of characters errors are often occur in such system. 
Examples of similar shapes are shown in fig. 4 

 
 
 
 
 

      

   

             
 

Fig. 4 Similar Shapes of Devnagari Character 
 

II. LITERATURE SURVEY  
Recognition of Devnagari handwritten word has become 

popular research area for many years because of its various 

Handwritten 
Recognition 

Offline 
Recognition 

Online 
Recognition 
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application. A. Bharat vand Sriganesh Madhvanth [1] 
presented recognition system for online handwritten 
Devnagari and Tamil script. In this system preprocessing is 
done by normalization and shirorekha detection. 
Recognition of this system is based on HMM lexicon driven 
and lexicon free technique by NPen++ feature extraction 
method.  
    Neural network is also used for Devnagari script 
recognition [2], [6], [7] and [10]. Neural network perform 
computation at a higher rate compared to classical 
technique. Veena Bansal and R. M. K. Sinha [3] introduce a 
complete OCR for printed Hindi text of Devnagari script. In 
this system features such as vertical feature bar, horizontal 
zero crossings and moments are extracted. After feature 
extraction these features are used by Tree Classifier which 
is used for recognition. Sandhya Arora [4] has used 
intersection features with neural network for Devnagari 
script and it achieves 89.12 % accuracy.   
     Support Vector Machines are also used for pattern 
recognition. In [5] Gaussian filter is used to make input data 
stroke smoother and noise removal from input data. Shanti 
N and Duraiswani K [11] introduce a system in which 
binarization is done by Ostu’s method and feature extraction 
is done by zone based approach. In [12] Diagonal feature 
extraction scheme is used to extract feature from each zone. 
Using these features Chromosome functions are used for 
classification. 
        Peake and Tan [13] have proposed a method for 
automatic script and language identification from document 
images using Gabour filters and gray level co-occurrence 
matrices for seven languages. In [14] Basavaraj Patil and 
Subbareddy have developed a character script identification 
system for machine printed bilingual documents in English 
and Kannada scripts using probabilistic neural network. 
        NN is used in an online word recognition system. 
Faradji and et al. planned an online Farsi handwritten words 
recognition system by Using a combination of 3 cascaded 
RBF NNs [15].A fuzzy feature based segmentation 
technique for Bangla word images was proposed in [16]. In 
another related work [17], segmentation of touching 
characters of printed Bangla and Devanagari scripts were 
considered. 

III. PROPOSED METHODOLOGY 
Our proposed system is an online Devnagari word 

recognition system in which input is taken from Smartphone. 
In previous technique, recognition require database of 
handwritten word by different writers. But in propose 
method there is no requirement of such database. For 
recognition purpose of drawn gesture all devnagari character 
images are stored which is use by HMM for recognition  

 

A. Data collection 
In the proposed method Android based Smartphone is 

used as an input device The user interface of Android is 

based on direct manipulation, using android touch inputs are  
loosely correspond to real-world actions, like swiping, 
tapping, pinching and reverse pinching to manipulate on-
screen objects. Gesture class is used to capture gesture which 
user will draw on screen. Smartphone which is used for this 
experiment is Samsung core which supports Android 4.1 
jelly bean. 

 

 
 Fig. 5 Flowchart of propose method 

 

B. Feature Extraction 
In the proposed system features are extracted from input 

image. Gesture stroke started on a touchdown and ended on 
a touch up. A stroke consists of a sequence of timed points. 
One or multiple strokes form a gesture. Extracted profiles 
for each word image is in four directions i.e. left, right, top 
and bottom. Also it extracts all points on screen which are 
covered by gesture stroke. Extracted features of input data 
is shown in fig. 6. 

C. Recognition using HMM 
The idea of HMM based word recognition systems is to 

build word models for all hypotheses. Recognition is done 
by concatenating character models which are built during a 

Input is taken from Smartphone 

Gesture drawn on Smartphone 

Features extraction done by 
Gesture stroke 

Using WiFi PHP send features to 
Matlab 

Recognition is done by HMM 
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training phase. For each word a rating value is calculated, 
which can be interpreted as similarity or probability. 
Viterabi algorithm calculates the likelihood for the best 
matching character sequence. Also EM algorithm used for 
matching character. In this each iterations is guaranteed to 
increase the likelihood of the data. Using this algorithm 
word recognition is possible.  

In the proposed method HMM will read file which is 
sense by PHP and it contains the features of characters 
drawn by user. PHP is server side scripting language which 
is used for web development. It has also evolved to include 
a command line interface capability and can be used in 
graphical applications.HMM is applied on that feature and 
it recognize that character. Image is resized to (100,100) 
pixel and it displays that image. Using this technique 
accuracy is enhance and less time is require for sensing that 
character. 

 

 
Fig 6 Simulation of Feature extraction using Gesture 

CONCLUSION  
 In this paper, we have represented online 

recognition system for Devnagari word. We can use this 
technique for recognition of Marathi manuscript as well as 
for other languages also. Using android technology accuracy 
of word recognition is improved and it is useful for new 
researchers.  
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Abstract— Future design a new methodology to select a 
networks through vertical handoff to optimize different 
presentation parameters such as number of handoff, throughput, 
consumption of power etc. in heterogeneous wireless networks. 
The mostly challenging issues for coordination are vertical 
handoff, which is the establishment for a mobile node to handoff 
between different kinds of networks. While conventional handoff 
is position on received signal strength comparisons, vertical 
handoff have to evaluate additional parts, such as, monetary cost, 
provides services, network requirements, and user priority. In 
this paper, several optimizations are design for the 
implementation of vertical handover decision, with the goal of 
maximizing the quality of service experienced by each user. First, 
the idea of policy-based handoffs is analyse. Then, a cost is 
explained to judge target networks based on types of user- and 
network-valued. Finally, can be a performance analysis 
demonstrates that important gains in quality of service and a 
most efficient use of resources can be reach from the proposed 
optimizations.                                            
 

Keywords— handoff; vertical handoff; mobility management 

I. INTRODUCTION  
The manage by new generations of communication devices 

(smart phones, tablet, iPods s, etc), demands of high capacity, 
and faster speed, the demand for higher data rates by mobile 
users in present day times has witnessed a significant increase 
in application services. Current implementation [1] [2] have 
shown that wide-area cellular networks based on the 3GPP 
standards (LTE/LTE-Advanced) and IEEE standard 
(IEEE802.16x) can coexist to offer the required highly speed 
data services to clients by complementing each other because 
of the equivalence in the network characteristics. The union of 
these technologies tends to provide broad coverage as well as 
broadband access, for a converged system [1], [2], [3]. 

4G wireless system has the potential to supply high data 
transfer rates, seamless mobility, effective user control. Future 
Wireless systems will be designate by their heterogeneity such 
as multiple access technologies supply access to internet 
content. A heterogeneous (or hybrid) network can be describe 
as a network which comprises of two or more different access 
network technologies (VANET, WLAN, UMTS, CDMA, 
MANET) to supply ubiquitous coverage. Indoor environment 
technologies 802.11, Home RF, Bluetooth, and IrDA etc 
supply high data rates but cover smaller areas. On the 
opposing outdoor environment technologies Satellite, 

CDMA2000, GPRS etc. carry low data rates, but offer much 
wider area of coverage that allows ubiquitous connectivity. 
All the systems differ in session of coverage, delay, 
bandwidth, cost etc. However, using multiple wireless 
network interfaces it is practicable to avail the advantages of 
different kinds of network simultaneously. The varying 
wireless technologies are driving today’s wireless networks to 
become heterogeneous and supply a types of new applications 
(such as multimedia) that eases and smoothes the transition 
over multiple wireless network interfaces. 

Handoff is the procedure of supporting a mobile user’s 
active connections as it moves within a wireless network [4] 
Vertical handoff, or inter-system handoff, examine handoff 
between different kinds of networks [5],[6]. Conventionally, 
handoff research has been based on an extermination of the 
received signal strength (RSS) at the mobile node. However, 
conventionally RSS comparisons are not enough to make a 
vertical handoff decision, as they do not take into account the 
different linking options for the mobile user. Other parts, such 
as, network conditions, network conditions monetary cost, 
mobile node conditions, user preferences, etc., must be 
considered, as well as the capabilities of the different networks 
in the locality of the user. Thus, a more complication, adaptive 
and intelligent approach is required to implement vertical 
handoff protocols to create satisfactory result for both the user 
and the network. 

II. RELATED WORK 
Lots of researchers have proposed on vertical handoff has 

been shows in research literature. In [7], the authors propose a 
policy-enabled handoff over a heterogeneous network 
environment using a cost explained by separate parameters 
such as available bandwidth, power consumption, and service 
cost. The cost is evaluate for the available access networks and 
then used in the handoff decision of the mobile terminal (MT). 
In [8],Ylianttila et al. show that the optimal value for the 
dwelling timer is dependent on the differentiation between the 
available data rates in both networks. Another category uses a 
cost as a measurement of the benefit produce by handing off to 
a particular access network. In [2], multi-network architectural 
subject were explored, and an approach neural-network based 
vertical handoff algorithm was implemented to satisfy user 
bandwidth requirements. Building on the work done on vertical 
handoff algorithms and cost, in this paper, here can propose 
various optimizations to the handoff decision process and make 
the following contributions: first the implement of a handoff 
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cost that responsibility for the dynamic values that are inherent 
to a vertical handoff, second the incorporation  of a network 
elimination method in the vertical handoff, to potentially 
decrease delay and processing power in the handoff estimation, 
and third is the optimization of the proposed handoff cost for 
different kinds of user services spread among multiple 
networks. 

III. PERFORMANCE OF VERTICAL HANDOVER 
DECISION OPTIMIZATION  

The VHD scheme shows in this paper exists of three VHD 
modules: Handoff Need (HN), Target Network Selection 
(TNS), and third is Handover Performance Parameter 
Estimation (HPPE). The handoff need module is used to 
estimate the necessity of handoff. The essentiality of handoff is 
predicted by using the handoff prediction algorithm which is 
based on received signal strength (RSS) concept. If the RSS of 
the MN in present network is less than the RSS of other 
occurring networks then there will be a required for handoff. 
Then after significant that there is a required for handoff then 
the next step is to determine the target network for handoff. In  
research work this step is managed by the handoff target 
selection module using multiple objective optimization 
concepts that explains the main objective. Here the parameters 
of the networks can be represented by separate criteria. The 
selected network will be the network with minimum latency 
value, signal-to-noise ratio, consumption of power and 
maximum throughput. Then HPPE module is used to optimize 
the throughput, packet loss, no of handoff and handoff failure 
probability of MN, over different APs or BSs occurring 
handoff which shows the performance of the proposed 
algorithm. 

A. POLICY-BASED VERTICAL HANDOFFS 
The vertical handoff decision algorithm is established on a 

policy-based networking architecture. Policy-based networking 
configures a wide difference of network devices within a single 
administrative domain in arrangement to performed a set of 
quality of service (QoS) based services [9]. The Internet 
Engineering Task Force (IETF) has shows a policy-based 
framework to transform sets of policy rules to network device 
configurations. Figure 1 display a simple policy-based solution. 
First is the policy enforcement point (PEP) and second is the 
policy decision point (PDP). PEP is a part that runs on the 
policy-aware network node, which is represented by the entry 
point in a network-controlled handoff or a mobile assisted 
handover, and is represented by the mobile terminal in a 
mobile controlled handoff. The PEP is the place at which the 
policies are enforced. Policy decisions are made fundamentally 
at the PDP, position on the policies separated from the policy 
database. The PDP as specified by the IETF may make use of 
additional mechanisms and protocols to reach additional 
functionality such as user authentication, accounting, policy 
data is storage, etc.  

 

 

 

 

 

 

 

 

 

 

 

 
 

     

 Figure1. Architecture of policy based network  

IV. VERTICAL HANDOFF POLICIES SYSTEM 
It is supposed that a single user may manage multiple 

communication sessions. In the first vertical handoff policy, 
the vertical handoff decision is optimized for all assembly 
collectively, i.e., all of the user’s active sessions are reach off 
to the same target network at the same time.  
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                       Figure2. Vertical Handoff Policy System  
The pre service cost is decided for all sessions going to a 
single network. The lowest valued of pre service cost decided 
the optimal target network for handoff.  The second vertical 
handoff policy prioritizes each work and then optimizes the 
vertical handoff decision separately for each session, i.e., each 
of the user’s active sessions may be separately handed off to a 
different target network. In this scheme, the mobile terminal 
maintains a list of its present active sessions, arranged in 
priority order. Then, the pre service cost is evaluated for the 
highest priority service. The network with the lowest per-
service cost becomes the target network for the session. Then, 
the next highest priority service is selected, the corresponding 
cost is evaluated, and the goal network decided. The 
procedure continues to the last active session. If the 
constraints for one session could not be met, then the user 
loses the separate session only. The process for the second 
scheme is outlined in Figure 2. 

V. CONCEPTS OF MULTIPLE OBJECTIVE 
OPTIMIZATIONS 

In single-objective optimization only one function is 
minimized or maximized so it would be required to determine 
a minimum or maximum whether local or global for that 
objective function [10]. When one speak about multiple-
objective function s, and this wish to find the set of values that 
minimize or maximize each of these functions. The common 
multiple optimization problem (MOP) can be stated as 
follows. 

Let S is a subset of R n be an n-dimensional space and fi (x) 
: S → R , i= 1,…., k, be k objective functions shows across S. 
Assuming g i (x) ≤ 0 j= 1,…., m be inequality constraints, the 
MO problem can be stated as determine a vector x * = (x1*, 
x2*,………x n*) that content the constraints and optimizes the 
function f(x) = [ f 1(x),f2(x),……..fk(x)] T : R n → R k  

The objective functions may be in conflict, thus, in most 
cases it is difficult to obtain the global minimum at the same 
point for all the objectives. The goal of MO is to supply a set of 
Pareto optimal solutions to the aforementioned problem. 

Let u = (u1,……,u k), and v= (v1, v2……..,v n) be total two 
vectors. Then u dominates v if and only if u i ≤ vi  i = 1,…., k,, 
and u i < vi for at least one part. This property is called as 
Pareto dominance and it is used to explain the Pareto optimal 
points. Thus, a solution x of the MO complicationis said to be 
Pareto optimal if and only if there does not exist another 
solution y, such that f(y) dominates f(x). The settle of all Pareto 
optimal solutions of an MO complication is defined as Pareto 
optimal set and it is denoted as P*.  

The set PF*= { ( f 1(x),…….,f k (x)) | x belongs to P*} is 
known Pareto front that λ ||u|| + (1- λ) ||v|| ≥. A Pareto front PF* 
is known convex if and only if there exists w belongs PF* such 
||w||; for all u v belongs to PF* and for all λ belongs to (0,1) 
Respectively, it is known concave if and only if there exists w 
belongs to PF*, such that λ ||u|| + (1- λ) ||v|| ≤ ||w||; for all u,v 
belongs to PF* and for all λ belongs to (0,1) A Pareto Front can 
be convex, concave or partially convex or concave or 

disconnected. The last three cases present the greatest 
complication for most MO techniques.  

For the HTS module, the handoff decision problem can be 
calculated by using multiple objective optimization concepts. 
For here problem have used weighted sum methodology of 
MOP. According to weighted sum methodology of MOP, 

               M                                                   M 

F(x) = wn.fn(x)         WnЄ[0,1], wn=1 

          m=1                                                  m=1 

The above equation is count as the weighted sum secularization 
of the MOP. This MOP concept has been applied for 
calculating  problem. 

Optimize 

                M                                                        M 

F(x) = wm.fm(x)      WmЄ[0,1],       wm=1 

         m=1                                                       m=1 

        = w1 * f 1(x) + w2 * f2(x) + w3 * f3(x) + w4 * f4(x) 

Where (1) f1(x) =Latency(x) is the latency function for any 
network which is solved by using the heterogeneous network 
topology. 

 (2)f2(x)=Power(x) shows the power consumption function for 
the mobile node. 

 (3) f3(x)=S/N(x) shows the signal to noise ration function of 
MN for a particular service. 

 (4)f4(x)= throughput(x) is shows the throughput function . 

 w1, w2, w3,w4 are  shows the weights of those functions 
respectively. 

VI. CONCLUSION 
 The proposed handoff approach can maintained the 
following optimization problems of vertical handoff in 
heterogeneous wireless network. Handoff is done fast and its 
delay is as less as feasible. Number of handoff is reduce, which 
ignore degradation in signal quality and additional loads of the 
network. Throughput occurring handoff is maximized . 
Handoff latency occurring handoff is minimized. Handoff 
process is reliable and successful . Handoff algorithm is simple 
and has less computational difficulty etc. The optimizations 
incorporate a network elimination feature, to decrease the delay 
and processing required in the calculation of the cost, and a 
multi-network optimization is introduced to better throughput 
for mobile terminals with multiple active sessions. 
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Abstract— Mel-Frequency Cepstral Coefficient (MFCC) 
feature extraction method is a very important approach for 
speech feature extraction. It is a very common and efficient 
technique for signal processing. Mel-frequency Cepstral 
Coefficients (MFCCs) is a method for extraction of voice 
features that represents the power spectrum of a sound, 
which is a linear cosine transform of a log power spectrum 
on a nonlinear Mel scale of frequency. This paper describes 
about the extraction of feature of the speech signal using 
MFCC. 

Keywords-Feature extraction, mel,MFCC. 

I. INTRODUCTION 
A function of one or more independent variables which 

contains some information is called a signal. Signals can 
be one dimensional or multidimensional.  The signals are 
generally processed in a digital representation. Speech is 
the fundamental mode of communication for human to 
interact among them. It is a time dependent process. 
Speech processing can be regarded as a case of digital 
signal processing, applied to speech signal. Speech 
processing includes the acquisition, manipulation, storage, 
transfer and output of digital speech signals. In speech 
recognition system, it converts the speech wave into 
features that are useful for further processing. Human 
voice is converted into digital signal for producing digital 
data. The digitized speech is extracted using MFCC to 
produce speech features.  

Speaker identification systems identify a person by 
analyzing and characterizing his/her voice. Speaker 
identification system consists of a feature extractor 
followed by a robust speaker modeling technique for 
generalized representation of extracted features. Vocal 
tract information like frequency, bandwidth of frequency 
and other values may be linked to an individual person. 
The aim of the feature extraction technique is to 
characterize the information. A wide range of possibilities 
exists for parametrically representing the speech signal to 
be used in the speaker verification activity. Some of the 
techniques used are: Linear Prediction Coding (LPC); 
Mel-Frequency Cepstral Coefficients (MFCC); Linear 
Predictive Cepstral Coefficients (LPCC); Perceptual 
Linear Prediction (PLP); and Neural Predictive Coding 
(NPC). 

II. PRELIMINARIES IN MFCC 
The extraction of the parametric representation 

of acoustic signals is an important task to produce a better 
recognition performance. The efficiency of this phase is 
important for the next phase since it affects its behavior. 
MFCC is based on human hearing perceptions which 
cannot perceive a frequency over 1Khz. MFCC is based 
on known variation of the human ear’s critical bandwidth 
with frequency. MFCC has two types of filter which are 
spaced linearly at low frequency below 1000 Hz and 
logarithmic spacing above 1000Hz. A subjective pitch is 
present on Mel Frequency Scale to capture important 
characteristic of speech. 

 

III. MFCC FEATURE EXTRACTION METHOD 

Mel frequency Cepstral Coefficients are the 
coefficients that represent audio based on perception. This 
coefficient has a great success in speech recognition and 
speaker recognition application. It is derived from the 
Fourier Transform of the audio clip. In this technique the 
frequency bands are positioned logarithmically, whereas in 
the Fourier Transform, the frequency bands are not 
positioned logarithmically. In MFCC, frequency bands are 
positioned logarithmically, it approximates the human 
system response more closely than any other system. 
MFCC coefficients allow better processing of data. The 
calculation of the Mel Cepstrum is same as the real 
Cepstrum except the Mel Cepstrum’s frequency scale. It is 
warped to keep up a correspondence to the Mel scale. 

MFCC consists of seven computational steps. Each 
step has its functions and mathematical approaches. 

A. Pre-emphasis 
In Pre-emphasis, the signal is passed through a filter 

which emphasizes higher frequencies. This process will 
increase the energy of signal at higher frequency. 

B. Framming 
In this process, the speech signal is segmented into a 

small frame with the length within the range of 20 to 40 
msec. The voice signal is divided into frames of N 
samples. Adjacent frames are being separated by M 
(M<N). 
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        Figure 1: Block diagram of MFCC 

C. Hamming Windowing 
Hamming window is a window shape by 

considering the next block in feature extraction processing 
chain. It integrates all the closest frequency lines. The 
Hamming window equation is given as:   
If the window is defined as 푊[푛], 0 ≤ 푛 ≤ 푁 ≤ −1 
where  푁 = number of samples in each frame  
푌[푛] = Output signal  
푋[푛] = input signal  
푊[푛] = Hamming window, then the windowing signal is 
shown below:   
 푌[푛] = 푋[푛] ∗ 푊[푛] , where 
 W[n] 	= 	0.54	 − 	0.46	cos	  ,  0 ≤ 푛 ≤ 푁− 1 

D. Fast Fourier Transform 
In this step, Fourier Transform is used to convert each 

frame of N samples from time domain into frequency 
domain. The Fourier Transform is to convert the 
convolution of the glottal pulse and the vocal tract 
impulse response in the time domain.  The equation is:  
 푌(푤) = 퐹퐹푇	[ℎ(푡) ∗ 푥(푡)] = 퐻(푤) ∗ 푋(푤)      
X (w), H (w) and Y (w) are the Fourier Transform of X 
(t), H (t) and Y (t) respectively. 

E. Mel Filter Bank Processing 
In FFT spectrum the frequencies range is very wide 

and voice signal does not follow the linear scale. 
 
 

 
 
 
 
 
                                                                                     f 
                                                                                 
 

 
 

                                                        Energy in band 
 

Fig 2: Mel Bank Filter 
          

A set of triangular filters are used to compute a 
weighted sum of filter spectral components so that the 

output of process approximates to a Mel scale. Mel Bank 
Filter is shown in Fig 2. Each frequency response of 
filter’s magnitude is triangular shape and it is equal to 
unity at the centre frequency and decreases linearly to 
zero at centre frequency of two adjacent filters. Then, 
each output of the filter is the sum of its filtered spectral 
components. After that the following equation is used to 
compute the Mel for given frequency f in Hz:  

  퐹(푀푒푙) = [	2595 ∗ 푙표푔10	[1 + 푓]		700] 

F. Discrete Cosine Transform 
Discrete Cosine Transform (DCT) is used to convert 

the log Mel spectrum into time domain. The result of the 
conversion is called Mel Frequency Cepstrum Coefficient. 
The set of coefficient is called acoustic vectors. Therefore, 
each input utterance is transformed into a sequence of 
acoustic vector. 

G. Delta Energy and Delta Spectrum 
The voice signal and the frames change, such as the 

slope of a formant at its transitions. So, there is a need to 
add features related to the change in cepstral features over 
time. 13 delta or velocity features (12 cepstral features 
plus energy), and 39 features a double delta or 
acceleration feature are added. The energy in a frame for a 
signal x in a window from time sample t1 to time sample 
t2, is represented at the equation below:  
                                  퐸푛푒푟푔푦 = 	Σ	푋 [푡] 

Each of the 13 delta features represents the change 
between frames in the corresponding cepstral or energy 
feature, while each of the 39 double delta features 
represents the change between frames in the 
corresponding delta features.   
 

IV. DATABASE ORGANIZATION 
To create the database, data are organized as the 

following way: 
For male voice, if the speech is noisy, then data is 

named as M_1_01_N_01, where M = male voice, 1 = 
Language (For English = 1), 01 = No. of male speaker,   
N = Noisy Environment, 01 = No. of readings.  

If the speech is noiseless, then data is named as      
M_1_01_C_01, where M = Male voice, 1 = Language 
(For English = 1), 01 = No. of male speaker, C = Clean 
Environment, 01 = No. of readings. 

For Female voice, if the speech is noisy, then data is 
named as F_1_01_N_01, where F = Female voice, 1 = 
Language (For English = 1), 01 = No. of Female speaker, 
N = Noisy Environment, 01 = No. of readings. 
      If the speech is clean, then data is named as   
F_1_01_C_01, where F = male voice, 1 = Language (For 
English = 1), 01 = No. of Female speaker, C = Clean 
Environment, 01 = No. of readings. 

V. METHODOLOGY 
A person’s voice exhibits characteristics are unique to 

different speakers. The signal during training and testing 
session can be greatly different due to many factors. A 
person’s voice may different in different conditions. A 
person’s voice changes with time or its health condition or 
its speaking rate and also acoustical noise and variation 
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recording environment via microphone. Table 1 gives 
detail information of recording session. 
 

 
  Table 1: Data recording 

VI. RESULTS AND DISCUSSION 
The noisy and noiseless speeches of a male are shown 

in Fig 3. The phoneme “Sun rises in the east” has 
recorded in different environments and features are 
extracted as Cepstral Coefficient. These are called Mel 
frequency Cepstral coefficients. The  extracted  Mel  
frequency  Cepstral coefficients  are  represented  as  
feature  vectors  which can  be  represented  in  matrix  
form. 
 

 
  

    Fig 3:  Noiseless and Noisy speech 
  
     Fig 3 is used for carrying the voice analysis 
performance evaluation using MFCC.  A MFCC cepstral 
is a matrix. The problem with this approach is that if 
constant window spacing is used, the lengths of the input 
and stored sequences are unlikely to be the same. 
Moreover, within a word, there will be variation in the 
length of individual phonemes. 

  

 
   

Fig 4: Mel Filter Bank 

 
     The frequency contents human perception of sounds 
for speech signals does not follow a linear scale.  Thus for 
actual frequency f, measured in Hz, it is measured a 
subjective pitch on a scale called the ‘mel’ scale. The mel-
frequency scale is a linear frequency spacing below 1000 
Hz and a logarithmic spacing above 1000 Hz.  The Mel 
filter bank is shown in the Fig 4. MFCC values of the 
same speech by the same speaker in different 
Environments are shown in Fig 5 and Fig 6.   
.  

 
      

 Fig 5: MFCC values of Noisy speech 
 

 
      

Fig 6: MFCC values of Noiseless speech 
 

We recorded 14 male and 6 female voices. Each speech 
signal is divided into frames of 20 ms and for shifting, 
each frame shift is 10 ms. It is observed that MFCC 
values of noisy speech of first male voice is 243×39 
where 243 is frame size and 39 is dimension. The MFCC 
values of noiseless speech of first male voice is 253×39, 
where 253 is the frame size and 39 is the dimension. In 
the 39 dimension value, first 13 is the static component, 
next 13delta is the velocity component and 13 double 
delta is acceleration component. 

 

VII. CONCLUSION 
This paper has discussed about the extraction of feature 

of speech signal using MFCC. MFCCs have some leading 
qualities used for extraction of feature.  It  has  the  ability  
to represent  the  speech  amplitude  spectrum  in  a 
compact form. The Cepstral coefficients obtained are the 
feature vectors and it will be used to match with the 
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template that has already stored in the database. It is a 
very important approach for speech recognition and 
speaker identification. 

REFERENCES 
[1] Lindasalwa Muda, Mumtaj Begam and I. Elamvazuthi “Voice 

Recognition Algorithms using Mel frequency Cepstral Coefficient 
(MFCC) and Dynamic Time Warping (DTW) Techniques”. 
Journal of Computing, Volume 2, Issue 3, March 2010, ISSN 
2151-9617.  

[2] Dalmiya C.P, Dr. Dharun V.S, Rajesh K.P “An Efficient Method 
for Tamil Speech Recognition using MFCC and DTW for Mobile 
Applications”. 2013 IEEE Conference on Information and 
Communication Technologies (ICT 2013) 

[3] Lawrence Rabiner and Biing-Hwang Juang. “Fundamental of 
Speech Recognition” 

[4] Otis  M. Solomon, Jr.  “The Use  of  DFT  Windows in  Signal-to-
Noise Ratio  and  Harmonic  Distortion  Computations” 

[5] H. Kozou, T. Kujala, Y. Shtyrov, E. Toppila , J. Starck , P. Alku 
,R. Naatanen. “The effect of different noise types on the speech 
and non-speech elicited mismatch negativity” 

[6] Naoya Wada, Shingo Yoshizawa, Noboru Hayasaka, and 
Yoshikazu Miyanaga. “Robust Speech Feature Extraction using 
RSF/DRA and Burst Noise Skipping” 

[7] Md. Afzal Hossan, Sheeraz Memon, Mark A Gregory “A Novel 
Approach for MFCC Feature Extraction”. 

[8] A. Srinivasan “Speaker Identification and Verification using 
Vector Quantization and Mel Frequency Cepstral Coefficients” 
Research Journal of Applied Sciences, Engineering and 
Technology 4(1): 33-40, 2012 ISSN: 2040-7467 

[9] Eamonn J. Keogh and Michael J. Pazzani. “Derivative Dynamic 
Time Warping”   

[10] Lawrence R. Rabiner, Aaron E. Rosenberg and Stephen E. 
Levinson “Considerations in Dynamic Time Warping Algorithms 
for Discrete Word Recognition” 

[11] Zhang Yuxin and Yoshikazu Miyanaga , Hokkaido University, 
“An Improved Dynamic Time Warping Algorithm Employing 
Nonlinear Median Filtering” 

[12] Toni M. Rath and R. Manmatha, Multi-Media Indexing and 
Retrieval Group Center for Intelligent Information Retrieval 
University of Massachusetts “Word Image Matching Using 
Dynamic Time Warping” 

[13] Selina  Chu, Eamonn  Keogh,  David  Hart,  and  Michael Pazzani. 
“Iterative Deepening Dynamic Time Warping for Time Series” 

[14] Mahdi Shaneh, and Azizollah Taheri “Voice Command 
Recognition System Based on MFCC and VQ Algorithms” 

[15] Manish P. Kesarkar “FEATURE  EXTRACTION FOR  SPEECH  
RECOGNITON”. 

[16] Dr. Joseph Picone,Institute for Signal and Information 
Processing,Department of Electrical and Computer Engineering 

Mississippi State University “FUNDAMETALS OF SPEECH 
RECOGNITION: A SHORT COURSE. 

[17] Rakesh Agarwal, Christos Faloutsos, Arun swami “Eficiency 
similarity search in sequence dtabases”. 

[18] Joel  D.  Harris “PERFORMANCE  MEASURES  OF  
PARALLEL DIGITAL  SIGNAL  PROCESSOR  SYSTEMS”. 

[19] Zhihua Wang “Time Series Matching: a Multilter Approach”. 
[20] Vinit D Patel “VOICE RECOGNITION SYSTEM IN NOISY 

ENVIRONMENT”  
[21] Eamonn Keogh ,University of California – Riverside, Computer 

Science & Engineering Department ,Riverside, CA 92521 USA” 
Exact Indexing of Dynamic Time Warping”. 

[22] Sait Celebi, Ali S. Aydin, Talha T. Temiz and Tarik Arici “Gesture 
Recognition Using Skeleton Data with Weighted Dynamic Time 
Warping” 

[23] Li Tan “Digital Signal Processing”. 
[24] Shahriar Shariat ,Vladimir Pavlovic, CS Department, Rutgers 

University, Piscataway, NJ 08854 “Improved sequence 
classification using adaptive segmental sequence alignment” 

[25] Nimrod Peleg “Speech Signal Basics”. 
[26] Rubita Sudirman, Sh-Hussain Salleh, Ting Chee Ming “NN 

Speech Recognition Utilizing Aligned DTW Local Distance 
Scores”. 

[27] Jangwon Kim, Adam Lammert, Prasanta Ghosh, Shrikanth S. 
Narayanan “SPATIAL AND TEMPORAL ALIGNMENT OF 
MULTIMODAL HUMAN SPEECH PRODUCTION DATA: 
REAL TIME IMAGING, FLESH POINT TRACKING AND 
AUDIO”. 

[28] K. Selc¸uk Candan, Rosaria Rossini,Maria Luisa Sapino “sDTW: 
Computing DTW Distances using Locally Relevant Constraints 
based on Salient Feature Alignments” 

[29] Brian King, Paris Smaragdis,Gautham J. Mysore ” NOISE-
ROBUST DYNAMIC TIME WARPING USING PLCA 
FEATURES”. 

[30] J. Benesty, W. Kellermann “Springer Topics in Signal Processing”. 
[31] Umut Ozertem and Deniz Erdogmus “Principal Curve Time 

Warping”. 
[32] Daniel P.W. Ellis “An introduction to signal processing for 

speech”. 
[33] ABDUL SYAFIQ B ABDULL SUKOR “SPEAKER 

IDENTIFICATION SYSTEM USING MFCC PROCEDURE 
AND NOISE REDUCTION METHOD”. 

[34] Cory Myers, Lawrence R Rabiner “A  Level Building  Dynamic  
Time  Warping  Algorithm for  Connected Word  Recognition” 

[35] Nicolas Malyska and Thomas F. Quatier “A TIME-WARPING 
FRAMEWORK FOR SPEECH TURBULENCE-NOISE 
COMPONENT ESTIMATION DURING APERIODIC 
PHONATION”. 

 
 
 
 
 
 
 

 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(7), March 2014

29 International Journal of Multidisciplinary Educational Research



Design of Chien Search and Forney Algorithm For Reed-Solomon Decoder 
 

 
 
 
 
                                                                              
Abstract-This paper represent a high clock frequency and 
low-complexity Chien Search and Forney Algorithm for 
Reed-Solomon(15,7).This architecture uses pipelined 
Galois Field Multiplier in Chien Search block and Forney 
Algorithm block to enhance the clock frequency. The 
latency of the proposed pipelined Chien search block and 
Forney Algorithm blocks was not increased in spite of 
pipelining in their feedback loop. 

     Keywords—Reed-Solomon Codes, syndrome, key equation 
solver,berlekamp algorithm. 

I.Introduction 

Reed-Solomon (RS) codes have a widespread use to provide 
error protection especially for burst errors. This feature has 
been an important factor in adopting RS codes in many 
practical applications such as wireless communication system, 
cable modem, computer memory. A Reed-Solomon code is 
specified as RS(n,k) with s-bit symbols. This means that the 
encoder takes k data symbols of s bits each and adds parity 
symbols to make an n symbol codeword. There are n-k parity 
symbols of s bits each. A Reed-Solomon decoder[7] can 
correct up to t symbols that contain errors in a codeword,  
where  2t = n-k. 
 
For RS(15,7) n=15 and k=7; 
So t=n-k/2 
       t=4 
so for RS(15,7) decoder can correct upto 4 symbols.Primitive 
polynomial for RS(15,7) i.e. for t=4 is given by 
  p(x)=1+α+α4 

One symbol error occurs when 1 bit in a symbol is wrong or 
when all the bits in a symbol are wrong. 
Example: RS(15,7) can correct 4 symbol errors. In the worst 
case, 4 bit errors may occur, each in a separate symbol (byte) 
so that the decoder corrects 4 bit errors. In the best case, 16 
complete byte errors occur so that the decoder corrects 4 x 8 
bit errors. Reed-Solomon codes are particularly well suited to 
correcting burst errors. 
Reed-Solomon algebraic decoding procedures can correct 
errors and erasures. A decoder can correct up to t errors or up 
to 2t erasures. Erasure information can often be supplied by 
the demodulator in a digital communication system, i.e. the 
demodulator "flags" received symbols that are likely to 
contain errors. When a codeword is decoded, there are three 
possible outcomes: 

1) If 2s + r < 2t (s errors, r erasures) then the original  
transmitted code word will always be recovered. 
OTHERWISE 
2. The decoder will detect that it cannot recover the original 
code word and indicate this fact. OR 
3. The decoder will miss decode and recover an incorrect code 
word without any indication. The probability of each of the 

three possibilities depends on the particular Reed-Solomon 
code and on the number and distribution of errors.  
The received codeword is entered to RS decoder to be 
decoded, the decoder first tries to check if this codeword is a 
valid codeword or not. If it does not, errors occurred during 
transmission. This part of the decoder processing is called 
error detection. If errors are detected, the decoder try to 
correct this error using error correction part. 
As shown in fig 1. Reed Solomon decoder which consists of 
two main parts: 
1. Error detection part, in this part we use “Syndrome 
computation” block. 
2. Error correction part, this part consists of three blocks: 

• Decoding algorithm which used to find the coefficients of 
error-location polynomial σ(x) and  error-evaluator polynomial 
W(x) it sometimes called “Key equation solver”. 

• Chien search block which used to find the roots of σ (x) 
which present the inverse of the error locations. 

• Forney algorithm block which used to find the values of the 
errors. 
After getting the values and locations of the error, we can 
correct the received codeword by xoring the received vector 
with the error vector. 
         In this paper, RS decoder using pipelined galios field, 
pipelined Chein search block and pipelined Forney block is 
proposed with the aim of improving the clock frequency. 
The proposed paper uses the pipelined Galios Field 
multiplier[1] in Forney block and Chein search[1], this 
multiplier will improve the clock frequency and require low 
hardware complexity. Section II gives the architecture for the 
RS decoder and this section  illustrates the decoding process. 
Also, this paper proposes pipelining method for sub-block 
such as Chien search block and Forney block[1]. 

 
  

Fig 1. Architecture of Reed-Solomon decoder[1]. 
 

Figure 1 shows received codeword denoted by r(x).The 
received codeword r(x) is the original (transmitted) codeword 
c(x) plus errors e(x): 
r(x) = c(x) + e(x) 
A Reed-Solomon decoder attempts to identify the position and 
magnitude of up to t errors (or 2t erasures) and to correct the 
errors or erasures. 
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For RS(15,7) received codeword is given by 
R(x)= r0+r1x+r2x2+r3x3+r4x4+r5x5+r6x6+r7x7+r8x8+r9x9+ 
           r10 x10+r11x11+r12x12+r13x13+r14x14 

Transmitted codeword is given by; 
C(x)= c0+c1x+c2x2+c3x3+c4x4+c5x5+c6x6+c7x7+c8x8+c9x9+ 
           c10 x10+c11x11+c12x12+c13x13+c14x14 

And error polynomial is given by; 
e(x)= e0+e1x+e2x2+e3x3+e4x4+e5x5+e6x6+e7x7+e8x8+e9x9+ 
           e10 x10+e11x11+e12x12+e13x13+e14x14 

         II.  PROPOSED RS DECODER FOR RS(15,7) 

A. Syndrome Computation block: 
The first block is the syndrome calculator[3] R(X) is the 
received polynomial. This is a similar calculation to parity 
calculation. A Reed-Solomon codeword has 2t syndromes that 
depend only on errors (not on the transmitted code word). i.e 
for 8 syndromes. The syndromes can be calculated by 
substituting the 2t roots of the generator polynomial g(x) into 
r(x). 
 

 
 

Fig 2 (a): Syndrome computation block for RS(15,7)[1] 
 
Let the syndrome polynomial S(x) formed as: 
 S(x)= ∑ Si	Xi − 1 
 
Each co-efficients can be described as follows: 
Si = r(αi), where i = 1, 2, . . . , 2t    ................ (1) 
 
 For, RS(15,7) 
S(X) =∑ Si ∗ Xi − 1 
 
 So, each co-efficient can be described as follows, 
Si= r(αi), where i = 1, 2, 3,4,5,6,7,8.    
From equation 1. If all syndrome coefficients must give 
zero,then there is no errors  and if there is any non-zero 
coefficient, it means that there is an occurrence for error.  
For the RS decoder, the parallel syndrome computation block 
is consisted of eight syndrome cells as shown in Fig. 2(a). The 
conventional syndrome cell which is shown in Fig. 2(b) 
computes Si value. From fig2(b) i is mentioned as 1 to 8. 

 
Fig2(b): Syndrome cell Si[1]. 

 
Let consider, For RS(15; 7) code 
      Let codeword be: 
 c(x) =  α 6x14 + αx13 + αx12 + α 2x11 + αx10 + αx9+α 2x8 + α 3x 7 
+ α 7x6 + α 9x55 + α 5x4  + α 9x3 + x + α10 
Error vector is as follows: 
          e(x) = αx14 + α 2x9 + x4 

Received vector is as follows: 
   r(x) = α 11x14 + αx13 + x12 + α 2x11 + αx10 + α5x9+α 2x8 + α3x7 
+ α 7x6 + α 9x5 + α 10x4  + α 9x3 + x + α10 

RS(15; 7) code has error correction capability of  t = 4.  
First step of finding error position is to compute 2t syndrome 
values. Roots of code generator polynomial are consecutive 
elements α,α2,……., α2t. By using syndrome formulae, for 
GF(24),  
The syndrome coefficient is, 
s1 = r(α) = α6 
s2 = r(α2) = α9 
s3 = r(α3) = α7 
s4 = r(α4) = α3 
s5 = r(α5) = α6 
s6 = r(α6) = α4 
s7 = r(α7) = 1 
s8 = r(α8) = α3 

 

B. Key Equation Solver: 
After calculation of the syndrome coefficients we can detect if 
there exist errors in the received codeword or not by checking 
these values, if all these coefficients are zeros there will be no 
errors if not there will be error in an unknown location in the 
codeword with an unknown value. 
The main function of the decoding algorithm is to get the error 
location polynomial σ(x), and the error evaluator polynomial 
W(x)[4], which represent the locations and the values of the 
errors respectively. 
 
At the beginning flip-flops are initialized with syndromes s1; 
s2; s3.  Multiplicators multiply by constant, which is one of 
coefficient of error locator polynomial σ (x). With each clock 
cycle there is generated next value of syndrome. 
Problem of finding coefficients of error-locator polynomial 
can be expressed as problem of construction such LFSR, 
which generates next syndromes s1; s2........; s2t.  Berlekamp-
Massey algorithm generates such LFSR during 2t iterations. 
Berlekamp-Massey algorithm is as follows for s1; s2........; s2t 
 
1. Set variable L0 = 0. Variable L0 represents length of LFSR 
in rth iteration. Set variable r = 0. Variable r represents 
iteration counter. Set error-locator polynomial as σ(0)(x) = 1. 
Set auxiliary polynomial as B(x) = 1, which will be used to 
construct LFSR.  
2. Increase iteration counter r by 1, r = r + 1. 
3. Compute value of discrepancy ∆(r). Discrepancy is defined 
as difference 
between value of syndrome sr, which should be produced by 
LFSR and value, which is really produced by LFSR. 
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∆ = σ S  

4. Compare ∆(r) with zero: 
 If ∆ (r) = 0, then it means that LFSR really 

produces syndrome sr and it shouldn't be modified, 
so  

                        σ(r)(x) = α(r-1)(x),     Lr = Lr-1. 
 If ∆ (r) ≠0, then it means, that LFSR should be 

modified.   There can be modified two things -
length of LFSR and coefficients of polynomial σ(r-
1)(x). There are computed new coefficients of 
σ(r)(x): 

                             σ(r)(x) = α(r-1)(x)- ∆(r)xB(x) 
New length of LFSR in given iteration r is described as: 
                              Lr = max [Lr-1; r – Lr-1] 
5.  If deg σ(r)(x) > t, where t denotes error correction   
capability of code,then finish and signal that not  
correctable error pattern has occured, else continue. 
6.  If r = 2t, then finish. The error-locator polynomial is  
       σ (x) = σ (2t)(x). If r < 2t, then return to point 2. 
 
For the proposed decoder i.e. for RS(15,7) 
The output obtained from the syndrome is given to the 
berlekamp algorithm, then by using above steps error locator 
polynomial may be calculated. 
Give are following syndromes: 
s1 = α6 
s2 = α9 
s3 = α7 
s4 = α3 
s5 = α6 
s6 = α4 
s7 = 1 
s8 = α3 
 by using the above steps given above following table is 
obtained. 
 

 
The result of algorithm is σ(x) = α 12x3+1 

C. Pipellined Chein Search and Forney Block: 
After getting the error locator and evaluator polynomials[1] 
from the decoding algorithm, we need to find the roots of the 
error location polynomial σ(X), which present the inverse of 
the error locations. There is no closed form solution for 

solving the roots of σ(X). Since the root has to be one of the 
elements of the field GF(2m), so we search for the roots by 
substituting each of the finite field elements in the error 
location polynomial σ(X) and checking for the following 
condition: 
                         σ(αi) = 0 
If this condition is satisfied, an error occurred in the inverse 
position of i,  i.e. in position (n − i). OR 
       If this condition is not satisfied, there is no error. 
The chien search block has a property that the roots are going 
to be a power of 훼 reducing the evolution of the polynomial 
for every root[4]. So, the use of the chien search block provide 
the computational benefits of the step, 
                       Error value =휎 ∗αi 
This property makes the Chien search[1] method more 
superior than the other methods.To implement high-speed RS 
decoder, the Chien search and Forney blocks[1] are applied 
pipelining technique. But, since feedback loop also present in 
the Chien search and Forney blocks,pipelined Chien search 
and Forney blocks need to adjust degree of α in order to 
synchronize the timing. 

 
 
Fig 3(a): Pipelined Chien search block[1] 
 
 

 
Fig3(b): Pipelined Forney block[1] 
 

 
Fig3(c):Pipelined Chien search cell Ci[1]. 

 
Fig. 3(a) and 3(b) show the pipelined Chien search[1] and 
Forney blocks. Also, the pipelined GF multiplier is used in the 
Chien search and Forney block for high speed. Fig. 6(c) shows 
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pipelined Chien search cell.  In this search cell single MUX 
and the pipelined GF multiplier are added to the conventional 
Chien search cell. As shown in figure, two initial value [1, αi] 
are used for pipelined Chien search cell. This process is 
iterative.At the first clock, MUX 1 selects ‘1’, and at the 
second clock, MUX 1 toggled. After 3 clock cycles, MUX 2 
toggled to the ‘0’. Then proposed Chien search cell can be 
processed iteratively. As a result, the critical path of the 
proposed Chien search and Forney block became 
3Txor+Tmux+Tff in expense of only a modest increase in 
hardware complexity and single clock latency. 
For RS (15,7) decoder , 
From berlekamp algorithm output is obtained σ(x) = α 12x3+1 
Here σ(x) it is of degree 3, which means, that there occured 3 
errors. To find error values,following set of equations must be 
solved: 

 
With use of Gaussian elimination, there can be found error 
values: 

 
By solving further the roots of the error vector is obtained. 
The results of set of equations are:    
ek1 = α,    ek2 = α2,   ek3 = 1. 
 Error vector is of following form for RS(15,7) is; 
   e(x)  = ek1xlogα X1 + ek2xlogα X2+ ek3xlogαX3  
            = αx14 + α2x9 + x4 

Forney block is given by; 
1.Error value can be computed with use of following equation: 
            Ekj= -Xj 

( )

( )
 

 2.Error evaluator Polynomial W(x) is as follows: 
          W(x) mod x2t+1 = σ(x)S(x) 
3. Polynomial σ’(x) is a formal derivative of σ(x) and it is 
computed as follows: 

σ (푥) = σ x  

For RS(15,7)  
a. polynomial σ(x) = α 12x3+1  then derivative is given 

by, 
                σ’(x)= α 12x2 

b. Error evaluator polynomial W(x) is given by;         
                W(x) mod x9= (α12x3+1)(α9x8+x7+α4x6+α6x5 +  
                                   α3x4+α7x3+α9x2+ α 6x) 
                    W(x) = α7x3+ α9x2+ α6x 

c. Errors are computed: 

              ek1= -X1 ( )
( )

   , ek1= -α14 ( )
( )

  = α 

             ek2= -X1 ( )
( )

   , ek2= -α9 ( )
( )

  = α2 

              ek3= -X3 ( )
( )

   , ek3= -α4 ( )
( )

  = 1 

ek1 = α, ek2 = α2  , ek3 = 1 
The above values shows error value in the received codeword. 

D. Error Correction Block: 
The output of the chien search block is called roots of 
equation. The reciprocal of the roots of equations are added 
with the corresponding location of the corrupted code word 
received by decoder[4]. The result of this addition is the 
original codeword that was encoded by the encoder before 
transmission. The output of the chien/Forney block is the error 
vector. This vector is the same size as the codeword. The 
vector contains non zero values in locations that correspond to 
errors. Because the error vector is generated in the reverse 
order of the received codeword, a FIFO[4] must be applied 
to either the received codeword or the error vector to match 
the order of the bytes in both vectors. The output of the adder 
is the decoder's estimate of the original codeword. 

E. FIFO (FIRST IN FIRST OUT): 
FIFO is an acronym for First In, First Out.This expression 
describes the principle of a queue or first-come, first-served 
(FCFS)behaviour, what comes in first is handled first, what 
comes in next waits until the first is finished, etc. Thus it is 
analogous to the behaviour of persons queuing, where the 
persons leave the queue in the order they arrive. In hardware 
form, a FIFO primarily consists of a set of read and write 
pointers, storage and control logic. Storage may be SRAM, 
flip-flops, latches or any other suitable form of storage. For 
FIFOs [6] of nontrivial size a dual-port SRAM is usually used 
where one port is used for writing and the other is used for 
reading. A synchronous FIFO is a FIFO where the same clock 
is used for both reading and writing. An asynchronous FIFO 
uses different clocks for reading and writing. 

II. SIMULATION RESULT 
Simulation is carried out using Xilinx ISE 13.1 design suit 
tool .Simulation results of (15,7) Reed-Solomon decoder are 
discussed below. 
A. Syndrome Computation Block: 
The syndrome block is the first block of the Reed-Solomon 
decoder. It depends on the error location than the transmitted 
information[2].The number of calculated syndromes 
according to the algorithm will be eight  from s0 to s7 as 
shown in the below figure 6. 

 
Fig 4(a): RTL Top View of Syndrome Computation block 

     In the above figure 6, recword[7:0] is the 8 bit received 
corrupted input and syndvalue0[7:0] to syndvalue7[7:0] is the 
eight syndrome block output of 8 bit.And also there is one 
output i.e. errdetect which shows that there is error present in 
the received input. 
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Fig 4(b): Timing Waveform of Syndrome Computation  
block 

B. Berlekamp Massey Algorithm: 

The syndrome outputs will be the input to the Berlekamp 
Massey Algorithm block which generates seven co-efficient of 
the error location polynomial having length of eight bits i.e. 
from lambda0 to lambda6 and error evaluator polynomial 
having length of 8 bit from homega0 to homega5 as shown in 
figure 7.  

 
Fig 5(a): RTL Top View of Berlekamp Massey Algorithm 
 It is observed through the RTL Top view of BM block that 
syndvalue0  to syndvalue7 ,clk1,clk2, reset are the BM inputs 
and  lambda0 to lambda6  having length of eight bits are 
outputs along with the lambda degree of 3 bits which indicates 
the polynomial degree, and error evaluator polynomial is 
homega0 to homega5. 
 

 

 
Fig 5(b): Simulation Result of Berlekamp-Massey Algorithm 
 
C. FIFO [First Input First Output]: 
     When received input is given to the syndrome block at the 
same time input is also given to the FIFO block. In this block 
received input is stored, which is used further at the input of 
error correction block for the xoring between the output of 
pipelined Forney block and output of FIFO. 

 
Fig 6(a):RTL Top View of FIFO 

Fig 8(a) shows the RTL top view of FIFO, which has input 
datain of 8 bits enable, hold, shift, clock are the input of FIFO 
and dataout of 8 bit is output of the FIFO blocks.  

 

                  Fig 6(b):Simulation Result of FIFO 

IV.CONCLUSION 
Reed-Solomon decoder parameterized by the primitive 

polynomial. Reed-Solomon codes, a powerful class of non-
binary block codes, particularly useful for correcting burst 
errors. Because coding efficiency increases with code length 
RS Codes have a special attraction, they can be configured 
with long block lengths (in bits) with less decoding time than 
other codes of similar length. This is because the decoder logic 
works with symbol based rather than bit based arithmetic.In 
this  pipelining technique was used for Chien search block, and 
Forney block as well. Therefore, the proposed RS decoder can 
operate at a higher clock frequency. Also, the latency of the 
proposed pipelined Chien search block, Forney block was not 
increased inspite of the pipelining in their feedback loop.  
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Abstract   − Age  information  is  important  to 
provide  investigative  leads  for  finding  unknown 
persons. Existing methods for age estimation have 
limited use for crime scene investigation because
they depend on the availability of teeth, bones, or 
other  identifiable  body  parts  having  physical 
features that allow age estimation by conventional 
methods.  In  this  paper,  age  of  a  person  is 
estimated from the facial image using DWT and 
PCA. The science of  facial  image has been used 
generally  for the  identification or  verification of 
person  and  for  official  documentation.  Facial 
image  analysis  plays  a  important   role  in 
convicting the person responsible for an audacious 
crime.
Facial image has been used as a biometric for the 
gender and age identification because of its unique 
nature.

Keywords  − Age  Estimation,  Discrete  Wavelet  
Transform,  Singular  Value  Decomposition,  
KNearest Neighbor

I I Introduction

PEOPLE’S  behavior  and  preferences  are 
different  at  different  ages  [2],  which 
indicates  vast  potential  applications  of 
automatic  age  estimation.  Among  many 
age-related traits, facial appearance might 
be the most common one that people rely 
on for age estimation in daily life. As the 
typical  example  shown  in  Fig.  1,  the 
appearance  of  human  faces  exhibits 
remarkable changes with the progress of 
aging.  However,  the  age  estimation  of 
human  facial  age  is  usually  not  as 

accurate  as  other  kinds  of  facial 
information,  such  as  identity,  expression 
and gender.  Hence developing automatic 
facial  age  estimation  methods  that  are 
comparable or even superior to the human 
ability  in  age estimation  has become an 
attractive yet challenging topic emerging 
in recent years [9].

  Figure 1: The aging faces of one subject in the 
                       FG- NET  Database. 

Age information is important to provide investigative 
leads for finding unknown persons. Existing methods 
for age estimation have limited use for crime scene 
investigation because they depend on the availability 
of  teeth,  bones,  or  other  identifiable  body  parts 
having physical features that allow age estimation by 
conventional methods. In this paper, age of a person 
is estimated from the facial  image using DWT and 
PCA . The science of age estimatuion has been used 
generally  for  the  identification  or  verification  of 
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person  and  for  official  documentation.  Facial  age 
estimation   analysis  plays  a  role  in  convicting  the 
person responsible for an audacious crime. Facial age 
estimation   has  been  used  as  a  biometric  for  the 
gender and age identification because of its  unique 
nature and do not change throughout the life of an 
individual [1].

Wavelet  transform  is  a  popular  tool  in  image 
processing  and  computer  vision  because  of  its 
complete theoretical framework, the great flexibility 
for  choosing  bases  and  the  low  computational 
complexity  [16].  As  wavelet  features  has  been 
popularized  by  the  research  community  for  wide 
range  of  applications  including  fingerprint 
recognition,  face  recognition  and  gender 
identification using face, authors have confirmed the 
efficiency  of  the  DWT  approach  for  the  gender 
identification using fingerprint. The PCA approach is 
selected for the gender discrimination because of its 
good  information  packing  characteristics  and 
potential strengths in demonstrating results. The SVD 
method  is  considered  as  an  information-oriented 
technique since it uses principal components analysis 
procedures  (PCA),  a  form  of  factor  analysis,  to 
concentrate information before examining the
primary  analytic  issues  of  interest  [17].  K-nearest 
neighbors  (KNN),  gives  very  strong  consistent 
results. It uses the database which was generated in 
the  learning  stage  of  the  proposed  system  and  it 
classifies genders of the facial image . The outline of 
this paper is as follows: the facial  feature extraction
from facial image  using DWT and PCA is described 
in Section 2; we then proposed the age classification 
using facial  features in Section 3; the experimental 
results are presented in Section 4; Section 5 comes to 
the conclusion and future work.

III Literature survey

There is plentiful existing work on the facial  aging 
progress,  originating  from  psychological  and 
biological  studies.  However,  most  of  it  aims  at 
simulating the aging effects on human faces [6] (i.e., 
simulate how the face  would look like at  a certain 
age),  which  is  the  inverse  procedure  of  age 
estimation. Age estimation approaches fall into two 
categories:  (a)  classification  based  [7–10]  and  (b) 
regression-based  [1,6,10–13].  An  example  of 
classification-based  work  is  by  [8]  where  an 
anthropometric model has been for age classification 
based on cranio-facial  development theory and skin 
wrinkle analysis, with human faces finally classified 
into  three  groups:  babies,  young  adults  and  senior 

adults.  Geng  et  al.  [7]  defines  the  AGing  pattErn 
Subspace (AGES) method which studies a subspace 
representation of aging sequences and estimating age 
by projecting the test face into the subspace. In the 
second category of works, age estimation is viewed 
as  a  regression  problem  where  facial  features  are 
extracted by the active appearance models (AAMs) 
[14]  that  incorporate  shape  and  appearance 
information  together.  An  input  face  image  is  then 
represented by a set of fitted model parameters. The
regression  coefficients  are  estimated  from  training 
data  with an assumption of  the regression  function 
such as a quadratic model (QM) [9]. Yanet al. [12,13] 
also  dealt  with  age  uncertainty  by  formulating  a 
semi-definite programming problem [13] or utilizing 
an  EM-based  algorithm  [12]  where  they  adopted 
traditional  discriminative  methods,  using  image 
intensities  directly  or  other  features  exhaustively 
extracted  from  images.  Suo  et  al.  [6]  presented 
compositional  and  dynamic  models  which 
decompose a face into parts and represent  the face 
aging process dynamics as a first-order Markov chain 
on sparse graphs. On the front of features utilized in 
age  estimation,  the  recently  proposed  BIF  have 
shown very  promising  results  [1,2].  Guo et  al.  [1] 
investigated the biologically-inspired  features  (BIF) 
for  human  age  estimation  from  faces.  Their  main 
contributions included (1) Gabor filters with smaller
sizes, (2) a new operator ‘‘STD’’ to encode the aging 
subtlety on faces. The main drawback of their work is 
that  the  facial  landmarks  for  the  face  image  were 
performed  manually.  Guo  et  al.  [2]  conducted  a 
comprehensive  study  using  BIF  with  manifold 
learning techniques and designed three frameworks
for  automatic  age  estimation  that  exhibit  high 
performance that does not require manual separation 
of males and females prior to age estimation.

          .
Iris recognition is extremely accurate, but expensive 
to  implement and  not  much  accepted  by  people. 
Fingerprints/palm is  reliable and  non-intrusive,  but 
not suitable for non-collaborative individuals. On the 
other hand, face detection and recognition seems to 
be a good compromise between reliability and social 
acceptance and balances security and privacy as well. 
While  entering  in  New  Zealand  at  the  airport, 
automatic face detection and recognition system is in 
place  since  2010  only  for  New  Zealand  citizens. 
Airports  in  Europe  started  to  be  equipped  with 
similar systems in 2008. Face detection is a common 
feature of digital cameras since about 2006. Figure 2 
gives  the  idea  about  how  face  detection  and 
recognition system implemented in real world.
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IIII System Overview

Figure 2: Block diagram for our system

hardware and software components along with very 
easy and efficient algorithm.

 Discrete Wavelet Transform(DWT)
 Principal  Component  Analysis  (PCA) 

Algorithm
 Database of facial image FACE-94
 K-NN classifier 

 

   Algorithm of Proposed System.

Input: Face Database, Test Face Image 

Output: Age of Person 

 Step 1: Face image is read from data base. 
 Step 2: Colored image is converted in to gray scale. 
 Step 3: Image is resized 
 Step 4: DWT & PCA are applied on test and   
              database images.
 Step 5: Test features are compared with database 
              features using K-  NN classifier for 
               classification

 Step 6: Image with Euclidean distance less than 
             threshold value is considered as matched 
             image & Age of  matched image is 
             considered as Result age

1) Feature  Extraction  Using  DWT

Figure 3: Feature Extraction Using DWT.

Wavelets  have  been  used  frequently  in  image 
processing and used for feature extraction, denoising, 
compression,  face  recognition,  and  image 
super-resolution. The 2-D wavelet decomposition of 
an  image  is  results  in  four  decomposed  sub-band 
images  referred to as low–low (LL), low–high (LH), 
high–low (HL), and high–high (HH). Each of these 
sub-bands  represents  different  image  properties. 
Typically, most of the energy in images is in the low 
frequencies  and  hence  decomposition  is  generally 
repeated  on  the  LL  sub  band  only  (dyadic 
decomposition). For k level DWT, there are (3*k) + 1 
sub-bands available. 
                   The energy  of  all  the sub-band 
coefficients  is  used  as  feature  vectors  individually 
which is called as sub-band energy vector (E).  The 
energy of each sub-band is calculated by using the
equation (1).

               

2) Feature Extraction Using PCA

           Figure 4: Feature Extraction Using PCA.
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PCA  involves  the  calculation  of  the  eigen  value 
decomposition of a data covariance The results of a 
PCA are  usually  discussed  in  terms  of  component 
scores and loadings. PCA involves the calculation of 
the Eigen value decomposition of a data covariance 
The results of a PCA are usually discussed in terms 
of component scores and loadings .An eigen vector of 
a  given  linear  transformation  is  a  vector  which  is 
multiplied by a constant called the eigen value as a 
result  of  that  transformation.  The  direction  of  the 
eigenvector  is  either  unchanged  by  that 
transformation (for positive eigen values) or reversed 
(for negative eigen values).Every facial image  in the 
database  undergoes  the  PCA  for  obtaining  the 
eigenvector.  The eigenvector is 512 x 1 size and is 
stored as another feature vector of the Facial image 
 
So, to find an object of an unknown size in the image 
the scan procedure should be done several  times at 
different scales until we haven’t get the face from the 
image. 

 
3)    KNN Classifier

In  pattern  recognition,  the  k-nearest  neighbor 
algorithm (K-NN) is the generally used method for 
classifying objects based on closest training examples 
in the feature space. K-NN is a type of instance-based 
learning  where  the  function  is  only  approximated 
locally  and  all  computation  is  deferred  until 
classification. In K-NN, 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  (k is  a  positive integer,  typically 
small). If k = 1, then the object is simply assigned to 
the class of its nearest  neighbor. The neighbors are 
taken  from  a  set  of  objects  for  which  the  correct 
classification is known. This can be thought of as the 
training  set  for  the  algorithm,  though  no  explicit 
training step is required.

   Algorithm of K-NN classifier .

Step 1: Read the feature vector of the cropped leap 
            image from the test image database

Step 2: compare the feature vector of the rersized 
             image with the feature vector available in 
            feature vector database .

Step 3: The age of the image whose feature vector 
             matching to the feature vector of the test 
             image is selected as the result  age.

VI I Different Face Detection And Recognition 
Algorithms

For  face  detection  and  recognitions  algorithms 
comparison  we  will  use  well  known 
appearance-based  methods  such  as  Principle 
Component  Analysis  (PCA),  Linear  Discriminant 
Analysis  (LDA) and  Independent  Component 
Analysis  (ICA). All  three  methods reduce  the high 
dimension  image  space  to  smaller  dimension 
subspace which is more appropriate for presentation 
of the face images. Now a days we are using two new 
algorithms  as  Holistic-based  methods,  especially 
principal  component  analysis  (PCA)  and  linear 
discriminant analysis (LDA), are very popularly used 
in face  recognition. In last  several  years,  the direct 
LDA (D-LDA) method was suggested to overcome 
the  “small  simple  size”  problem.  Besides,  the 
researchers  suggested  that   bidirectional  PCA 
(BDPCA) method, which may be more real-time and 
effective than PCA, and proposed BDPCA plus LDA 
(BDPCA+LDA).  In the same way,  I  would like to 
suggest bidirectional D-LDA (BDDLDA) should be 
faster  than  D-LDA,  and  proposed  BDPCA  plus 
BDDLDA (BDPCA+BDDLDA).

Table 1: Comparison of face detection technique 
based on different algorithms 

Approach Representative work
Holistic methods

Principal 
component 

analysis(PCA)
Eigen faces Direct application of PCA(Craw 

and Cameron 1996;Kirby and 
Sirovich; Turk Pentland1991)

Probabilistic 
eigenfaces

Two class problem with problem 
measure(Moghaddam and Pentland 

1997)
Fisher 

faces/subspace 
LDA

FLD on eigen space(Belhumeur et 
al.1997;Swets and Weng 
1996b;Zhao et al.1998)

SVM Two class problem based on 
SVM(Phillips 1998)

Evolution pursuit Enhance GA learning(Liu and 
Wechsler 2000a)

ICA ICA based feature analysis(Bartlett 
et al.1998)

Other 
representation
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LDA/FLD LDA/FLD on raw image(Etemad 
and Chellappa 1997)

PDBNN Probabilistic decision based 
NN(Lin et al.1997)

Feature based 
methods

Pure geometry 
methods

Earlier methods(Kanada 
1973;Kelly 1970)recent methods 

Cox et al.1996;Manjunath et 
al.1992)

Dynamic link 
architecture

Graph matching methods(Okada et 
al 1998;Wiskott et al.1997)

Hidden markov 
model

HMM methods(Nefian Hayes 
1998;Samaria 1994;Samaria and 

Young 1994
Hybrid methods

Modular eigenfaces Eigen faces and Eigen 
modules(Pentland t al 1994)

Hybrid LFA Local feature method(Penev and 
Atick 1996)

Shape Normalized Flexible appearance 
models(Lanitis et al.1995)

Component based Face region and 
components( Huang et al.2003)

VI Different Available Database of  Face 
images 

In  order  to  build/train  and  reliably  test  face 
recognition  algorithms  (discuss  above)  sizeable 
databases  of  face  images  are  needed.  Many  face 
databases  to  be  used  for  non-commercial  purposes 
are available on the internet, either free of charge or 
for  small  fees.  These  databases  are  recorded  under 
various  conditions and  with various  applications in 
mind. The following sections briefly describe some 
of the available databases  which are widely known 
and used for face detection and recognition.

Table 2: Data base for face detection and recognition 
system

Data set Location Description

MIT 
Database 
(163)

ftp://whitechapelri
ous.media.mit.edu
/pub/images/

Faces Of 16 People, 27 
of Each Person Under 
Various Illumination 
Conditions, Scale And 
Head Orientation.

Feret 
Database 

(115)

http://www.nist.g
ov/humanid/feret

A Large Collection of 
Male And Female 
Faces. Each Image 
Contains A Single 
Person With Certain 
Expression

Umiste 
Database 
(56)

http://images.ee.u
mist.ac.uk/danny/
database.html

564 Images of 20 
Subjects. Each Subject 
Covers A Range of 
Poses From Profile To 
Frontal Views.

University 
of 
Bern 
Database

ftp://iamftp/unibe.
ch/pub/images/fac
eimages

300 Frontal Face 
Images People(10 
Images Per Person) 
And 150 Profile Face 
Images (5 Images Per 
Person)

Yale 
Database
(7)

http://http://cvc.ya
le.edu

Face Images With 
Expression, Glasses 
Under Different 
Illuminations 
Conditions.

At&T 
(Olivetti) 
Database
(136)

http://uk.research.
att.com

40 Subjects,10 Images 
Per Subject

Harvard 
Database
(57)

ftp://ftp.hrl.harvar
d.edu/pub/faces

Cropped, Masked Face 
Images Under A Wide 
Range Of Lightning 
Conditions

VII Conclusion

In this work, we have proposed a new method of age 
estimation from fingerprint images based on level 6 
DWT  and  PCA.  The  level  6  DWT  is  selected  as 
optimum level by analyzing the results obtained for 
other levels. DWT and PCA. also applied to classify 
the fingerprints in to the five age groups. According 
to  the  crime  reports  of  Canada  and  Indian  police 
record,  ages  has  been  grouped as  up to  12,  13-19, 
20-25, 26-35 and above 35. . More accuracy rate of 
age  estimation can be  achieved  if  more  number of 
samples in each  category is trained.
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Abstract— This paper describes one of the techniques 
used for protein identification. Two-dimensional gel electrophoresis 
is a form of gel electrophoresis commonly used to analyze proteins. 
Mixtures of proteins are separated by two properties in two 
dimensions on 2D gels. For this analysis we are taking gel image 
data as an input which is in text format. On this text format spot 
detection and editing is done. Spot detection is performed on the 
proteome map. For spot quantization and building expression 
profiles, the consensus spot pattern is applied to all gel images of 
the experiment. Expression profile analysis identifies interesting 
spots which will be marked for further analysis, protein 
identification, and interpretation. This is done using R Script.   

Index Terms— protein, two-dimensional Gel Electrophoresis, 
spot detection, spot quantization, expression profile, R script. 

I. INTRODUCTION 

Bioinformatics is that the application of engineering to the 
management of biological information. Computers are worn to 
gather, store, analyze and integrate biological and genetic 
information which may then be applied to gene-based drug 
discovery and development. Bioinformatics is that the 
combination of biology with applied science. The science of 
Bioinformatics is crucial to the use of genomic info in 
understanding human diseases and within the identification of 
recent molecular targets for drug discovery.  

2D Gel Electrophoresis process deals with Proteins. 
Proteins square measure giant biological molecules consisting 
of chain of amino acids. Proteins perform a vast style of 
functions in living organisms, as well as catalyzing metabolic 
reactions, replicating DNA, responding to stimulations, and 
transporting molecules from one location to a different. 
Proteins take issue from each other primarily in their sequence 
of amino acids, which is set by the ester sequence of genes, 
which usually ends up in folding of the macromolecule into a 
selected three-dimensional structure that determines its 
activity. 

II. TWO - DIMENSIONAL GEL ELECTROPHORESIS 

The term “electrophoresis” was originally meant to confer 
with the migration of charged particles in an electrical field. In 
different words, the motion of charged particles in a very 
mixture below the influence of an electrical field is named 
electrophoresis. The substitute term for electrophoresis is 
cataphoresis that is reserved for the migration of lower relative 
molecular mass substances in stabilised media like gels and 
powders. Today, the final term electrophoresis covers all 
applications despite the fabric being studied and also the 
medium getting used. [4] 

Some standard techniques of Two-dimensional gel 
electrophoresis (2-DE) methods are two-dimensional 
polyacrylamide gel electrophoresis and two-dimensional 
different gel electrophoresis. These techniques square measure 
used for protein separation as a result of they permit 
researchers to characterize quantitative protein changes on an 
outsized scale. Thus, 2-DE is usually used as associate degree 
initial screening procedure through that generated results 
square measure used for scientific research. These 
technologies override the sector of proteomics and biomarker 
discovery within the ability to sight protein changes [1] 

III. ANALYTICAL APPROACH 

Executing a biological experiment or choosing a biological 
object of interest. The primary sample preparation step is 
obstructing the sample within the current state. This includes 
deactivation of all cellular processes that will amendment the 
proteome composition, disintegration of the cell material, 
keeping or conveyance the proteins into resolution, removing 
or destroying macromolecules that will disturb the next steps 
of the 2-D protocol. 

Delivering the proteins into the gel and performing arts the 
2-D separation by combining isoelectrofocussing within the 
initial and sodium dodecyl sulphate(SDS) electrophoresis 
within the second dimension. Associate in nursing alternate 2-
D approach uses the combination of two detergent treatments 
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that resolve the protein molecules otherwise leading to a 
scattered diagonal spot pattern. a spread of staining techniques 
may be applied before or once separation to alter spot 
detection. [2] And additional steps square measure given 
below: 

A. Image acquisition: 
Image acquisition is employed for resulting comparative 

analysis. Acquisition means that the act of catching or deed 
possession of spot. After scanning, the image preprocessing is 
needed like cropping, noise suppression, and background 
subtraction. At that time a image capture device is needed, for 
which there are three main categories: 
 

 Flatbed scanner: A kind of optical scanner that 
consists of a flat surface on that you lay documents to 
be scanned. This automatically sweeps a customary 
charge-coupled device (CCD) underneath the gel. It 
are often wont to get 12–16 bits of greyscale or color 
measuring from visible light stains. 
 

 CCD camera: Since the device is mounted, its bigger 
size and cooling provides a dramatic improvement in 
noise and thus dynamic range (up to 104). Totally 
different filters and transillumination choices enable 
a good vary of stains to be imaged, together with 
visible light, fluorescent, reverse, 
chemiluminescence, and radioactive signals. 
 

 Laser scanner: Photomultiplier detectors are 
combined with laser light and optical or mechanical 
scanning to pass an excitation beam over each target 
pixel.[3] 
 

A commercial software package is required, such as: 
 

1. ImageMaster 2D or DeCyder  
2. Dymension  
3. Melanie  
4. PDQuest  
5. ProteinMine  

 
B. Image Warping:  

Correction of point spot variations by image warp is 
completed. 2-D electrophoresis leads to spot patterns with 
variations within the spot positions between gels. 
Therefore, gel images are position ally corrected by 
combination of global and local image transforms (image 
warping). The knowledge regarding variations in spot 
positions that was gained during this step is reused later 
for image fusion and for the transfer of the consensus spot 
pattern. 
C.  

D. Image Fusion: 

Image fusion and protein maps condense the image 
information of the entire experiment into one fusion image, 
conjointly known as a proteome map. The proteome map 
contains the knowledge of all protein spots ever detected 
within the experiment. 

E. Spot detection and edition: 

Spot detection is performed on the protein map. As a 
result, a accord spot pattern is generated, that is valid for all 
gels within the experiment. It describes the position and also 
the general form of all protein spots from the experiment. [2] 

 
F. Application of Consensus Spot Pattern: 

For spot quantisation and building expression profiles, the 
accord spot pattern is applied to any or all gel pictures of the 
experiment. The image transformation assures that every one 
spots of the accord pattern reach their correct position. A 
remodelling step makes sure that the predetermined spot 
boundaries from the consensus are adapted to the real gray 
levels observed on the target image. All boundaries of the 
accord pattern will be found on each gel. 

G. Extracting Expression Profile: 

Expression profile analysis identifies interesting spots 
which will be marked for further analysis, protein 
identification, and interpretation [2] 

 
For Extracting Expression Profile we had taken image in a 

text format. 2D volume data intensities as input, datasets must 
be exported from specialized Image Software in the form of a 
data frame of volume data Xj; with gels j as columns and spots 
i as rows.[5] 

 
 

 
 

Table 1: Example of input data 
 

Note that the name of columns should therefore correspond to 
the names of the gels and the names of the rows to the name of 
the spots. The replicates for each condition should be ordered 
in the following columns (see Table 1). Furthermore, another 
data frame is needed to describe the experiment with the 
names of gels as rownames and a single column giving the 
two level of condition for data. On that text file following 
steps are performed: 
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a. Visualization: 

 
It consists in plotting the intensity log2-ratio (R) 
against mean log10 intensity (I): 

 
The intensity (I) is the log10 of the mean of volume 
data in condition 2 by the 
mean of volume data in condition 1 : 

 
Where V Cond1 and V Cond2 are spot volumes for 
conditions 1 and 2, respectively.[5] 
 

b. Normalization: 
 

2D Gel Volume data must be normalized in 
order to remove systemic variation prior to data 
analysis. Two widely used methods are provided, the 
"Variance Stabilizing Normalization" (vsn) and the 
"Quantiles, Normalization". The principle of the 
"quantiles normalization" is to set each quantile of 
each column (i.e. the spots volume data of each gels) 
to the mean of that quintile across gels. The intention 
is to make all the normalized columns have the same 
empirical distribution. Whereas the vsn methods 
relies on a transformation h, of the parametric form 
h(x)= arsinh(a+bx). The parameters of h together 
with those of the calibration between experiments are 
estimated with a robust variant of maximum-
likelihood estimation. Both methods re-entered the 
data around a zero log ratio, nevertheless for low 
values of intensities the vsn normalized data seems to 
be less efficient in order to re-entered the cloud of 
points.[5] 
 

c. Coerce data into an ExpressionSet: 
 

Prior to analysis for differentially expressed 
proteins, data must be coerced into an ExpressionSet. 
This can be done easily with ES.prot, which requires 
a matrix of normalized volume data, the number of 
replicates in each condition and a dataframe giving 
the condition for the experiment. 
> ES.p <- ES.prot(pecten.norm, n1=6, n2=6, 
f=pecten.fac) 

The matrix of spots intensities (i.e. Volume) 
is log2 transformed and stored in the assayData slot 
of the ExpressionSet. Furthermore, the log2-ratio is 
computed and stored in the featureData slot.[5] 
 

d. Find differentially expressed proteins: 
 

2-DE experiments analysis require a variant of 
the t-statistic that is suitable for high-dimensional 
data and large-scale multiple testing. For that 
following steps are used: 
 

i. the classical Student's t-test. 
ii. two tests especially modified for micro-

array analysis. 
iii. two methods that take advantage of 

hierarchical Bayes methods for estimation of 
the variance across genes. 
 

As statistical tests allowing the identification of 
differentially expressed proteins must take into 
account a correction for multiple tests in order to 
avoid false conclusions. There are different methods 
to estimate the False Discovery Rate : 

 
i. the classical FDR estimator of Benjamini 

and Hochberg. 
ii. the local FDR estimator of Strimmer. 

iii. the "robust FDR" estimator of Pounds and 
Cheng.[5] 
 

e. Simulation of 2D Volume data: 
 

In order to compare FDR and the responses 
of the different tests as well as the influence of the 
number of replicates, simulated data be used.[5] 

 

VI. CONCLUSION 

In this paper we describe 2Dimenshinal Gel electrophoresis 
technique in detail. This process is used for protein 
identification and analyses. There are various steps as 
described, which are used in it. In extracting expression profile 
step, text file will act as an input. With the help of an r script, 
further process is carried out. As a result analyzed data is 
obtained which helps to identify the protein and use the 
analyzed data for experiment.   
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Abstract— Monitoring ovarian follicles over entire menstrual 

cycle is of utmost importance in infertility study. In case of 

Polycystic Ovarian Syndrome (PCOS), under the influence of 

reduced levels of Follicle Stimulating Hormone and Luteinizing 

Hormone, follicles fail to attain maturity and are seen distributed 

along the periphery of the ovary in ultrasound imaging. Today, 

monitoring follicles is done in non-automatic way, with human 

interaction. In this paper, computer assisted, automated follicle 

detection method is proposed. Input ovarian ultrasound image is 

first preprocessed using contrast enhancement and filtering 

techniques to improve quality of image. Various filters are 

applied for the same and performance analysis of filters is done 

to choose appropriate filter for the given application. Feature 

extraction by multiscale morphological approach (using Top-hat 

Transform) and segmentation by scanline thresholding is done to 

extract follicles from given ultrasound image. Further, 

classification of these follicles can be performed based on 

number, shape, size and distribution of follicles inside PCOS 

affected ovary.  

Keywords—Ovarian ultrasound imaging; follicle detection; top-

hat transform; scanline thresholding 

 

I.  INTRODUCTION 

 

Polycystic Ovarian Syndrome (PCOS) is one of the most 

common, complex, heterogeneous endocrine disorders among 

females. The exact cause behind this is still unknown but 

factors such has hormonal imbalance, having body-mass-index 

(BMI) greater than 24, central obesity or overall obesity are 

some of the factors contributing to it. PCOS produces 

symptoms in approximately 5% to 10% of women of 

reproductive age (approximately 12 to 45 years old). The 

principal features are anovulation, which results in irregular 

menstruation, amenorrhea, and ovulation-related infertility; 

excessive amounts or effects of androgenic (masculinizing) 

hormones, which results in acne and hirsuitism; and insulin 

resistance, which is often associated with obesity, type 2 

diabetes and high cholesterol levels. Ovarian ultrasound image 

showing polycystic ovaries is common, but it is not an absolute 

requirement in all definitions of the disorder. The symptoms 

and severity of the syndrome vary greatly among affected 

women. There are mainly three criteria for diagnosis of PCOS. 

These are clinical, biochemical, and ovarian ultrasound 

imaging. The Rotterdam Consensus is currently the most 

important criteria in diagnosing this condition [6][7]. 

According to it, a patient may be diagnosed as suffering from 

PCOS if any two of the following three conditions are seen: (1) 

Chronic Anovulation or Oligo-ovulation characterized by 

irregular menstrual cycle, (2) Excess androgen activity 

characterized by occurrence of acne, hirsuitism, and elevated 

serum enzymes and (3) Presence of polycystic ovaries seen by 

gynecologic ultrasound. In case of normal ovary, under 

influence of right levels of hormones FSH and LH (i.e. Follicle 

Stimulating Hormone and Luteinizing Hormone), only one 

follicle grows in size to about 20 mm in diameter, matures and 

becomes ready for ovulation.  

 

Figure 1: Ultrasound image of normal ovary showing mature follicle  

ready for ovulation 

In PCOS affected ovary, due to reduced levels of FSH and 
LH and high levels of prolactine, follicles fail to grow and 
attain maturity. Thus, in ultrasound image of PCOS affected 
ovary, large number of small follicles (typically 12 or more and 
about 2-9 mm in diameter) can be seen distributed along the 
periphery of the ovary, classically described as „necklace 
formation‟[6]. Moreover, the ovarian volume in such patients is 
typically increased over 10 cm

3 
[6]. Figure 1 shows ultrasound 

image of normal ovary showing only one follicle ready for 
ovulation. Whereas, figure 2 shows numerous small follicles 
present along the periphery of the ovary. 
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Figure 2: Ultrasound image of PCOS affected ovary showing large number 
of follicles distributed along the border of ovary 

 

II. ALGORITHM FOR THE PROPOSED WORK 

 
Data Collection is the first and foremost step in this 

process. Trans-vaginal ovarian ultrasound images of about 20 
patients with or without typical PCOS symptoms are collected. 
The transducer used for this process is 6 MHz ultrasonic 
transducer manufactured by General Electric (GE).  

 

Figure 3: Schematic block diagram for automated follicle detection 

Patients having conditions such as Hyperthyroidism or 
Cushing syndrome are excluded from the study. To improve 
the quality of the images collected, preprocessing techniques 
such as contrast enhancement and filtering are applied. Feature 
extraction is done by multiscale morphological approach using 

Top-hat transform which extracts dark or bright features from 
the original image. Segmentation is done by scanline 
thresholding (horizontal and vertical) which gives detected 
follicles. The results are compared with that of manual 
segmentation done by gynecologists. Number of follicles, 
major and minor axis length of follicles and eccentricity are 
calculated to verify the PCOS condition. Figure 3 shows 
algorithm of the proposed work.  

A. Preprocessing 

Preprocessing of the input image involves improving 
quality of the image using contrast enhancement and filtering 
techniques. The main disadvantage of medical ultrasonography 
is poor quality of images having low contrast and high noise 
content. This makes automated ultrasound image processing a 
difficult task [5]. Therefore it is necessary to improve contrast 
of the image and remove noise before further processing such 
as feature extraction, segmentation and follicle detection. 

There are different local and global contrast enhancement 
techniques available which use image histogram information. 
Histogram equalization, Adaptive Histogram Equalization, and 
Contrast Limited Adaptive Histogram Equalization (CLAHE) 
are frequently used for the purpose. The technique used here is 
histogram equalization which increases global contrast of the 
image especially when usable data of the image is represented 
by close contrast values. Histogram equalization algorithm 
achieves this task by effectively spreading out most frequent 
intensity values which results into better distribution of 
intensities on the histogram and thus improvement of overall 
contrast of the image. 

The main disadvantage of global contrast enhancement 
technique like histogram equalization is that it also increases 
contrast of the noise along with that of desired features. Thus, 
the next step in the preprocessing is noise cancellation using 
filters. There are mainly two types of noises present in ovarian 
ultrasound image. These are: (1) Additive noise/ Gaussian 
noise resulting from electronic transmission of the signal and 
heating of transducer. It follows Gaussian distribution curve, 
and (2) Multiplicative noise/ Speckle noise which results from 
interference of reflected ultrasound wavefronts. 

Various linear filters such as averaging filter or mean filter, 
median filter, Gaussian filter and wiener filter and non-linear 
filters namely adaptive morphological filters and anisotropic 
distribution filters can be used to remove noise present in the 
ultrasound image. In this paper, only the effect of linear filters 
in reducing noise in an ultrasound image is considered. Mean 
filter, median filter, Gaussian filter and Wiener filter are 
applied to contrast enhanced image one by one and the results 
are compared. 

B. Performance analysis of filters 

For deciding which of the above listed linear filters is best 
suited for noise removal in ultrasound image, the filtration 
results are compared base on signal-to-noise ratio abbreviated 
as SNR. It compares level of desired signal to that of 
background noise and is often expressed as shown in equation 
1. 

                                          (1) 
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Where SNR is defined in dB, σ² is the variance of original 
image and is the variance of enhanced image after filtering 
[5].  

Other parameters such as mean square error (MSE) and 
root mean square error can also be used for analysis of 
performance of these filters.  

 

III. FEATURE EXTRACTION USING MULTISCALE 

MORPHOLOGICAL APPROACH 

 
An ultrasound image of the ovary shows follicles, 

endometrial blood vessels and stroma. The image is 
complicated by noise introduced due to acquisition process 
using ultrasound machine. Therefore, before the actual 
segmentation, feature extraction needs to be done to reduce 
false detection. For this multiscale morphological approach is 
used.  

The transform used for this purpose is top-hat transform 
which extracts small elements and details from the given 
image. There exists two types of top-hat transforms: The white 
top-hat transform is defined as the difference between the input 
image and its opening by some structural element, whereas the 
black top-hat transform is defined as the difference between 
closing by same structural element and input image. 

Thus, if  is a grayscale structuring element, such as 
disk structuring element used in this paper, then the white top-
hat transform is defined as, 

                         (2) 

Where „∘‟ denotes opening operation and  is the image 
obtained after filtering. The black top-hat transform, sometimes 
called bottom-hat transform is given by, 

                                              (3) 

Where „•‟ is the closing operation. 

The white top-hat transform returns an image, containing 
those features of an input image that are smaller than the 
structuring element and are brighter than the surroundings. The 
black top-hat transform on the other hand returns an image 
containing features or elements that are smaller than the 
structuring element and are darker than the surroundings. The 
size or width of the features that are extracted by the top-hat 
transform can be controlled by the choice of structural element 

. The bigger the structuring element, the larger the features 
that are extracted. But both transforms return images that 
contain only non-negative values at all pixels. 

 

 

IV. SEGMENTATION USING SCANLINE THRESHOLDING 

 
The main goal of image segmentation is to simplify and/or 

change the representation of an image into something that is 
more meaningful and easier to analyze. There are different 
methods used for image segmentation such as thresholding, 

histogram-based methods, edge detection and watershed 
transformation.  

In ovarian ultrasound image, many undesired structures can 
be found such as blood vessels, nerve fibers and lymphatic 
glands. So, the detection of follicles becomes a challenging 
task. Therefore, traditional edge based techniques (like Sobel, 
Prewitt) tend to give false results when directly applied on 
these images due to added noise [6][8]. 

The follicles being fluid filled sacs appear as dark oval 
regions because they display similar fluid echotextures, which 
are more or less darker than their neighborhood. The follicles 
could therefore be treated as homogeneous dark regions [8]. 
The pixels darker than their surroundings were scanned row 
wise (horizontal scanning) and column wise (vertical 
scanning). Then the resultant images were added to yield the 
final segmented image [6].   

A. Horizontal Scanline Thresholding 

We considered image I obtained after feature extraction of 
size M x N. The mean mi and standard deviation σi of the i

th 

row of sub-image is given by: 

                                                         (4) 

                                           (5) 

 The standard deviation for each row calculated in equation 
5 is multiplied by a scalar and the resultant value is set as 
threshold for binarization in each row. This was carried out for 
rows i=1…… M and the binarized image obtained is called 
horizontal mean thresholded image. 

B. Vertical Scanline Thresholding 

As per above discussion, for the image of size M x N, the 
mean and standard deviation mj and σj respectively of the j

th
 

column is given by: 

                                                        (6) 

                                         (7) 

The standard deviation for each column calculated in 
equation 7 is multiplied by a scalar and the resultant value is 
set as the threshold for binarization of each column. This was 
again carried out for columns j=1……N and the binarized 
image obtained is called vertical mean thresholded image. 

C. Image Merging 

The images obtained by horizontal and vertical scanline 
thresholding were combined to get final segmented image 
showing follicle region. Canny edge detection technique is then 
applied on the binarized image to trace follicles automatically 
and clearly. 

D. Measuring Diameter of Detected Follicles  

Once the follicle edges are detected, major and minor 
diameters of follicle can be measured by selecting four points 
(x1,y1), (x2,y2), (x3,y3) and (x4,y4) (i.e. two for each 
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diameter) on the circumference of follicle. Distance between 
two points is calculated by formula given below: 

                          (8) 

                           (9) 

From the values obtained by equations 8 and 9, eccentricity 
of the follicles can be calculated as: 

                                      (10) 

 

V. EXPERIMENTAL RESULTS 

The ovarian ultrasound image obtained using 6 MHz 
General Electric transducer is cropped to get desired area. 
Then, histogram equalization algorithm is applied to get the 
contrast enhanced image. For removal of noise from the image, 
linear filters, viz. averaging filter, median filter, Gaussian filter 
and Wiener filter are applied one-by-one and signal-to-noise 
ratio is calculated for each result using equation 1. The filtered 
image having highest signal-to-noise ratio is selected for 
further processing. Features are extracted using bright top-hat 
transform and follicles are detected using Scanline thresholding 
method as described in this paper.  

 

Figure 4: Preprocessing stage I- Contrast Enhancement 

Figure 4 shows original image with its histogram and 
contrast enhanced image obtained after histogram equalization. 
Figure 5 shows results of application of different linear filters 
and their respective SNRs are listed in table 1(as calculated by 
equation 1). Signal-to-noise ratio for various ovarian 
ultrasound images is different but in all cases, SNR for 
Gaussian and Wiener filtered image is found to be the greatest. 
Thus results obtained after application of these filters is used 
for further processing.  

Figure 6(a) shows feature extracted image using bright top-
hat transform. The structural element used is disc structural 
element having size 4. Figure 6(b) and 6(c) shows results 
obtained after horizontal and vertical Scanline thresholding 
respectively. The scalar used in this process is 6.5 and is 
determined by experimentation.  

 

Figure 5: Output images after filtering 

Table 1: Performance Analysis and comparison of different 
filters based on SNR 

Image/filtered image Signal-to-noise ratio 
(SNR) in dB 

Original image 1.9350 

Averaging filter 4.0058 

Median filter 4.2470 

Gaussian filter 4.1546 

Wiener filter 4.2597 

 

 

Figure 6: (a) Image obtained after feature extraction (b) Image obtained by 
horizontal Scanline thresholding (c) Image obtained by vertical Scanline 
thresholding (d) Image obtained by image merging (e) Binarized image  
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Figure 6(d) shows image obtained by merging of images 
6(b) and 6(c) i.e. horizontal and vertical Scanline thresholded 
images. Canny edge detection technique is then applied on the 
binarized image to trace and detect boundaries of follicles 
automatically as shown in figure 7: 

 

Figure 7: Automatic tracing and detection of follicles 

According to definition given by Rotterdam consensus, in 
ultrasound images of PCOS affected ovaries, 10 or more than 
10 follicles are seen having diameter of about 2-9 mm. This is 
verified by selecting four points (two for major axis and two 
for minor axis) on the edges of follicles and measuring the 
distance between them by using formula given in equation 8 
and 9. For this image, it is found that 11 follicles have major 
axis length in the range of 2-9 mm and minor axis length in the 
range of 1-6 mm. The average eccentricity is about 0.6424. 
This information can be further used for classification purpose. 

 

VI. CONCLUSION 

In this paper, we have tried to develop an automated 
method for follicle detection and automated screening of 
patients having PCOS. Image preprocessing (contrast 
enhancement and filtering) is used for improving quality of the 
image. Features are extracted using Multiscale morphological 
approach and bright top-hat transform. Scanline thresholding 

method is used for deciding threshold for binarization 
automatically. Canny edge detection is further used to obtain 
clearer results. Further, dimensions of each follicle are 
measured which will help in classification. 

This automated follicle detection method will help 
gynecologists and radiologists for screening of patients 
showing classical symptoms of PCOS. This will reduce the 
burden of manual selection and counting of follicles in the 
diseased ovary. It will also be helpful for diagnosis of the 
disease at an early stage. 
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Abstract— Human eye is most delicate and sophisticated organ 
that can relate other subsystem like retina, iris cornea, optic disc, 
optic nerve and lens. Efficient detection of optic disc is important 
because it helps to detect different stages of Diabetic 
Retinopathy.  In this paper we propose an algorithm to detect 
optic disc in retinal images. Basically, our concentration in this 
paper is to detect optic disc in order to improve the accuracy. 
The technique used in this paper is a Hybrid Approach for 
Detection of Optic Disc. This can be done with the help of 
following three steps in our paper - First step is pre-processing 
which is done by using adaptive histogram. Second step is post 
processing which implies the use of clustering algorithms 
LindeBuzo-Gray. The third step is post processing in which 
morphological operations are performed in order to improve the 
accuracy for the detection of Optic Disc. The proposed algorithm 
used in this paper is tested on DRIVE dataset. The result obtain 
when the number of clusters chosen are 20. 
 

Index Terms— Optic disc, Adaptive Histogram Equalization, 
LBG algorithm, Mathematical Morphology. 

I. INTRODUCTION 

The optic disc (OD) in the human eye is the part of the eye 
that is connected to the retina and carries visual information to 
the other parts of the brain. The retina is the only location 
where blood vessels can be directly visualized non-invasively 
in vivo. So, the process of automatically detecting the OD aims 
only to correctly detect the center point of the OD. The OD 
usually has a circular shape and is brighter than the 
surrounding pixels whose intensity becomes darker gradually 
with their distances from the OD center. The OD often serves 
as a landmark for other fundus features such as the quite 
constant distance between the OD and the macula-center 
(fovea) which can be used as a priori knowledge to help 
estimating the location of the macula [3]. In Optic disc, the 
mean vertical and horizontal optic disc diameters were 1.88 
and 1.77 mm, respectively. The normal variation in optic disc 
diameter is sufficient to explain the normal variation in cup-
disc ratio. Larger optic discs and optic nerves have more optic 
nerve fibers than do smaller discs and nerves. The change in 
the shape, color or depth of OD is an indicator of various 
ophthalmic pathologies especially for glaucoma, thus the OD 
dimensions are used to measure abnormal features due to 
certain retinopathies, such as glaucoma and diabetic 
retinopathies. 

 

 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 

Fig. 1. The Anatomical and Pathological Parts in Retinal Image 
. 

In previous studies many algorithms are used to detect 
Optic Disc in the retinal images. Hummel and Pizer [1], [2] 
invented the basic form of the method independently. In this 
basic form involves applying to each pixel the histogram 
equalization mapping based on the pixel in a region 
surrounding that pixel. That is each pixel is mapped to an 
intensity value proportional to its rank in the pixel surrounding 
it. Sinthaniyothin [13] used different methods to detect the 
optic disk center. V. Vijaya Kumari et. al [4] used morphology 
operation for detection of the Optic Disc and blood vessels. 
Different Morphological operations  of  different  sizes  are  
used ,  but main disadvantage of  this operation  is that the size  
of  structuring  element suitable is for  one  image but  not for 
the suitable other retinal image. Saiprasad Ravishankar  et.  al  
[5] also  used  morphology operation to detect Optic Disc but 
instead of using erosion, dilation operations it used as a  linear 
classifier. S.  Kavitha et al [7] uses morphology operation and 
pure splitting technique to detect Optic Disc. R. 
Vijayamadheswaran et al [8] proposed detection of 
Exudates/od using a combination of algorithms that are 
Contextual Clustering and Radial basis function. In this 
technique all the fundus images are converted to a standard 
template image condition. Garcia et al [9] used neural network 
(NN) approach for the detection of Optic Disc. Here, Three NN 
classifiers are checked which includes covers multilayer 
perceptron (MLP), radial basis function (RBF) and support 
vector machine (SVM).  This paper presents two techniques for 
detection of Optic Disc.  The first technique discusses a 
modified approach based on adaptive histogram so that it can 
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enhance the image.  In the second technique a hybrid approach 
for detection of Optic disc is proposed. Here, adaptive 
histogram equalization is combined with clustering approach to 
improve the accuracy of optic disc detection. 
 

Detailed descriptions of the material used are given in 
Section II. Section III presents the proposed algorithm. The 
experimental results are given in section IV. Conclusions are 
given in V respectively. 

 

II. MATERIAL 

The dataset used is the DRIVE dataset [10], it provides 
comparative studies on retinal vasculature segmentation. The 
dataset consists of a total of 40 color fundus images which is 
used for making actual clinical diagnoses, where 33 images do 
not show any sign of diabetic retinopathy and seven show signs 
of mild early diabetic retinopathy. 

III.  METHODS TO DETECT OPTIC DISC 

Proposed Algorithm consists of three stages that are pre-
processing, clustering and post processing. Initially, the 
method starts by following key pre-processing step, i.e., resize 
the image, extraction of green channel, image enhancement 
and mathematical morphology. 
A. Pre-processing 

Here, in pre-processing the first step is to resize the input 
image to the fixed size of 256×256.The resized image is the 
RGB image. So, from the resized image the green channel is 
extracted. We then apply the adaptive histogram equalization 
on the green channel extracted image as it provide normalized 
and enhanced contrast within the retinal images. It enhances 
the contrast of the grayscale image by transforming the values 
using contrast-limited adaptive histogram equalization 
(CLAHE). CLAHE operates on small regions in the image, 
called tiles, rather than the entire image. Each tile's contrast is 
enhanced, so that the histogram of the output region 
approximately matches the histogram specified by the some 
parameter. It is more effective than classical histogram 
equalization as it helps in detecting small blood vessels as they 
are characterized by low contrast levels. 

B. Clustering 

Once the image is resized and adaptive histogram is 
applied, clustering algorithm is applied on image. Clustering is 
the practice of classifying the objects according to perceived 
similarities. Organizing the data into sensible grouping is one 
of the most fundamental modes of understanding and learning. 
Clustering analysis is the formal study of algorithm and 
methods for grouping or classifying objects. Here we have 

used Linde – Buzo – Gray clustering algorithm. 
• Linde – Buzo – Gray Algorithm  

The most commonly used method in VQ is the 
Generalized Lloyd Algorithm (GLA) which is also 
called Linde-Buzo-Gary (LBG) algorithm. In Fig 
addition of constant error and to the code vector give 

rise to two vectors v1& v2. Euclidean distances of all 
the training vectors are calculated with vectors v1and 
v2, therefore the two clusters are formed based on 
nearest among v1and v2. Four new clusters are 
generated by repetition of procedure for these two 
vectors. And this procedure is repeated for every new 
cluster until we reach the required size of the 
codebook. Cluster elongation is +135 degree to 
horizontal axis in two dimensional cases is the 
drawback of this algorithm which results in inefficient 
clustering [12].  

 
Fig. 2.  (a) LBG for two Dimensional Case. 

 
Modified LBG algorithm is explained as follows [12]. 
 
Step 1: Divide the image into non overlapping blocks and 

convert each block to vectors thus forming a training 
vector set.  

Step 2: Compute the centroid (codevector) of this training 
vector set.  

Step 3: Add and subtract error vector from the codevector and 
generate two vector v1 and v2.  

Step 4: Compute Euclidean distance between all the training 
vectors belonging to this cluster and the vectors v1 
and v2 and split the cluster into two.  

Step 5: Compute the centroid (codevector) for the clusters 
obtained in the above step 5.  

Step 6: increment i by one and repeat step 4 to step 6 for each 
code vector.  

Step 7: Repeat the Step 4 to Step 6 till codebook of desire size 
is obtained. 

C. Post processing 

After performing the LBG algorithm we get the segmented 
image so we then perform Mathematical Morphology on the 
segmented image by using disc shape structuring element. In 
Mathematical Morphology images are considered as 
geometrical objects that can be analyzed with the help of other 
geometric object. The content of MM is based on set theory. 
By using these set operations many useful operators can be 
defined in MM. Sets in MM represents objects in images [11]. 
Morphological operation can be defined by moving a 
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structuring element over the binary image. The basic 
Morphological operation is defined as dilation and erosion. 
Dilation is a process in which the binary image is expanded 
from its original shape that is it expands the image whereas 
erosion shrinks the image. Morphological dilation applied here 
is disc shape structuring element. Were f(x,y) is  a  finite-
support  grayscale  image function and  S  is  a  binary  
structuring element.  

Dilation:

( )( ) ( ), max{ ( , | , }f S x y f x s y t s t S⊕ = − − ∈    (1) 

Erosion:  

( )( ) ( ), min{ ( , | , }f S x y f x s y t s t SΘ = + + ∈      (2) 

Opening: 

( )f S f S S= Θ ⊗o                                               (3) 

Closing: 

( )f f S S• ⊗ Θ                                                       (4) 
 
 
 
 
 
 
 

IV. EXPERIMENTAL RESULTS 

The proposed algorithms  discussed  above is  
implemented  using MATLAB  7.0  on  Intel Core i5 
processor,  2.50 GHz,  4 GB  RAM. To test the performance 
of the proposed algorithms 40 retinal images that belong to 
different classes of size 565×584 are used. The output result is 
calculated in about 6 to 8 seconds and the calculation of time 
is changed with every new retinal image from the dataset.  

The algorithm developed here has been tested on a set of 
retinal images of DRIVE dataset. The optic disc is correctly 
located in 36 images out of 40 images. As given in figure 3(a) 
the image is resized to 256×256 to reduce the computing time 
of the algorithm, in figure 3(b) green channel is extracted 
because red channel has more saturation and blue channel has 
very low contrast. Green channel provides best contrast 
between object and background, and it also provides more 
contrast between optic disc and background. Figure 3(c) gives 
enhanced image as adaptive histogram equalization is applied 
on it. The main aim to generate the mask (see in Figure 3(d)) is 
to locate the approximate location of the optic disc, which 
discard the background. Detected optic disc is shown in Figure 
3(f). To detect the optic disc more accurately, morphological 
operations are applied on previous output. 

 
 
 
 

 
 
 
 
 
 
 
 
 
 
 

 
 

 
 
 
 
 
 
 
 
 
 
 

 
 
 

Fig. 3.  (a) Original Resized Image. (b) Green Channel (c) Enhanced Image. (d) Mask. (e) Segmented Image. (f) Optic Disc Detected. 
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Fig.  4. (a) Original resize image. (b) Adaptive histogram with green channel extracted. (c) Optic disc detected. 
 
 

V. CONCLUSION 

This paper proposed algorithm for detection of Optic Disc 
in Retinal Images Using Iterative LBG Clustering method. It 
is an efficient method for automatic detection of optic disc in 
retinal images. Retinal images of the patients that are affected 
form Glaucoma, Diabetic Retinopathy etc. were considered to 
test the stoutness of the LBG algorithm. Depending on the 
results that are obtained from the proposed algorithm we can 
see that the optic disc is more accurately detected. The LBG 
algorithm is used to detect hard and soft exudates with more 
accuracy is discussed in many papers but in this paper it is 
used to detect optic disc with more accuracy. 
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Abstract— The System-On-Chip (SoC) revolution challenges 
both design and test engineers in the area of power dissipation 
since the system consumes more power in test mode than in 
normal mode. In order to avoid such severe hazards in circuit 
reliability it is necessary to make use of advanced Built-In-Self-
Test (BIST) schemes that can ensure the system functionality 
with minimum test power. Minimum transition sequences can be 
used as the key solution to make BIST power efficient. 

           In this paper an accumulator based TPG that can 
generate low transition test vectors is proposed. The accumulator 
is fed by a Re-configurable Johnson counter. The scheme 
generates low transition patterns and makes the scheme power 
efficient without sacrificing the area of design. Since 
accumulators are commonly found in current VLSI chips, this 
scheme can be efficiently utilized to drive down the hardware of 
BIST pattern generation.  Hence the proposed scheme for low 
power BIST significantly makes area overhead minimal. HDL 
implementation, synthesis results and power results are included, 
showing that the proposed technique can be efficiently 
implemented. 
 
Index Terms—Built-in self-test (BIST), low power, low transition, 
test pattern generator (TPG). 
 

I.   INTRODUCTION 
 

     The increasing use of high-end VLSI chips made the 
testing of chip as an unavoidable design step since the 
reliability of any product must be ensured before it is released 
in the market. A widely accepted approach to deal with the 
testing problem at the chip level is to incorporate built-in self-
test (BIST) capability inside a chip. This increases the 
controllability and the observability of the chip, thereby 
making the test generation and fault detection easier. In 
conventional testing, test patterns are generated externally by 
using computer-aided design (CAD) tools. The test patterns 
and the expected responses of the circuit under test to these  
 
test patterns are used by automatic test equipment (ATE) to 
determine if the actual responses match the expected ones. On 
the other hand, in BIST, the test pattern generation and the 
output response evaluation are done on chip; thus, the use of 
expensive ATE machines to test chips can be avoided. The 
function of the Test Pattern Generator (TPG) is to apply test 
patterns to the Circuit under Test (CUT).  The resulting output  
 
 

patterns are transferred to the output response analyzer. 
Ideally, a BIST scheme should be easy to implement and must 
provide high fault coverage. 
     Possible Test pattern generation approaches for BIST 
schemes include Pseudo-exhaustive testing, Pseudo-random 
testing and Deterministic testing.  Among these Pseudo-
exhaustive and Pseudorandom TPGs are the conventional and 
widely accepted technique since it ensures larger fault 
coverage (FC) comparing with deterministic testing. Also such 
TPGs can be easily integrated into the chip for a BIST design 
with low area overhead. A Linear Feedback Shift Register 
(LFSR) is the conventional Pseudo-exhaustive TPG. LFSR 
will generate all possible (2^n−1) nonzero binary patterns in 
sequence; this sequence is termed the maximal length 
sequence of the LFSR. Cellular Automata is used as pseudo-
random TPGs. During Output Response Analysis (ORA) the 
compressed form of the response data is compared with a 
known fault-free response. The most common strategy is to 
use a Multiple Input Signature Register (MISR).  
     Here we focus on modifying the TPG to generate a low 
transition test sequences which can improve the correlation 
among successive test vectors thereafter reducing the 
switching activity and power dissipation in the CUT. The 
scheme is suitable for Test per scan and Test per clock BIST 
schemes. Initially a low transition sequence namely Multiple 
Single Input Change (MSIC) is generated. On analysis it was 
observed that MSIC TPGs cause excessive area overhead to 
the BIST design even if they can make improvements in test 
power. In order to alleviate the hardware overhead issues the 
TPG is modified as an accumulator fed by Re-configurable 
Johnson counter.  

       The proposed scheme generates low transition sequence 
as test vectors and makes the scheme power efficient. They do 
not cause any reduction in fault coverage since they are 
sufficiently random in nature. Since accumulators are 
commonly found in current VLSI chips, this scheme can be 
efficiently utilized to drive down the hardware of BIST pattern 
generation.  Hence the proposed scheme for low power BIST 
significantly makes area overhead minimal and reduces the 
power dissipation in the (Circuit under Test) CUT. 
     Generally researchers devoted many efforts to reduce 
the average power consumption in VLSI systems during 
normal operation mode, while power consumption during test 
operation mode was usually neglected. However, during test 
application circuits are subject to an activity level higher than 
the normal one: the extra power consumption due to test 
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application may thus cause severe hazards to the circuit 
reliability. Therefore it is necessary to develop an improved 
TPG architecture which can improve the correlation among 
test patterns and reducing the switching activity and power in 
the CUT.  

    The rest of the paper is organized as follows. The 
review of existing architecture for low transition TPG (MSIC) 
for BIST is presented in section II. In section III the proposed 
accumulator based TPG architecture is presented. The 
proposed scheme is compared with LFSR and MSIC based 
BIST in terms of test power and area and the results are 
included in section IV. 
 
II. EXISTING TEST PATTERN GENERATION FOR LOW 

TRANSITION SEQUENCE 
      

     Generally eighty percentage of the design time is spend 
for testing and Design For Testability (DFT). A widely 
accepted approach to deal with the testing problem at the chip 
level is to incorporate built-in self-test (BIST) capability 
inside a chip. This increases the controllability and the 
observability of the chip. A good BIST Scheme is one in 
which the TPG produce low switching at the CUT  and having 
low area overhead so that they likely consume less power and 
can be easily implemented. 
     As conventional BIST are concerned LFSRs (Linear 
Feedback Shift Registers) are used as Test Pattern Generators 
(TPGs) and Output Response Analyzers (ORA). A major 
drawback of this scheme is that LFSR lead to significantly 
high switching activities in the CUT, which can cause 
excessive power dissipation. They can also reduce product 
yield and damage the circuit and. In addition, the LFSR 
usually needs to generate very long pseudorandom sequences 
in order to achieve the target fault coverage. M SIC sequences 
can decrease the switching activity in the CUT and eliminates 
the test power issues. Not only MSIC TPG produces minimum 
transition sequences, but also has properties of uniform 
distribution and uniqueness of patterns. But they cause 
excessive hardware overhead to the design. First the 
deterministic Single Input Change (SIC) vectors are produced 
by a Reconfigurable Johnson counter. At the same time the 
generated code words will bit - XOR with a same seed vector 
to generate a test pattern having least possible input transition 
density, ie, only one bit changes between any two successive 
test vectors.  
   
 
A. Schematic of Re-configurable Johnson counter 

     
        A reconfigurable Johnson counter (as shown in Fig. 1) 

is used to generate the deterministic SIC sequence. It can 
operate in three modes called initialization, normal mode and 
circular shift mode.  

 
            Fig. 1. Reconfigurable Johnson Counter 

 
B. MSIC-TPGs for Test-per-clock Schemes 
 
 The TPG for test-per-clock schemes is shown in Fig .2. The 
PIs are arranged as an n ×m grid structure. 
 

 
 

Fig. 2. TPG for test per clock scheme 

The inputs to the XOR gates are from a seed output and an 
output of the Johnson counter. The outputs of the XOR gates 
are applied to the CUT’s PIs. The seed generator is configured 
using LFSR. 
 
C.MSIC-TPGs for Test-per-scan Schemes 
  

 
Fig. 3. Test per scan MSIC TPG 

The stage of the SIC generator is the same as the 
maximum scan length, and the width of a seed generator is not 
smaller than the scan chain number as shown in Fig.3. The 
XOR inputs are tapped from a seed output and an output of the 
Johnson counter and their outputs are applied to M scan 
chains. 
         Suppose there are four scan chains whose lengths are 8 
in a full-scan design. The 8-bit Johnson code words and 4-bit 
(or more bits) seeds can be used to generate an MSIC 
sequence. A MSIC sequence generated with seed 01101 as a 
result of simulation using Modelsim is as shown in Fig 4. 

 

 
Fig. 4.  MSIC Sequence in scan chains 
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III. PROPOSED ACCUMULATOR BASED TPG FOR LOW 

TRANSITION TEST VECTOR GENERATION 
     
    The implementation of the existing accumulator based 
weighted pattern generation scheme is based on the 
accumulator cell presented in Fig. 5, which consists of a Full 
Adder (FA) cell and a D-type flip-flop with asynchronous set 
and reset inputs whose output is also driven to one of the full 
adder inputs. For this accumulator cell, one out of three 
configurations can be utilized, as shown in Fig.6 
 

 
Fig. 5.  Accumulator cell 

 
 

 
Fig. 6. Configurations of the accumulator cell 

      
         In Fig.6 (a) we present the configuration that drives 

the CUT inputs when A[i]=1, is required. Set[i]=1 and  
Reset[i]=0 and hence A[i]=1 and  B[i]=0, Then the output is 
equal to 1, and  Cin is transferred to Cout . In Fig.6 (b), we 
present the configuration that drives the CUT inputs When 
A[i]=0, is required. Set[i]=0 and Reset[i]=1  and hence A[i]=0 
and  B[i]=1 .Then, the output is equal to 0 and Cin is 
transferred to Cout. In Fig.6(c), we present the configuration 
that drives the CUT inputs when A[i]=“ _ ” is required. 
Set[i]=0 and Reset[i]=0. The D input of the flip-flop of 
register B is driven by either 1 or 0, depending on the value 
that will be added to the accumulator inputs in order to 
generate satisfactorily random patterns to the inputs of the 
CUT. 
      The proposed accumulator based low transition TPG is 
represented in Fig.7. The accumulator is fed by a Re-
configurable Johnson counter that is operated in normal mode 
of operation. The Set Reset Logic module provides the 
Set[n:0] and Reset[n:0] signals to Registers of accumulator in 
order to generate the desired low transition sequence . 
 

 
Fig. 7. Proposed accumulator based TPG for low transition test vectors 
 
 

            The Re-configurable Johnson counter helps to 
generate reduced (low) transition sequence by exploiting the 
property of generating deterministic Single Input Change code 
words of the Johnson counter. The proposed scheme is 
suitable for test per clock and test per scan BIST schemes. 
Furthermore the accumulators are commonly found in today’s 
VLSI chips. Hence the proposed scheme can be efficiently 
utilized to drive down the hardware of BIST pattern 
generation. 

IV.PERFOMANCE ANALYSIS 
      The performance of the proposed accumulator based 

low transition TPG for BIST is analyzed by conducting 
experiments on ISCAS’85 and ISCAS’89 benchmark circuits. 
The HDL design is done with Xilinx ISE tool. The synthesis 
and power analysis of the BIST design is done using Cadence 
Encounter with technology file 181nm. The verification of the 
scheme carried out using Modelsim. The performance is 
evaluated in terms of Power, Area and Test-pattern input 
transition density. Comparison with LFSR and MSIC TPGs 
are also included. 
A. Test application 

  The verification of proposed BIST schemes is done using 
c17 and s344 Benchmark circuits. The simulation is done after 
injecting a stuck-at-fault (fault_in). The simulation output of 
c17 using proposed BIST scheme is shown in Fig.8.
 

 
Fig. 8. Simulation output of c17 with proposed BIST 
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    The signal ‘pattern’ represents the test sequences 

applying to the PI. The fault injected to the CUT is 
represented by ‘fault_in’ and the fault detection is represented 
by ‘fault’. From the simulation waveform, it is clear that the 
accumulator based TPG fed by Re-configurable Johnson 
counter produces test vectors with reduced input transition 
density and hence can contribute for an efficient low power 
BIST. Most of the successive test vectors differ in two bit 
transition. Of course the proposed method has input transition 
density higher than MSIC sequences but accumulator based 
TPG makes an effective tradeoff between test power and area.   
For an LFSR based BIST, the input transition density is much 
high to cause excessive test power 
 
The simulation output of s344 for proposed scheme is shown 
in Fig.9. 

 
Fig. 9. Fault Simulation of s344 Benchmark with proposed BIST 

 
The fault injected to the CUT is represented by 

‘fault_in’ and the fault detection is represented by ‘fault’. The 
sequences applied at the primary input have desirable property 
of minimum input transition density which can effectively 
reduce dynamic power in the CUT. 
 

B. Dynamic power in the CUT and Test-pattern Input 
transition density 
 
 Reduction of test power is a fundamental requirement of 
any BIST scheme since excessive power dissipation during 
testing may even cause device damage. To reduce the test 
power, the weighted switching activity of the internal nodes of 
the circuit must be minimized. For this purpose, Input 
transition density of the patterns is to be minimized. This is 
achieved using proposed accumulator based TPG for BIST. A 
comparison of average Input transition densities of LFSR, 
MSIC TPG and proposed TPG is given in the following table. 
The Table I is based on randomly selected 20 successive test-
patterns generated 
 

TABLE I 

 INPUT TRANSITION DENSITY 

Test-pattern Generator Average Input(bit) transition density 
of 20 successive test-patterns(8bit 

pattern) 
LFSR 130 

MSIC 20 

PROPOSED 56 

 
  The reduction in the dynamic power for the proposed 
BIST scheme is shown in the Table II. The results are 
obtained using Cadence tool. 
 

TABLE II 

DYNAMIC POWER IN THE CUT DURING TEST APPLICATION 
 

 
CUT 

DYNAMIC POWER (TEST POWER) nW 
LFSR-TPG BASED 

BIST 
PROPOSED ACCUMULATOR 

BASED BIST 
 

C17 
 

1204 
 

207 
 

S344 
 

50953 
 

4844 
 
 
C.  Area analysis 
 
  Area overhead is an important issue associated with BIST 
designs since usually we need to compromise the area for 
producing improvements in test power or fault coverage. But 
the overhead issues must also be taken into account while 
designing BIST architectures. The table III represents the 
number of 4 Input LUTs required to implement proposed 
BIST scheme on to a device. Comparison with LFSR and 
MSIC BIST schemes are also included to state the 
effectiveness of proposed design in terms of area overhead. 
 

TABLE III 

DEVICE UTILIZATION 

 

   
  Furthermore the accumulators are commonly found in 

today’s VLSI chips. Hence the proposed scheme can be 
efficiently utilized to drive down the hardware of BIST pattern 
generation. 

V.  CONCLUSION 
      This paper has proposed an accumulator based low 
transition TPG suitable for BIST schemes. The method can be 
used for alleviating the problem of excessive power 
dissipation in the CUT during test without sacrificing the area. 
The reduced dynamic power in the CUT is achieved by 
making use the feature of low input transition density of the 
TPG, thereby minimizing switching activities of the internal 
nodes. The scheme drives down the hardware overhead issues 
compared to other low transition TPGs. Analysis on ISCAS 
benchmark circuits show that the scheme is efficient in terms 
of test power and area. Furthermore since accumulators are 
commonly found in today’s VLSI chips, the proposed scheme 

 
CUT 

TOTAL NUMBER OF 4 INPUT LUT’S REQUIRED TO 
IMPLEMENT THE DESIGN 

LFSR 
BASED BIST 

MSIC BASED 
BIST 

PROPOSED 
METHOD 

 
C17 

 
11 

 
150 

 
113 

 
S344 

 
47 

 
198 

 
170 
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can be efficiently utilized to drive down the hardware of BIST 
pattern generation. 
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Abstract—Evolution of use of wireless technologies in laptops 

and mobile terminals, which are equipped with several network 

interfaces,  has provided users to take advantage from multi-

homing to access network services anywhere, at any time and 

from any network. Advantage with multihomed host is that some 

of the traffic from more congested paths can be shifted to less 

congested path, thus controls congestion. In this paper we 

consider about Multipath TCP (MPTCP), which suffers from the 

degradation of goodput in the presence of changing network 

conditions on the available subflows due to out-of-order received 

packets. Cause of degradation is the large variation of end-to-end 

delay for multiple paths over wireless channels. To diminish the 

variation of end-to-end path delay, the proposed scheme uses 

congestion window adaption (CWA) algorithm to employ 

MPTCP source. Also to reduce the time of packet reordering at 

the receiver, a scheduling algorithm is employed for the MPTCP 

sender.  

 

Keywords – Goodput, Congestion, Reordering, MPTCP 

I. INTRODUCTION 

Modern laptops have often found more than one 

network interface for accessing the Internet. Also in the case 

with mobile, there are more than one network interface. A 

mobile user access the Internet via a wireless wide area 

network such as general packet radio service [GPRS].Such 

laptops and mobiles are referred as “Multi-Homed devices”. 

Today’s processor are has fast enough to handle data transfer 

on multiple network interface simultaneously.   This provides 

a good prospect to explore several interfaces for multipath 

transmission, so as to aggregate the bandwidth among 

multiple wireless links and further improve the quality of 

service (QoS) for bandwidth-intensive applications, such as 

video streaming and video conference. The standard for the 

transport layer is the Transport Control Protocol [TCP]. TCP 

however, fails to transmit packet over multiple paths for 

Multi-Homed Device due to the high level of out-of-order 

packets. In conventional TCP, such as TCP Reno and 

selective acknowledgment (SACK), the source node 

decreases its congestion window once three duplicate 

acknowledgments (ACK) are received from the sink node. 

That is, three duplicate ACKs are viewed as an indicator of 

packet loss in transmission. In a multipath transmission 

scenario, because the round-trip time (RTT) of each path 

varies, there is a high probability that packets with lower 

sequence numbers sent over a slower path arrive at the sink 

later than packets with higher sequence numbers sent over a 

faster path. As a result, the sink node receives out-of-order 

packets and then returns duplicate ACKs, which is 

misinterpreted by the source as packet loss. Then, the source 

reduces its congestion window and enters fast retransmit and 

recovery stage. This behavior puts the efficiency of TCP 

transmission in danger because the sending window can be 

mistakenly set to a small value [1].  

 
Fig. 1 Multi-home scenario in wireless network  

Fig. 1 shows a multi-home scenario where a Mobile device is 

connected to both Base Station and Access point via its 

multiple interfaces.  MPTCP works well for multi-homed 

mobile devices to simultaneously deliver TCP packets over 

multiple paths and pool the available bandwidth together. 

Although MPTCP has a better available throughput for the 

upper layer, there is still another unresolved issue caused by 

out-of-orders packets. Throughput represents the overall 

receiving capacity of successful packet delivery over multiple 

paths. Nonetheless, it is goodput that reflects the real 

application-level throughput, which is the amount of useful 

data available to the receiver application per time unit. 
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Specifically, in-order packets received at the transport layer 

can be forwarded to the application layer and counted for 

goodput. Most recent study [7] introduced CWA with a 

proactive scheduler for wired communication. This study 

show that MPTCP goodput is near optimal when the end-to 

end delays of two transmission paths are very close. However 

these study show that it takes a lot of time to reorder packets 

at receiving end. Some more recent work in 2012 tries to 

improve goodput for MPTCP, by using network coding [2] 

and packet retransmission over fast path [3]. However, these 

studies only show the average goodput improvement over a 

long term. In fact, stable goodput with minimal variation is 

preferable for QoS assurance to real-time applications. Author 

in [6] has studied different congestion control variants for 

Multipath TCP have been compared. Also author has 

investigated a couple of relevant hybrid scheduler algorithms 

that are based on the two implementation strategies, Push and 

Pull. 

In this paper, we use CWA-MPTCP, in which the 

MPTCP source dynamically adjusts the congestion window of 

each TCP subflow so as to maintain similar end-to-end delays 

over multiple paths, and packet scheduling algorithm, which 

reduces time required at to rearrange packets at receiving end.  

 

 

  II. OVERVIEW OF MPTCP 

 

MPTCP is an extension to TCP that allows the 

concurrent data transmission. From the performance 

perspectives, MPTCP has two main objectives:  

a) Improve the throughput by combining bandwidth over 

multiple available paths.  

b) Improve the reliability by providing multiple paths and 

switching traffic upon path failure.  

As shown in Fig. 2, MPTCP roughly divides the 

transport layer into two sublayers, specifically, MPTCP and 

subflow TCP. Based on this architecture, MPTCP can be 

easily employed within current network stack. Each path has 

its subflow to reuse most function of regular TCP. The key 

transformation between subflow TCP and regular TCP is that 

congestion control on each path is assigned to MPTCP 

sublayer [5]. Although each subflow TCP maintains a 

congestion window at the source, the congestion window is 

updated by a coupled congestion control algorithm which aims 

to balance the traffic load on each path and improve 

throughput without exposing regular TCP users.  

MPTCP sublayer is responsible for coordinating data 

packets on multiple paths, such as reordering packets received 

from each path at the sink, scheduling packets toward each 

path at the source, and balancing the congestion window of 

each subflow TCP. MPTCP also look after packet reordering 

for multiple paths. Since each TCP subflow maintains an 

independent sequence number space, the sink may receive two 

packets of the same sequence number. Further, packets 

received at the sink can be out-of-order because of 

mismatched round-trip time (RTT) of multiple paths. 

Therefore, the source needs to address the sink about the 

reassembly of the data forwarded to the application. MPTCP 

solves this problem by using two levels of sequence numbers. 

First, the sequence number for TCP subflow is referred to as 

subflow sequence number (SSN), which is similar to the one 

in regular TCP. The subflow sequence number independently 

works within each subflow and ensures that data packets of 

each subflow are successfully transmitted to the sink in order. 

 

 

Application 

               TCP 

               IP 

     Network Interface 

  

Fig. 2 Network protocol stack with MPTCP 

 

The sequence number at the MPTCP level is called 

data sequence number (DSN). Each packet received at the 

sink has a unique DSN no matter which path it is sent over. 

Hence, the sink can easily sequence and reassemble packets 

from different paths by DSN. 

 

III. GOODPUT IMPROVEMENT FOR MPTCP 

 

A. Problem Analysis 

        In this work, we give special attention on important 

performance metric, i.e., goodput.  The goodput of MPTCP is 

defined as the data throughput of inorder packets forwarded 

by MPTCP to the application layer. Intuitively, we have, 

Goodput =          Size of N in-order packets                    (1) 

                     Total receiving time of N packets 

Next, to find out reasons for poor goodput 

performance, consider two special scenarios of MPTCP. 

Suppose that there are two available paths. Let Γi denote the 

packet sending interval at the MPTCP source for path i, i = 1, 

2. Consider that the throughput of path 2 is smaller than that 

of path 1. Denoting the end-to-end delay of path i by di, we 

Application 

MPTCP 

Subflow(TCP) Subflow(TCP) 

IP 

Network Interface 
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have d1 < d2. Consider a block of N packets with continuous 

DSN numbers, among which N − 1 packets are received on 

path 1 and only 1 packet is from path 2. Such a block of data 

packets is referred to as an in-order unit. Let S and T denote 

the total size in the unit of maximum segment size (MSS) and 

the total receiving time of an in-order unit, respectively. Then, 

we can evaluate the goodput by G = S/T. 

Consider two special cases illustrated in Fig. 3. The 

in order unit comprises 4 packets of DSN numbers 1, 2, 3, and 

4.Suppose that packet 1 and packet 2 are sent at the same time 

to path 1 and path 2, respectively. Fig. 3(a) shows the case 

with D, |d2 − d1| > Γ1. We can easily obtain T = D and the 

goodput, given by 

G = S = Γ2/ Γ1 + 1                                             (2) 

       T       ∆D 

 

 

 

      MPTCP Source                                       MPTCP Sink 

 

 

                                                                                                1 

                                                                                                3 

                                                                                                4 

                                                                                                2 

 

 

(a) General case with ∆D > Γ1 

 

      MPTCP Source                                      MPTCP Sink 

 

 

                                                                                                1 

                                                                                                2 

                                                                                                3 

                                                                                                4 

 

 

(b) Near Optimal case with ∆D <= Γ1 

Fig. 3 Special cases with two transmission path for goodput 

analysis 

Fig. 3(b) shows another special scenario with D ≤ Γ1. In this 

case, the MPTCP sink needs less time to receive all packets 

within the in-order unit. Here, the total time to receive all N 

packets of the in-order unit is just the time for path 1 to 

receive all N-1 packets re-sent over it. Obviously, 

                    G = S = Γ2/ Γ1 + 1                          (3) 

                           T       Γ2 

Actually, Eq. (3) is also the aggregate throughput (denoted by 

γ) over two paths. That is, 

                                     Γ= 1 +   1                                           (4) 

                                       Γ2     Γ1 

This observation implies that goodput is inversely 

proportional to the end-to-end path delay difference ∆D. The 

larger the delay difference between two paths, the longer the 

time that MPTCP sink needs to receive all packets within the 

in-order unit, and the smaller the achievable goodput. To 

approach the upper bound of goodput, which is the aggregate 

throughput of all available paths, we need to minimize the 

end-to-end delay difference among transmission paths without 

exposing the aggregate throughput. 

 

B. Congestion Window Adaptation 

In conventional TCP, the TCP sender maintains a 

congestion window to control the maximum amount of 

packets to send at a time. The indication for packet loss is 

either Timeout or triple duplicate ACKs received from 

receiver. The source node reacts on packet loss and reduces its 

congestion window to bring the traffic load to stability. In 

MPTCP, each TCP subflow maintains its own congestion 

window and triggers a decrease of the congestion window by 

receiving duplicate ACKs. In contrast, the increase of the 

congestion windows of all subflows is controlled by a coupled 

algorithm [4] at the MPTCP flow level. This congestion 

window control algorithm can combine the available 

bandwidth of each path and prevent a MPTCP source from 

taking up too much resource to assure TCP friendliness. In 

this congestion control algorithm, the only reason to decrease 

the congestion window is packet loss indicate d by duplicate 

ACKs. Consequently, the congestion window of each path 

may greatly differ from each other and lead to a large path 

delay difference, which is harmful to the goodput 

performance.              

 

Algorithm:                           Congestion Window Adaptation. 

1. if θ min  <  θ <  θmax then   //High delay ratio detected 

2. i= arg maxp (end-to-end delay of path p) 

3. m=max adaptation limit 

4.      if counti < m then 

5.          cwndi    cwndi/ θ 

6.           if ssthreshi > cwndi then 

7.               ssthreshi = cwndi 

8.           end if 

9.              counti   counti + 1 

10.      else 

11.              counti =0 

12.    end if    

13. end if 
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The algorithm monitors the end-to-end delays of multiple 

paths. Whenever large delay ratio is detected, congestion 

window adaptation takes place at source compared with 

regular TCP, where adaptation takes place only when source 

receives three duplicate ACK. Here, delay ratio refers to ratio 

of maximum path delay over minimum path delay. The 

objective is to decrease the delay ratio in order to increase 

goodput.   

           

   Check for delay ratio between multiple paths 

 

 

                                Is 

                          High Delay             No 

                       Ratio Detected 

                                 ? 

                           Yes                   

              

         Select the path with High RTT 

 

 

          Reduce the congestion window  

            of that path by cwnd/θ              

             

                                

If  

                     ssthreshi > cwndi?        No 

                     

                           Yes 

 

               ssthreshi =cwndi                       cwndi += 1 

                    

                 

               Check for window adaption times  

                with max. adaptation limit 

 

                                     

No            If 

                          Limit exceeded? 

 

                                      Yes       

             Stop window adaptation 

   

         

           Block the path for some period 

 

Fig. 4 Flowchart for Congestion Window Adaptation   

Delay ratio range is from θmin to θmax. Whenever delay 

ratio θ falls in the range, congestion window adaptation takes 

place. Assume path i has maximum delay, so congestion 

window (cwndi) is decreased proportionally to the delay ratio. 

This is done because a larger delay ratio indicates that the high 

delay path is congested. Its congestion window needs to be 

decreased to release traffic and reduce path delay. Here, θmax is 

presented to avoid over-blocking slow path and severely 

risking aggregate throughput. Meanwhile, if ssthreshi > cwndi 

then the TCP slow start threshold (ssthreshi) is updated with 

the new cwndi. Otherwise, cwndi will be recovered quickly 

with the slow start procedure (i.e. cwndi is linearly increased 

by 1 for each successful ACK received at the source). As a 

consequence, it would be hard to guarantee that the congestion 

window of the slow path is decreased for sufficient time to 

reduce the end-to-end delay. 

The above procedure alone cannot reduce the end-to-

end delay variation of multipath variation. This is because 

there are other sources affecting end-to-end delay. The sources 

causing problem are transmission, processing, and queuing 

delays at routers, base stations, and intermediate nodes 

between communication peers. The path delay variation can 

be reduced by decreasing the congestion window of the slow 

path and relieving its carried traffic load. Since the transport-

layer control itself cannot completely eliminate the path delay 

variation, the parameter counti is used to restrict the number of 

continuous reductions of congestion window for a single path 

i by m, which is the maximum adaptation limit. 

After the cwnd of a high-delay path is reduced 

according to Algorithm, the corresponding TCP subflow is 

blocked from sending more packets, because of the gap 

between the original cwnd and the adapted new one, i.e., 

(cwndi − cwndi/θ). The TCP subflow is blocked since the 

highest acknowledged DSN plus the adapted smaller cwnd 

becomes less than the highest DSN of packets that are sent to 

the sink node. This subflow is then blocked for a period T, 

given by 

                           ∆T = (cwndi – cwndi/θ) * Γi.                       (5) 

For instance, when 1 ≤ θ ≤ 3, Γi = 5 ms, and cwndi = 

100 packets, ∆T ranges from 170 ms to 340 ms. During this 

short period, although one slow path is blocked and the overall 

throughput slightly decreases, more significant performance 

gain is achieved for goodput. 

 

 

C. Scheduling Algorithm 

The key design objective for a multipath solution is 

that it should be able to give a good performance under 

various network constraints of dissimilar subflows. Therefore, 

the scheduler, which performs the distribution of the 

individual packets of an application flow over several 

available subflows, is a critical design issue for efficient 
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operation of multipath TCP. As Multipath TCP makes use of 

several paths between two endpoints to transmit data 

simultaneously, an efficient multipath scheduler is required at 

the sender. The scheduler should specify the order in which 

the new data is scheduled on the different flows of an MPTCP 

connection. The scheduling decision is done based on several 

variables such as the capacity of the subflow, the delay on the 

subflow, queue size at the sender or buffer size of a subflow.     

The best approach for an MPTCP scheduler is based on 

hybrid strategy using both push and pull strategy [11]. This 

strategy operates efficiently by allocating data segments to 

active flows with dynamic size. The authors had recognized in 

[11] that the Push strategy based on the Delivery Delay of the 

data segment earns the best performance. In this work, the 

Hybrid Delivery Delay scheduler is presented and compared 

with the Hybrid Acknowledgement (ACK) Delay scheduler as 

well as the basic Pull strategy based scheduler. The operation 

of the different schedulers is showed with the help of Figures 

5 and 6 where it is assumed that the one path has 10 times the 

round trip time (RTT) when compared to the other. To keep 

the explanation simple, data segments per RTT are showed as 

one message. The Pull scheduler simply allocates segments as 

soon as an acknowledgement arrives and hence the cwnd is 

open to transmit new data segments, refer Figure 5(a). On the 

other hand, the Hybrid Acknowledgement Delay scheduler 

aims at allocating data segments in an ordered way based on 

the expected acknowledgment over the two paths.  

 
 

(a) Pull Strategy Scheduler     (b) Hybrid Ack Delay Scheduler 

 

Fig. 5 Pull and Hybrid Ack Delay Scheduler          

 
(a)Hybrid Ack Delay Scheduler (b) Hybrid Delivery Delay      

S                                                        Scheduler      

Fig. 6 Message Sequence Diagram 

 

As showed in Figure 5(b), due to an RTT ratio of 10 

between the two paths, the data segments that would have 

been sent in the 11
th

 RTT slot (shown in red color) are 

scheduled on the path with higher RTT so that its 

acknowledgment arrives near to the acknowledgment of the 

data segments that are scheduled on the lower RTT path in the 

10th RTT slot, as shown in Figure 6(a). It is also clear from 

Figure 6(a) that this strategy will lead to a reordering delay for 

the data segments transmitted on the path with higher RTT as 

it arrives earlier at the receiver than the other data segments 

that are still queued at the lower RTT path. The scheduler 

variant that aims at removing the reordering delay at the 

receiver will have to follow the trend presented in Figure 3b 

i.e., the Hybrid Delivery Delay scheduler. Thus this scheduler 

will reduce the packet reordering time at the receiver.                                                             

 

IV. Analysis and Discussion 

The proposed scheme uses Congestion window 

adaptation (CWA) and packet scheduler for a MPTCP sender. 

CWA could resolve the out-of-order packet issue to some 

extent. The issue with CWA is to select a proper delay ratio 

range.  Packet scheduler tries to reduce the reordering time at 

the receiving end but problem with the scheduler is that it 

needs to know the forward propagation delay over the 

subflow. This is difficult to measure and it cannot always be 

assumed to be half of the round trip time. Similarly, the 

subflow capacity is not known to the sender. These are some 

of the issue which is needed to be resolved. Though the 

capacity may be estimated from the throughput, e. g., based on 

the acknowledgement interval and the amount of bytes 

acknowledged. Any miscalculation or dynamics can cause the 

scheduler to behave non-optimally. Author in [2] used 

network coding to recover packet loss at the sink and in turn 

increase the goodput. In such coding-based schemes, the 

source transmits the original data in one subflow and linear 
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combinations of original data in the other subflow. Thus, the 

redundancy of network coding data is utilized to recover lost 

and delayed packets. However, these schemes require the 

support of network coding in both communication peers. 

  Simulation results show that MPTCP combining both 

CWA and packet scheduler may give better goodput than the 

previous work. Goodput may approach the upper bound of 

aggregate throughput.  

  

V. Conclusion 

In this paper, we combined a congestion window 

adaptation algorithm (CWA-MPTCP) and packet scheduling 

technique to enhance the goodput of MPTCP and decrease the 

receive buffer requirement for the sink node. The adaptation 

takes place only when high delay ratio is detected. By 

reducing delay ratio, high goodput can be achieved for 

multipath transmission over wireless links. The scheduling at 

the sender side helps to reduce reordering time at receiver end.  
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Abstract—There are many existing traditional OS which have 

basic functionalities like managing the interaction between 

hardware and software via drivers, retrieval and modification of 

files on disk etc. But there is a glaring weakness to all these 

traditions OS, as they are designed to work on one single 

computer. This has urged to the need for Web OS. A Web 

Operating System is a Web platform which uses a virtual 

Desktop to interact with the user through a web browser and so 

the software is no longer tied down to a  particular local 

operating system. This amazing technology allows a user to access 

their own virtual desktop from anywhere around the world, 

without even using a network like with a remote PC. In addition, 

you are essentially using the Internet to work as a desktop, rather 

than an actually desktop computer. Web operating systems are a 

great way to access all your data from anywhere in the world 

(provided there is a computer with an Internet connection and a 

Web browser). Web OS is something that resembles an operating 

system on the Internet. Web OS allows to Access Anything from 

Anywhere. And hence it provides true flexibility and mobility 

along with security. 

I. INTRODUCTION  

With the increasing use of high-speed Internet technologies 

during the past few years, the concept of cloud computing has 

become more popular. In cloud computing, users work with 

many Web-based applications, rather than local, storage and 

software. This has lead to concept of Cloud based Web 

Operating Systems, which acts as a Virtual desktop.  

The applications are accessible via a browser and 

look and act like desktop programs. With this approach, users 

can work with their applications from multiple computers. In 

addition, organizations can more easily control corporate data 

and reduce malware infections. Also, Cloud based Web OS 

makes collaboration easier and can reduce platform-

incompatibility problems [1].  

Web OS and its applications run entirely within a 

web browser,but have the look and feel of desktop 

applications. An application's code and data reside remotely 

but are executed and modified locally. The Web OS goes 

beyond basic desktop functionality. It also includes many of a 

traditional OS’s capabilities, including a file system, file 

management, and productivity and communications 

applications [4]. 

II. NEED OF NEW SYSTEM 

The traditional operating systems data cannot be accessed 

from other machines; there is always a threat of OS getting 

corrupted or robbery of that machine. Also the set ups and the 

updating processes need to configured manually. And users 

don't want to spend hours configuring their computers to work 

with every new piece of hardware, or have to worry about 

constant software updates. These problems lead to 

development of the Web Operating Systems [2]. 
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A. Existing Operating System 

 Web operating systems are a great way to access all your data 

from anywhere in the world (provided there is a computer 

with an Internet connection and a Web browser). Web 

Operating System is a Web platform which uses a virtual 

Desktop to interact with the user through a web browser and 

so the software is no longer tied down to a  particular local 

operating system. This amazing technology allows a user to 

access their own virtual desktop from anywhere around the 

world. They are especially handy if you have several 

computers, travel a lot, but want to keep all your stuff in one 

place and want to be able to use your favorite applications as 

well. 

III. SYSTEM ANALYSIS 

System analysis, sometimes called requirement analysis, is the 

process of gathering information about the current system, 

identifying its strengths and problems, and analyzing them to 

produce a concept for the new system. It is the detailed 

appraisal of the existing system.  

The goal of this analysis stage is to truly understand 

the requirements for the new system and develop a system 

concept that addresses them. The analysis that will be done 

would be on how a current system works and the new 

requirement to improve the timetable system. 

During this phase the current system is subjected to a 

thorough examination with the intent of finding its drawbacks 

and thereby improving it through better procedures and 

methods. Any new system or recommendations for change in 

the existing system must lead to improvement. 

Currently there is a need for an OS, which should be 

secured, fast, robust, flexible and mobile. But such the 

traditional OS suffers from many problems, like it’s booting is 

time consuming, data can be corrupted, OS can crack, it is less 

secured, data cannot be accessed from other machine, manual 

configurations of set ups etc. 

So, there is a need of such an OS can will overcome 

all   these limitations and optimizes time and resources in the 

best way [1].  

A. User Analysis 

The user of the system are divided into three categories 

 Admin: The Admin will have the control of the 

whole system. He/she will have all the privileges and 

so can make any changes in the existing system 

 User: The user can manipulate the data but with some 

privileges. He/she has the control over his/her own 

applications, files etc. 

 Guest: The Guest has very limited privileges in the 

system. He/she can browse, read data etc., but cannot 

make any modification in the existing data 

 

B. Product Survey 

One of the Web OS’s predecessors was Tarantella, which the 

Santa Cruz Operation launched in 1993. It was a Unix-based 

X Window System that worked over corporate networks and 

let PCs display a UNIX desktop. However, the technology 

never caught on commercially. Sun acquired Tarantella in 

2005 and integrated it into the SGD.  

In 1992, University of California, Berkeley, 

researchers began work on what, four years later, became Web 

OS. The system delivered OS like functionality via the 

Internet. 

Web OS gained popularity in 1999 when a much 

touted start up, Web OS Inc. (at first known as Hyper 

Office and later known as MyWebOS), was founded by 

Berkeley grad Shervin Pishevar and Emory grad Drew Morris 

[3].  

IV. DESIGN 

The software requirement document is the specification of the 

system. It should include both a definition and specification of 

requirements. It provides a basis for creating the Software 

Requirements Specifications (SRS). 

The SRS is useful in estimating cost, planning team 

activities, performing tasks, and tracking the team’s progress 

throughout the development activity. 

The purpose to create an operating system which is robust, 

secured and can be accessed from anywhere around the world. 
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The Scope of this system is to create a Cloud based Virtual 

Web OS where user gets a Virtual Desktop to interact through 

a web browser; as all its applications run entirely within a web 

browser, the user is no longer tied down to a  particular local 

operating system. Web Operating System allows accessing 

anything from anywhere which gives true flexibility and 

mobility. 

Every software project should be developed with some vision 

in the mind. This will enable any software developer to stay 

connected with the main purpose of software development. 

The Vision of the proposed system is to cause a 

revolution in the way the users interact with their operating 

systems. To create a new Portable Operating System along 

with a new Web Browser which will act as an independent 

platform for Web OS this will be deployed on the Cloud. 

A. Figures 

1. Use case Diagram 

 

 
   Fig1:Use Case Diagram 

2. Class Diagram 

 

  Fig2:Class Diagram 

 

 

3. Deployment Diagram 

                    Fig3:Deployment Diagram  
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Abstract - Cloud computing has transformed the way 
organizations approach IT, it introduce new business  models 
which provides services, with reduce IT costs. Cloud computing 
technologies can be implemented in a wide variety of 
architectures, under different service and deployment models, it 
can coexist with other technologies and software design 
approaches. The domain can use different security, privacy, and 
trust requirements. Everyone wants to use the cloud due to cost 
savings and new agile business models. But when it comes to 
cloud security, it’s important to understand the different threat 
landscape that comes into play. Cloud Computing Security 
Challenges are complex data security, confidential business, 
sharing the same infrastructure data mobility and Data Privacy, 
Lack of disk space and erase existing data, Loss of visibility to 
key security etc. However traditional scheduling approaches have 
been failed to deal with these new addition. The scheduling 
algorithms can be overcome these problems. In the regard of 
cloud security, we will analyze the swarm intelligence (Ant colony 
optimization) can be highly capable to provide better solutions 
for such potentially intractable problems. 

Keywords— Scheduling algorithm, Security, cloud environment, 
data intensive. 

I.  INTRODUCTION  
 Cloud Computing has emerged as a very well-known 

technique to support large and voluminous data with the help 
of shared pool of resources and large storage area. Scheduling 
system in cloud environment is used to facilitate the 
automation of user submitted distributed workflow 
applications in that tasks have precedence relationship. This 
scheduling system is mainly focus on to optimize performance 
with respect to available resource but in data-intensive cloud 
system it require more sophisticated scheduling approaches.  
It relatively complex workflow system where tasks are 
dependent on other tasks and have several requirements for 
data access , process flow, execution cost, data, flexibility, 
time, Quality of Service (QoS) constraints, security constraints 
and availability [1]. In cloud environment security is a major 
requirement as we take a example that In cloud storages, 
different types of data are stored and it also include data 
security sensitive from high to low.  
Considering the different level of sensitivity, all data are 
divided into different level of security. Data which is to be 
secure more it will get highest level of security and vice versa. 
Hence, suppose all data storages is provided with the highest 
level of security, it definitely degrade the overall performance 
of the system. So, for security requirement scheduling 
strategies [3, 5] are inadequate. So in this paper a framework 
is proposed as three security services such as confidentiality, 

integrity and authentication is provided with level of 
sensitivity.ACO paradigm can be implemented to solve 
various optimization and classification based problem such as 
data-intensive scheduling problem in cloud. Ant colony 
optimization (ACO) paradigm [6] is inspired by the natural 
behaviour of ants that live in groups. Data-intensive 
computing is a class of parallel computing applications which 
use a data parallel approach to processing large volumes of 
data typically referred to as Big data[4]. There has been 
various types of scheduling algorithm exist in distributed 
computing system. Most of them can be applied in the cloud 
environment with suitable verifications. 
A. Need of scheduling in cloud 
 Cloud scalability is better than grid. In Cloud services are 
available at lower costs such as compute, storage and 
bandwidth resources. Usually user requirements are scheduled 
by tasks. To overcome the problems of network properties 
between user and resources new scheduling strategies need to 
be proposed. Initially, grids implemented scheduling 
algorithms were being used. Due to the reduced performance 
faced, now scheduling is implemented in cloud.  Cloud 
resource scalability allows real-time provisioning of resources 
to meet application requirements. It enables workflow 
management systems to meet Quality of- Service (QoS). In 
Cloud environment application require very complex 
execution. So these environments are difficult to create on grid 
resources. 
        In this report, we analyze four scheduling algorithms 
applied in cloud using common factors. Our analysis proposes 
swarm intelligence is highly capable to provide better 
solutions for such potentially intractable problems. Therefore, 
an Ant Colony Optimization based scheduling algorithm is 
used to deal with effective security constraint scheduling 
strategy and the experimental results shows that the overall 
performance of proposed scheduling algorithm is better than 
other existing scheduling algorithms on four basic 
measurements: the optimization rate of throughput, cost, CPU 
time and security constraints. The organization of report is as 
follows: section II describes the literature survey, section III 
provides discussion, analysis and comparison. Finally in 
section IV, we present our Conclusion. 

I. LITERATURE SURVEY 
M. R Islam, M. T. Hasan and G. M. Ashaduzzaman[12] has 
defines a scheduling framework along with a mathematical 
model for real time dynamic data intensive applications to 
provide security in grid. This framework defines a security 
gain function in order to measure the security enhancement 
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and provide optimum security for the applications running in 
grid site. The main focus of this proposed framework is to 
provide optimum security to different class of data. K. 
Ranganathan, I. Foster [5] proposes a security overhead model 
to measure the overheads of security services. It improves the 
quality of security and overall system performance. Security 
framework main focus is to improve system performance, 
availability of required security level along with different 
types of security services. Experimental result significantly 
improves security. Hongbo Liu, Ajith Abraham, Vaclav 
Snasel and Seam McLoone[2] Swarm intelligence based 
scheduling approach with security constraints in distributed 
environment has adopted particle swarm optimization 
algorithm for scheduling work-flow on distributed data-
intensive computing environments. Moreover, a security 
constraints model has been introduce to figure out risky job 
associated with scheduler machine. In these proposed a 
security constraints model for distributed data-intensive 
computing, which has identified risky job. Md. Rafiqul Islam, 
Mansura Habiba[1] has define an ACO based scheduling 
algorithm to schedule all tasks in data-intensive cloud 
environment. In case of all existing security constraints model 
for distributed data-intensive computing environment [1,13], 
the requested security level for any job by the user has been 
sacrificed for meeting deadline of that job. It will not be 
always acceptable scenario. User should be given option 
whether he wants to sacrifice the security level in order to 
meet up deadline or he wants to sacrifice deadline in order to 
meet the security level. 

II. DISCUSSION AND ANALYSIS 
Fig 1. shows that, it may have different levels of security 

for different type of data for the user. Therefore, it can reduce 
the cost and maintenance of data intensive security 
infrastructure. Dynamic real time application in distributed 
environment such as cloud or grid should have multi layered 
security infrastructure. 

          
Fig 1  : Secured categories of data in cloud 

 
A. SARDIG Algorithm 
SARDIG algorithm provides security in grid for real time 
dynamic data intensive applications. It provides optimum 
security for the applications running in grid site and also 
defines a security gain function in order to measure the 
security enhancement. However, Cloud security is more 
complex due to three different layers such as IaaS, PaaS and 
SaaS. So it introduced multilayered architecture for security. 

The proposed security framework has also considered data 
intensive service in cloud and defines an algorithm to provide 
different level of security to different class of data according 
to the requirement. The main focus of framework is to provide 
optimum security to different class of data. So for that, data 
have been classified according to the required security 
level[11]. 
 
B. SAREG Algorithm 

1) Scheduling framework  
A Grid can be specified as G = {M1, M2, …, Mn}, where Mi, 
1 ≤ i ≤ n, is a site or cluster[3]. The n sites are connected by 
wide-area networks. The framework is general it can be 
applied to small-scale grids. Each site Mi is represented as a 
vector. There exists a scheduler in each site, and we use a 
distributed scheduling framework rather than a centralized 
one. 

 
Fig 2 : Scheduling framework for SAREG in a computational grid 

 
When workload is high centralized scheduler gives bottleneck, 
result in performance degrades significantly. But in distributed 
scheduling makes a system secure, portable, and capable of 
distributing scheduling workload among an array of 
computational sites in the system [3].  So Each site receive up-
to-date global load information by continues monitoring 
resource utilization of the grid, and periodically broadcasting 
the  local load information to other sites of the Grid. When a 
real-time job is submitted by a user to a local site, the 
corresponding scheduler assigns the job to a group of local 
machines or the job to a remote site within in the Grid. Real 
time jobs are used to accommodate using scheduler queue. 
Each scheduler consists of scheduler queue which maintain by 
admission controller and will place the tasks in the accepted 
queue for further processing. In case no site can guarantee the 
deadline of the submitted real-time job, it will be dropped into 
a local rejected list. The scheduler processes all the accepted 
tasks by its scheduling policy before transmits them into the 
dispatch queue, where the quality of security of accepted jobs 
are maximized. After the quality of security is enhanced, the 
real-time job is dispatched to one of the designated site Mi ∈ 
G. The machines in site Mi can execute a number of real-time 
tasks in parallel. 

2) Security overhead 
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a) Encryption Overhead 
 Encryption is used to encrypt real-time applications 

(executable file) and the data they produced such that a third 
party is unable to discover users private algorithms embedded 
in the executable applications or understand the data created by 
the applications. Suppose each site has ten optional encryption 
algorithms, based on their performance, each cryptographic 
algorithm is assigned a corresponding security level in the 
range from 0.1 to 0.9. For example, level 0.9 implies that we 
use 3DES encryption algorithm, which is the strongest yet 
slowest encryption function among the alternatives.  

b) Integrity Overhead 
       Integrity services make it possible to ensure that no one 
can modify or tamper applications while they are executing on 
clusters. It accomplished by using a variety of hash functions. 
Ten commonly used hash functions and their performance. 
Based on their performance, each hash function is assigned a 
corresponding security level in the range from 0.1 to 1.0. For 
example, level 0.1 implies that we use MD4 algorithm, which 
is the weakest yet fastest hash function among the alternatives. 

c) Authentication Overhead  
    Tasks must be submitted from authenticated users and thus, 
services are deployed to authenticate users who wish to access 
the Grid. This enlists three authentication techniques: weak 
authentication using HMAC-MD5; acceptable authentication 
using HMAC-SHA-1, and fair authentication using CBC-
MAC-AES. Each authentication technique is assigned a 
security level si

a in accordance with the performance. Thus 
authentication overhead ci

a(si
a) is function of security level si

a. 
 
3) SAREG Scheduling Algorithm Steps: 
The goal of the algorithm is to deliver high quality of 

security under two conditions: (1) the security level promotion 
will not miss its deadline; and (2) the security level promotion 
will not result in any accepted subsequent task to be failed. To 
achieve the goal, SAREG strives to maximize security level  of 
each accepted  job while maintaining reasonably high 
guarantee ratios[3]. It attempts to meet the real-time 
requirement of Ji(job). This can be accomplished by 
calculating the earliest start time and the minimal security 
overhead of Ji, followed by checking if all the tasks of Ji can 
be completed before the deadline di . If the deadline cannot be 
met by Mj(machine), Ji is rejected. The security level of each 
task in Ji on Mj is optimized as Recall the security service 
weights and reflect the importance of the 3 security services, 
directly indicating that it is desirable to give higher priorities to 
security services with higher weights. Then, enhancing security 
levels of more important services tends to yield a maximized 
security level of the task on Mj.  In case of a particular security 
service vl  {a,e,g} ,the security level Svl

i,k  while satisfying the 
timing constraints and It  is able to maximize the security level 

of all the tasks in Ji by identifying a site Mk  that provides the 
maximal security level and dispatching Ji to Mk [3]. 

C.Particle Swarm optimization Algorithm 

              
Fig 3 : A simplified data intensive computing environment 

 
Above Fig shows a simplified data-intensive computing 
environment consisting of 4 computing units and 4 data hosts. 
The numbers on the connecting links indicate the 
corresponding connection bandwidths. If there are k available 
data resource sites in the distributed environment, It  can be 
denoted as {D1, D2, . Dk}. Di (i = 1,.., k) can offer the data 
service with security rank srDi. In this job is considered as a 
single set of multiple operations with each operation typically 
allocated to execute on a single machine without pre-emption. 
Each operation has input and output data and processing 
constraints. First constraint is the work-flow each operation 
can only be started after the completion of the previous 
operation in the sequence.  A second constraint is the number 
of cycles needed to complete an operation. The other key 
constraints on operations are security constraints. The 
computing security demand of the operation Oi(i = 1,.., n) is 
then denoted as sdc,Oi and its security demand of data service 
is denoted as sdd,Oi. 

4) Security constraint model 
a)  Secure mode: 

 Schedule operations only on those computing units that can 
definitely satisfy the security requirements. A job is assigned 
to an available computing unit, only if the condition sd < sr is 
met. A similar condition applies to the data service sites for 
the operation. Here sd is the security demand of the operation, 
and sr is the security rank of the computing machine or service 
data resource.. 

b) Risky mode:  
Schedule operations on any available computing unit and thus 
take all possible risks. The risky mode is considered an 
aggressive way to schedule jobs. 

c) -risky mode:  
Schedule operations to available computing units or data 
resources taking at most c risk, where c is a probability 
measure with the extremes c = 0 and c = 1 (i.e., 100%) 
corresponding to the secure and risky modes, respectively. 
The secure mode is in general extremely challenging and 
costly to achieve, hence the risky mode and   -risky mode are 
normally employed when scheduling jobs. It consisting of five 
levels: Very high =5, High=4, Medium=3, Low=2, Very 
low=1. A scheduled operation is considered secure if it is 
assigned to a completely safe machine or data service site (i.e. 
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with sd ≤ sr). If an operation is assigned to a machine or data 
service site with a failure risk (i.e. with sd > sr), the risk must 
be less than 50% in our security constraint model. If 0 < sd - sr 
≤ 1 the scheduled operation will be executed, but when 1 < sd 
- sr ≤2 the scheduled operation will be delayed, but executed 
prior to the execution deadline[2]. If the deadline has passed 
or 2 < sd - sr ≤ 5, the operation cannot be completed and has 
to be re-scheduled. 
 
  
                                0  if sd – sr ≤ 0     
 1 – e-1/2(sd-sr) if 0 < sd – sr ≤ 1 
P(risk) = 
 1 – e-3/2(sd-sr) if 1 < sd – sr ≤ 2 

1                  if 2 < sd – sr ≤ 5                       

 

D.Ant Colony Optimization Algorithm 
Figure 4 shows, the cloud system architecture for job 
scheduling in data-intensive cloud environment. The system 
consists of three different layers such as user layer, Cloud 
Service Provider (CSP) layer and finally Cloud data Storage 
(CDS) layer. 

 
Fig 4 : Scheduling job in data intensive cloud environment 

In this, All UA submits their request to a local queue in user 
layer. For each job TA, resides in CSP layer, computes EET, 
EST, required security value (SV) and deadline (D) for each 
job can be completed within deadline along with required 
security level and if both deadline and security level check 
pass, TA submits the job to waiting queue. Otherwise, that job 
is put into Rejected queue. For job in Rejected queue, TA 
negotiates job within the deadline either minimizing on each 
site. If the user who have submitted the request in order to fit 
the security level or extending deadline and if corresponding 
job can be fitted within optimum security level for the system, 
that job is sent back to waiting queue. Otherwise, the job is put 
into the Rejected queue and UA is communicated to submit 
the request again later. Therefore algorithm mainly focuses on 
performing job within required security level as well as with 
better performance and minimum time overhead. As a result, 
in this security framework, each of the data storage is 
guaranteed with requested security level[1]. If jobs which are 
fitted within their deadline are selected by CSPA from waiting 
queue and put it into Accepted queue and CSP A 
communicates CDSA to initiate data access for the requested 

service by the job. Finally, executor in CDS layer executes the 
application with provided data.  
 

5) Security Constraint Model 
To provide different levels of security we have classified data 
according to their sensitivity levels. Here, data are classified as 
Top Secret (TS) - the most sensitive one, More secret (MS), 
Secret (S), Confidential (C) and Classified (Cl). The data of 
TS class needs highest level of security, on the other hand, the 
data of Cl class requires lowest level of security. Our target is 
to ensure adequate level of security for all types of data and 
optimize the performance of the system. For different classes 
of data different security levels (from 0.2 to 0.9) are 
considered as shown in Table 2. 

Table 2 :Security levels of classes of data 
Class of data Cl C S MS TS 

Required 
Security Level 

0.2 0.4 0. 0.8 0.9 

Mechanism/or Defining Security Level before storing data in 
cloud data owner should negotiate the security level for 
corresponding data with TA resides in CSP layer. TA will 
define the security level for the data.  
 

6) Security Value 
 Security value for each job to be scheduled is defined using 
Eq. (4). Therefore, if ith job is to be scheduled, then the 
security value SVi is as following : SVi = (wc  *(Sac

i + Sdc
i ) + 

wg *( Sag
i + Sdg

i ) +wa  *(Saa
i
 + Sda

i))     ...(4) 
   Here, wc, wg and wa are the priority for 3 security services, 
such as confidentiality, integrity and authentication 
respectively. All of the three priority weights can take any 
value within the range |0, 1|. If the value of priority weight for 
any security service is 0, it means corresponding security 
service should not be provided for the particular job.  
 

7) Security Overhead 
It is calculated as the summation of the difference between 
deadline and estimated execution time. For ith job the security 
overhead can be computed from Eq. (5). Here Di is the 
deadline for ith job and EST; is the estimated execution time 
for ith job. 
           SVi

overhead= Di- ESTi       ......  (5) 
If SVi

overhead < 0, the corresponding job cannot be performed 
within deadline. Such job will be dropped and rescheduled 
later. 

8) Security Gain Function 
For N jobs the security gain can be computed as Eq. (6). In 
this environment all jobs are provided with either the 
maximum security level or optimum security level. In these 
requested security level has been considered for each job and 
for the rescheduled job either optimum security level or 
previously requested security level has been chosen according 
to the agreement of user. Therefore, the security gain has 
increased and has a positive impact on the throughput of 
environment. 
             SVg = ∑N

i=0 (SVi
opt – SVi)       ……….(6) 

Here, SVi is the requested security level and SVg is the 
security gain will be used for that job with requested security 
level more than optimized security level. 
 

IJMER; ISSN: 2277-7881; IF-2.735; V:5.16; Vol 3, Issue 3(7), March 2014

74 International Journal of Multidisciplinary Educational Research



9) ACO Algorithm Steps : 
The ACO algorithm starts with the initialization of all 
parameters and pheromone (line1). There are three pheromone 
algorithm, i.e. τi,j  is the desirability of mapping ith task to jth 
resource from the perspective of execution time, δi,j  is the 
desirability from the perspective of cost, φi,j is the desirability 
from the perspective of security. The algorithm iterates until 
the stopping condition set by CSPA is met  According to basic 
concept of ACO  [1], at the beginning of each iteration a group 
of ants are initiated and each ant starts with selecting one of 
heuristic from time, cost, security or overall-greedy. Then 
sequence of task according to the DAG in the waiting queue is 
built. For each task, corresponding deadline (D), estimated 
starting time (EST) and estimated execution time (EET) are 
computed. For the current job as well as the EFT for the 
predecessors is computed to determine whether the schedule 
can satisfy the precedence relationships defined in the DAG 
task graph. If the condition is satisfied the job is allocated with 
suitable resource. Afterwards, the EFT and EST of succeeding 
jobs are computed. Than, for each task the requested security 
services are sorted according to the demanded priority weight 
for security services. Required security value for ith Job is 
computed. Optimized security overhead is chosen from 
heuristic. A job is dispatched to be scheduled if and only if it 
can be completed within it's deadline as well as the required 
security value is less than or equal to optimized security value. 
To maintain overall performance the security gain as well as 
security overhead for each task is computed. Finally, the 
system is balance to deal with security gain. If the job cannot 
be performed within deadline and requested security value (S) 
is less than the security value after balancing security 
overhead, than job is rejected. Failed tasks are rescheduled 
after proper negotiation to compromise either security value or 
deadline. Later CSPA negotiates with user to fit the job with 
deadline and security level and put that in waiting queue 
again. Now, a local update of all four pheromone is done to 
increase the diversity of ACO. If the condition is not met or 
negotiation is unsuccessful, The job is dropped and put in to 
the Rejected queue. Finally the selected job is executed. 
Afterward, when all ants have built their solution a global 
update is performed to increase the pheromone towards the so 
far best solution. This global update enhances the convergence 
of the algorithm. At the end, Best Solution is selected from the 
solution set according to the user preference. 
 
Table 2: the comparison between different existing scheduling algorithms 

Paramet
ers 

SAREG SARDIG PSO ACO 

Categoriz
ation 

Geographic
ally 

distributed 
resources 

Geographic
ally 

distributed 
resources 

Swarm 
Intelligence 

 Swarm 
Intelligence 

Inspiratio
n 

Inspired by 
collection 

of 
computer 
resources  

Inspired by 
collection 

of 
computer 
resources  

Inspired by 
the 

movement 
of birds in 
flocks or 
fishes in 
school 

Inspired by 
the 

behavior of 
ants in their 

local 
proximity  

 
Security 
services 

It provide 
optimum 

encryption, 
authenti- 

security 
modes: 

Confidentia
lity, 

security cation and 
integrity 

check 

Secure 
mode, risky 

mode, 
-risky 
mode 

integrity 
and 

authenticati
on 

Scheduli
ng 

Problems 

it should 
give correct 

and good 
DGEs  

it should 
give correct 

and good 
DGEs  

It is like 
NP hard 

optimizatio
n problem  

 It is like an 
NP hard 

optimizatio
n problem  

 
Proposed 
Security 

Framewo
rk 

It provide 
different 
levels of 
security  

It is 
distributed 
system and 
maximize  
quality of 
security 

given to a 
job 

It  uses 
security 

constraints 
model  

It provides 
appropriate 

level of 
security to 

data 
according 
to level of 
sensitivity 

System 
Architect

ure  

It is multi 
layered 

architecture 

 It is  a set 
of sites, 

each 
consists of 
processor 

and storage 

A 
simplified 

data 
intensive 

computing 
environmen

ts 

It is 3 
layers 

architecture   

Scheduli
ng job 
with 

deadline  

Job not 
meet the 
deadline. 

Than job is 
dropped 

 Job not 
meet the 
deadline. 

than 
dropped job 

into 
rejected list 

In this if 
deadline is 
passed we 

have to 
reschedule 

the job 

We can 
expand 
deadline 
through 

negotiation 

Security 
Constrain

ts 

It also have 
different 
levels of 
security 

 encryption 
has 9 levels 
, integrity 

has 10 
levels , 

authenticati
on has 3 
levels 

security 
levels: very 
high, high, 
medium, 
low, very 

low.  

security 
levels for 
classes of 

data as : CI, 
C , S ,MS, 

TS 

Security 
value 

 not used used  
            
       

 On  
demand 

 used 
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e 
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The 
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better for 

larger 
dataset. 

It give 
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e than other 
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Through

put 
Less Less Less More  

 

IV  CONCLUSION 
 We analyzed four scheduling algorithms applied in cloud 
using common factors as architecture, security framework 
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scheduling types, problems, etc. Our analysis proposes work 
for scheduling jobs at the same time for increasing the security 
level of the environment and with respect to simulation result 
shows that ACO algorithm provides better success rate within 
required security rather than existing algorithms. This 
algorithm ensures no vulnerability to security of data as well 
as confirms the job to be scheduled within deadline. 
Moreover, it also provides a good balance between global and 
local exploration for optimized security value. Therefore, 
empirical results demonstrate that ACO algorithm is effective 
and feasible. From our comparative study we can say that 
ACO based scheduling algorithm is novel approach towards 
cloud security. 
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Abstract— Producing agricultural products are difficult task 

as the plant comes to an attack from various micro-organisms, 

pests and bacterial diseases. The symptoms of the attacks are 

generally distinguished through the leaves, steams or fruit 

inspection. The present paper discusses the image processing 

techniques used in performing early detection of plant diseases 

through leaf features inspection. The objective of this work is 

to implement image analysis and classification techniques for 

extraction and classification of leaf diseases. Leaf image is 

captured and then processed to determine the status of each 

plant. Proposed framework is model into four parts image pre-

processing including RGB to different color space conversion, 

image enhancement; segment the region of interest using K-

mean clustering for statistical usage to determine the defect 

and severity areas of plant leaves, feature extraction and 

classification. texture feature extraction using statistical 

GLCM and color feature by means of mean values. Finally 

classification achieved using SVM. This technique will ensure 

that chemicals only applied when plant leaves are detected to 

be effected with the disease. 

        Keywords: citrus; canker; anthracnose; co-occurrence 

matrix; SVM; texture feature. 

 

I. INTRODUCTION  

 

  Agriculture is the mother of all cultures. It has played an 

important role in the development of human civilization. 

The focus on enhancing the productivity, without 

considering ecological impacts has resulted into 

environmental degradation. Without any adverse 

consequences, improvement of the productivity can be done 

in a sustainable manner. Plants exist everywhere we live, as 

well as places without us. Lots of them carry significant 

information for the development of human society. As 

diseases of the plants are inevitable, detecting disease plays 

a major role in the field of Agriculture [1]. Plant leaf disease 

is one of the crucial causes that reduces quantity and 

degrades quality of the agricultural products. Currently 

chemicals are applied to the plants periodically without 

knowing the requirement of plants.  

Common symptoms are includes abnormal leaf growth, 

color distortion, stunted growth, shriveled and damaged 

pods. Although diseases and insect pests can cause 

considerable yield losses or bring death to plants and it’s 

also directly affect to human health. These require careful 

diagnosis and timely handling to protect the crops from 

heavy loses [2]. In plant, diseases can be found in various 

parts such as fruit, stem and leaves. Leaf presents several 

advantages over flowers and fruits at all seasons worldwide 

[3, 4]. 

This enables machine vision to provide image based 

automatic detection and guidance. This paper is organized 

into the following sections. Section 1 gives an introductory 

part and importance of leaf disease detection. Section 2 

describes various types of leaf diseases and its symptoms. 

Section 3 presents a detailed discussion on recent work 

carried out in this area. Section 4 includes proposed 

methodology for leaves disease extraction and classification 

which represents a brief review on various image processing 

techniques. Section 5 shows experimental result. Finally, 

Section 6 concludes this paper along with possible future 

directions. 

 

II. PLANT  DISEASES ANALYSIS  AND  ITS SYMPTOMS 

 

Proposed work focusing on citrus trees which include 

grapefruit, lemons, limes and oranges leaf attack by various 

citrus diseases. Some citrus leaves diseases and it’s 

symptoms as shown below: 

A. Citrus canker 

Citrus canker is spread by wind driven rain. Typical citrus 

canker lesions on plant leave having range from 2-10 mm in 

size and seem as concentric circles on the underneath of the 

leaf. Often lesions will be encircled by a water-soaked 

margin and yellow color halo. As canker lesion matures, it 

may lose it palpable roughness but concentric circles still 

visible. The yellow halo eventually changes to dark brown 

or black color. Water-soaked edge adjoining the lesion may 
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reduce as shown in fig.1 (a). The middle of the lesion will 

be rough in texture with a pimple-like point. Always found 

in both sides of the leaf with the exception of very young 

lesions. 

B. Anthracnose 

Anthracnose is a key colonizer of injured and senescent 

tissue. The micro-organism grows on lifeless wood in the 

canopy, and then spreads short distances by heavy dew, rain 

splash, and overhead irrigation. Common symptoms are a 

more or fewer circular, flatted area, light tan in color with a 

prominent purple margin as shown in figure 1(b). 

C. Overwatering  

IT is another cause of unhealthy leaves due to 

overwatering. Large amount of water can cause curl leaves, 

turn yellow color and drop as shown in fig.1(c). 

D.  Citrus greening disease 

Leaves with yellow veins formation is the most 

characteristic symptom of citrus greening disease. Some 

times look like leaf deficiency as shown in fig.1 (d). 
          

                           
             (a) Canker                                     (b) Anthracnose 

                                   
               (c) Overwatering              (d) Citrus Greening  
            

 Fig. 1.  Citrus leaves diseases 

 

III. LITERATURE REVIEW  

 

A Proliferation of literature is available in plant leaf 

disease detection. We will highlight some of the key 

contributions.  

A methodology for detecting plant diseases early and 

accurately using diverse image processing techniques has 

been proposed by Anand H.Kulkarni et al. [1], in which 

Gabor filter has been used for feature extraction and ANN 

based classifier has been used for classification with 

recognition rate up to 91%. F. Argenti, et al. [2] proposed a 

fast algorithm for calculating parameters of co-occurrence 

matrix by supervised learning and maximum likelihood 

method for fast classification. Homogenize techniques like 

canny and sobel filter has been used to identify the edges by 

P.Revathi et al. [3]. Then these extracted edge features have 

been used in classification to identify the disease spots. 

Proposed homogeneous pixel counting technique for cotton 

diseases detection (HPCCDD) algorithm has been used for 

categorizing the diseases. They claim the accuracy of 98.1% 

over existing algorithm.  Tushar H Jaware et al. [4] 

proposed a novel , improved k-means clustering technique 

to solve low-level image segmentation. Spatial gray-level 

dependence matrices (SGDM) method has been used for 

extracting statistical texture features by Sanjay B. Dhaygude 

et al. [5] also RGB images have been converted into Hue 

Saturation Value (HSV) color space representation and 

showed the H, S and V components. Mokhled S. Al-

Tarawneh [6] presented an empirical investigation of olive 

leaf spot disease using auto-cropping segmentation and 

fuzzy c-means classification. RGB to LAB color space and 

median filter used for image enhancement.  At end present 

comparative assessment of fuzzy c-means and k-mean 

clustering. 

S.M.Ramesh, et.al.[7] proposed new technique for 

enhancement of color images by scaling the discrete cosine 

transform coefficients. Provides better enhancement 

compared to image capture by digital camera if resolution 

improper. Back-propagation (BP) networks have been used 

to classify the grape and wheat diseases by Haiguang Wang 

et al. [8]. Also principal component analysis (PCA) has 

been used to reduce dimensions of the feature data. A. 

Menukaewjinda et al. [9] tried another ANN, i.e. back 

propagation neural network (BPNN) for efficient grape leaf 

color extraction with complex background. They also 

explore modified self organizing feature map (MSOFM) and 

genetic algorithm (GA) and found that these techniques 

provide automatic adjustment in parameters for grape leaf 

disease color extraction. Support vector machine (SVM) has 

been also found to be very promising to achieve efficient 

classification of leaf diseases. Detection of unhealthy region 

and classification using texture features has been proposed 

by S. Arivazhagan, et al. [10]. Their algorithm has been 

tested on ten species of plants namely banana, beans, 

jackfruit, lemon, mango, potato, tomato and sapota. 94.74% 

accuracy has been achieved by Support vector machine 

(SVM) classifier.  

A Research of maize disease image recognition of corn 

based on BP networks effectively identified by Song Kai et 

al. [11]  where YCbCr color space technology is used to 

segment disease spot, Co-occurrence matrix (CCM) spatial 

gray level layer is used to extract disease spot texture 

feature, BP neural network has been used to classify the 

maize disease. The applications of K-means clustering as 

well as BP neural networks had been formulated for 

clustering and classification of diseases that affect on plant 

leaves by H. Al-Hiary, et al. [12]. They provide adequate 

support for accurate detection of leaf diseases. 

IV. PROPOSED METHODOLOGY 

 

There are five main steps used for the detection of plant 

leaf diseases as shown in fig.2. The processing scheme 

consists of image acquisition through digital camera or 
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scanner, image pre-processing includes image enhancement, 

image segmentation where the affected and useful area are 

segmented, feature extraction and classification. Lastly the 

presence of diseases on the plant leaf will be identified. 

Here we present step by step approach for segment the 

diseased image and extract its features. 

A. Image Acquisition 

Firstly, the images of various leaves acquired using a 

digital camera with required resolution for better quality or 

by scanner. The input photo image is then resized to 

256x256 pixels. The construction of an image database is 

clearly dependent on the application. The image database 

itself is responsible for the better efficiency of the classifier 

which decides the robustness of the algorithm. 

B.  Image Pre-processing 

Image pre-processing is the lowest level of abstraction 

whose aim is to improve the image data that suppress 

undesired distortions as well as enhances some image 

features which is important for further processing and 

analysis task. It includes color space conversion and image 

enhancement.  

 

 
 
 
 
 
 
 
 
 
 

 

 

 

 

 
Fig. 2.  Proposed Methodology 

 

1) Image enhancement: Direct observation of color 

images is often strikingly different as human visual 

perception computes the conscious representation. A simple 

approach in the block (DCT) Discrete Cosine Transform 

domain for enhancing color images by scaling the transform 

coefficients i.e. color enhancement by scaling (SF-CES) .  

The unique feature is that it uses chromatic and luminance 

component which improves the visual quality of the images 

to a great extent. It provides better enhancement for color 

images as shown in fig.3. There are also other advantages 

for using this algorithm such as adjustment of local 

background brightness by scaling DC coefficients, 

preservation of local contrast by scaling DC and AC 

coefficients, preservation of color by Scaling DC and AC 

coefficients using function including all three colors 

information [7].  

 

         
a)      Original image      b) CES Ehnhanced  

Fig.3. Image Enhancement using CES 

 

2) Colorspace conversion: This block play important 

role in leaf spot detection because it defines the needed 

color transformation that will be used in cluster separation. 

The RGB images of citrus leaf are converted into color 

space representation. The principle of color space is to 

facilitate the specification of colors in some standard, 

generally accepted way.  

There are various color space available such as CIELAB, 

Ycbcr, HSV. Color transformation determines the 

luminosity and chromaticity layers which classify colors 

according to human vision system and that very useful in 

subjective analysis of leaf images judgment. RGB is an 

ideal for color generation while HSV model is an ideal tool 

for color perception [5]. Hue is a color attribute that 

describes pure color as perceived by an observer. Saturation 

refers to relative purity or the amount of white light added to 

hue. Value means amplitude of light.  

 

 
 
Figure 4: An example of K-Means clustering output for a citrus leaf that is 

infected with anthracnose disease. (a) Original image , (b) Enhanced image, 

(c) Ycbcr color space conversion, (d, e, f) pixel of the first cluster shows 
green part of leaf while second and third clusters shows disease part 

respectively. 

I. Image Acquisition 

 
1. Pick up a leaf from plants 

 
2. Capture digital leaf image 

 

II. Image 

Preprocessing 

 
 

 

 

IV. Feature Extraction 

using   GLCM 

V. Classification 

Image Enhancement 

using SF-CES 

Color-space 

conversion  

 

III. Image 

Segmentation using 

K-mean clustering 
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a) YCbCr : YCbCr color system is a common color 

system used here which is applied by the most widely used 

JPEG image as well as for digital video. In this color space 

system, luminance information is stored as a single 

luminance component ‘Y’, and chrominance information is 

stored in two color-difference components i.e. Cb and Cr. 

Where Cb represents the difference between blue 

component and reference value. Cr represents the difference 

between red component and a reference value. It is used in 

bandwidth reduction, sub sampled, and also treated 

separately for improved system efficiency [12]. RGB color 

transformation into YCbCr implemented and the result as 

shown in fig.4.  

b) L*a*b* : L*a*b* color space chosen due to the 

uniform distribution of colors as it visualize same as human 

perception of color [6]. It consists of a luminosity layer 'L*', 

chromaticity layer 'a*' represents red-green axis and 

chromaticity-layer 'b*' represents where the color place 

along the blue-yellow axis. RGB color transformation into 

L*a*b* implemented and the result as shown in fig. 5. 

 

 
 
Figure 5: An example of K-Means clustering output for a citrus leaf that is 

infected with anthracnose disease. (a) Original image , (b) Enhanced image, 

(c) LAB color space conversion, (d, e, f) pixel of the first cluster shows 
green part of leaf while second and third clusters shows disease part 

respectively.  

 

C. Image Segmentation 

      Image segmentation is process used to simplify the 

representation of an image into something that is more 

meaningful object of interest from background and easier to 

analyze. Segmentation is also done through feature based 

clustering [8]. Basic clustering k-means algorithm is used 

for segmentation in textured images [6].Creating device-

independent color space conversion as discussed in previous 

phase in which coordinates used to specify the color. 

The K-means clustering algorithm used to classify pixels 

based on a set of features [4, 12]. The classification 

achieved by minimizes the sum of squares of distances of 

the objects and the corresponding cluster. Distance between 

each object Xi and cluster centre calculating as:  

 

 
 

Distance between data i and cluster j is d (xi, mi) and 

mean of objects calculating as: 

 
Where, Ni is the number of current cluster i , 

 

However, K-means clustering is used to separate the leaf 

image into different clusters if a leaf contains more than one 

disease. The suitable color group numbers lead to the better 

color extraction [9]. An example of K-Means clustering 

output for a leaf infected with citrus anthracnose disease 

shown in fig. 4, 5, and 6 with different color space.  

It is observed from figure 5 and 6 where cluster 1 and 2 

contains infected object of canker anthracnose disease and 

clusters 3 contain green part of leaf using Ycbcr and Lab 

color space. 

D. Feature Extraction 

After segmentation the area of interest i.e. diseased part 

extracted. The aim of this phase is to find and extract 

features that can be used to determine the meaning of a 

given sample. Image features usually include color, shape 

and texture features in image processing [2]. Texture is one 

of most popular features for image classification and 

retrieval. Currently most of the researchers targeting plant 

leaf texture as the most important feature in classifying 

plants.  

In this part, we present a statistical method using GLCM. 

This method allows computing some statistics describing 

texture. In this section, different statistics used to describe 

texture after construction of the GLCMs present.  

 Gray-Level Co-Occurrence Matrix (GLCM) :GLCM is 

the statistical method of investigative texture which 

considers the spatial relationship of pixels [10]. The GLCM 

functions characterize the texture of a leaf image by 

calculating occurrence of pixel in an image with specific 

values and in a specified spatial relationship. By creating a 

GLCM followed by extracting statistical measures from this 

matrix. 

Gray-Level Co-Occurrence matrix creation : 

Graycomatrix function creates a gray-level co-occurrence 

matrix (GLCM) by calculating occurrence of a pixel value i 

with the pixel value j in a specific spatial relationship. 
Specifying the Offsets: To create number of GLCMs, have 

to specify an array of offsets. Offsets describe pixel 

relationships of varying direction and distance such as four 

directions viz. horizontal, vertical, two diagonals and four 
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distances. Represent these offsets as integer’s p-by-2 array. 

Each row in an array is a two-element vector i.e. 

[row_offset, col_offset]. 

Derive Statistics from a GLCM: Here, statistics derived 

from GLCMs using the graycoprops function. Hence, we 

will see statastics viz. contrast, energy, homogeneity and 

entropy [5, 11]. 

1) Contrast: Contrast measures intensity contrast 

of a pixel and its neighbor pixel over the entire image. If the 

image is constant, contrast is equal to 0 while the largest 

value can be obtained when the image is a random intensity 

image while that neighbor intensity and pixel intensity are 

very different.  Equation of the contrast is as follows: 

 
 

2) Energy: Energy is a measure of uniformity with 

squared elements summation in the GLCM. Range is in 

between 0 and 1. Energy is 1 for a constant image. The 

equation of the energy is shown: 

 

3) Homogeneity: Homogeneity measures the 

closeness of the distribution of elements towards the 

diagonal in the GLCM. It’s range in between 0 and 1. 

Homogeneity is 1 for a diagonal GLCM. The equation of 

the contrast is as follows: 

 

 4) Correlation: Correlation measures how correlat a 

pixel to its neighbor pixel over the whole image. Range is in 

between -1 and 1. 

 
Where , 

Pij = Element i,j of the image 

N  = Number of gray levels  

 

µ = mean value of all pixels in the relationships that 

contributed to the GLCM, it is calculated as:  

 
Б 

2
 = variance of the intensities of all reference pixels 

calculated as:  

 

 

RGB representation of image is used for color textures 

features extraction. Features vector (FV) is computed by 

features extraction (FE) for every R (Red), G (Green) and B 

(Blue) color channel.  

E. Classifier  

       The Support Vector Machine (SVM) classifiers 

differentiate citrus leaf disease i.e. canker and anthracnose. 

It constructs a hyper plane in a high dimensional space that 

can be used for classification. Good separation is achieved 

by the hyper plane that has the largest distance to the nearest 

training data point. In general larger the margin lowers 

the generalization error of the classifier. The feature vector 

is given as input to the classifier. This method differentiates 

and identifies the citrus canker and citrus anthracnose. 

Classification and recognition randomly divide database for 

training and testing. Both subsets have the random samples 

from the same distribution. Training dataset consist of 200 

sample images of both citrus leave i.e. canker and 

anthracnose and testing dataset consist of 50 images of each 

disease sample. The classifier train on the training set 

applies it to the testing set and then measure performance by 

comparing the predicted labels and give decision as canker 

and anthracnose as shown in fig.7. 

 

 
Fig.7. Classifier types 

 

V. EXPERIMENTAL RESULTS 

 

TABLE I. TRAINING AND TESTING SET 

Classifiers 
No. of images used 

for training 

No. of images used 

for testing 
Total 

SVMRBF  

200 

 

100 

     

300 
SVMPOLY 

 

TABLE II. FAR, FRR AND GAR RATE 

Classifiers FAR% FRR% GAR% 

SVMRBF 4% 3% 96% 

SVMPOLY 5% 6% 95% 

        

     The reference citrus leaf images database is created and 

on that database different classification techniques are 

applied such as support vector machine (SVM) with radial 
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basis kernel and polynomial kernel and several experimental 

results are obtained. The different training and testing 

samples are used while performing training and testing 

using classifier mention in table-II and the accuracy of the 

system is based on the performance evaluation parameter 

i.e. false acceptance rate (FAR) is 4%, false recognition rate 

(FRR) is 3% and the genuine acceptance rate (GAR) is 96% 

for the SVMRBF classifier. The false acceptance rate (FAR) 

is 5%, false recognition rate (FRR) is 6% and the genuine 

acceptance rate (GAR) is 95% for the SVMPOLY classifier.  

 

 
Fig. 8. Graph for the classification accuracy     

 

VI.  CONCLUSIONS 

 

 This paper presents a number of image processing 

techniques to extract diseased part of leaf. SF-CES provides 

better enhancement of color image, Lab and Ycbcr color 

space supports K-mean clustering for disease part extraction 

through the means of clusters. Then GLCM texture feature 

and color textures features are extracted for further 

classification purpose. Finally classification based on SVM.  

 With this method, the use of harmful chemicals on 

plants can be reduced and hence ensure a healthier 

environment. We should make further research on test 

equipment, image processing and analysis method to 

achieve better detection accuracy with different plant 

species. 
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Abstract— Human Computer Interaction (HCI) has become 

one of the most active research areas in the past few years. Many 

existing techniques are based on hand gesture and usage of 

dedicated hardware. However, these methods have limited 

response because they either are costly or have low efficiency. In 

this paper, we propose handling basic Windows OS operations 

using gesture input in which the object is decided by the user and 

based on its trajectory, we detect gestures. These gestures are 

used as a real time input to the windows operating system based 

on which the assigned tasks are performed. The choice of 

assigning a specific gesture to a specific operation is customizable 

to the user. The proposed algorithms are CAMshift algorithm 

and SURF algorithm. CAMshift is a fast and effective algorithm 

for real-time object tracking based on its color. The event of 

object loss is detected using Bhattacharya distance method and to 

re-detect the object we use the SURF algorithm which is gray 

scale based and transformation invariant. This proposed method 

aims at achieving a low cost and more efficient secondary input 

based solution for HCI as compared to existing technologies. 

Keywords—CAMshift, gesture, object detection, SURF, 

tracking 

  

I. INTRODUCTION 

Target tracking is attracting increasing attention in fields of 

video and image processing due to the prospect of wide 

applications and significant role it plays in industrial 

applications. Object tracking can be used for Human 

Computer Interaction. Object tracking can be divided into 

series of steps, such as object representation, feature selection 

for tracking, object detection, background subtraction, and 

object segmentation. Object trackers can be categorized into 

three different categories such as point trackers, kernel 

trackers and silhouette trackers. Point tracking methods can be 

further sub-categorized into deterministic methods such as [2] 

and statistical methods [3]. Kernel based object tracking 

methods are Mean Shift tracking [4], and Continuously 

Adaptive Mean Shift tracking (CAMshift) [1,5]. Eigen-

tracking [6] and Support Vector Machines [7] are kernel based 

methods for multi-view appearance models. Silhouette 

tracking methods are divided into contour evolution methods 

[8] and shape matching methods [9]. CAMshift (Continuously 

Adaptive Meanshift) is a target tracking algorithm proposed 

by Bradski [10] that uses color histogram as its target model. 

This algorithm may not be easily influenced by the changes in 

the shape of the target as the histogram of a target picture is 

the recording of color probability and hence can effectively 

solve the problem that the target is moving or partly sheltered. 

Besides, this algorithm can achieve the purpose of target 

tracking fast, since it can reduce computation time by using 

the gradient descent method. CAMshift solely relies on back 

projected probabilities therefore it can fail in cases when the 

object’s appearance changes (e.g., due to object or camera 

movement, or due to illumination and some other 

environmental changes), when similarly colored objects have 

to be re-detected or the target and background are alike in 

color or the target might be lost in dynamic background

 In this paper, we propose an idea of using Object 

detection and Tracking algorithm for Human Computer 

Interaction. For the purpose of object detection and tracking 

we are using Improved CAMshift and SURF algorithms. The 

traditional CAMshift algorithm only uses the color 

information, while other factors, such as motion information 

and texture features, are not considered at all. Previous studies 

[11,12] all use SIFT (Scale-invariant feature transform) as 

matching algorithm which is slow in computation. We 

propose a method to judge whether the target in CAMshift is 

lost or not. Once the target is lost, we can re-match the target 

using SURF (the Speeded Up Robust Features) algorithm. 

SURF is a feature-matching algorithm which has the 

characteristic that it can remain invariant to target rotation, 

scale zoom and brightness variations. The proposed method is 

able to accurately locate and track targets. This method is 

significantly superior to traditional CAMshift algorithm, and 

has good robustness as well. We describe the CAMshift 

algorithm along with the improvement in section II. The 

SURF algorithm is explained in section III. Section IV 

explains how to integrate CAMshift and SURF algorithms. 

Section V describes the application which is being developed 

that will use these algorithms for Human Computer 

Interaction. 

II. CAMSHIFT 

CAMshift (Continuously Adaptive Meanshift) is based on a 

robust non-parametric technique for climbing gradient to find 

the mode (peak) of probability distributions called Meanshift. 

Meanshift algorithm is based on the characteristics of the 

distribution of all kinds as well as the color information 

searches centre point of the object. Meanshift algorithm 

doesn’t update the size of search window and prone to 

converge to local maximum. These demerits are corrected in 

CAMshift algorithm. 
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A. CAMshift Algorithm 

CAMshift uses color information to track the moving target 

and is mainly based on Back Projection calculation and Mean 

Shift algorithm [13, 14]. The color histogram is used to show 

the color distribution (information) in the image. CAMshift 

uses color histogram as its target model. Suppose an image 

contains n number of pixels and each pixel has associated with 

a set of values of Hue (H), Saturation (S) and Value (V). Let 

us consider the histogram to be an m-bin histogram meaning 

every partition in the histogram contains m number of 

samples. The H value of each pixel is counted into the 

histogram only if the S and V values of that pixel are under 

the initial thresholds; else the H is counted directly as 0. We 

define the H, S and V values of each pixel as{hi}i=1...n ,{si}i=1...n 

and {vi}i=1...n, the histogram is{qk}k=1...m, and define a function 

c: R
2
 →{1...m}that associates to the pixel at location x∗

i and 

the histogram bin index c(x∗
i).Then we compute the color 

histogram as : qk=  

.

      (1)  

u (t)= .  (2) 

 

δ(t)=   .          (3) 

The color probability distribution of a part of an image 

represents the probability of it being the target. For better 

observation, every value in the function is multiplied by 255 

to make up a gray image. This is known as Back Projection. 

Back projection is generated by the color histogram. Let the 

back projection value of each pixel be {bi}i=1...n, then the 

formula of computing back projection is  

 bi = ∗255.  (4)   

CAMshift uses an elliptical search window and the calculation 

of window’s location is a converging process. Each time the 

new window is computed according to the window of the last 

frame, and the new window is located when the difference of 

the two windows is below a pre-set threshold. The specific 

procedure in mathematical form is shown below, where I(x, y) 

is each pixel’s value in back projection.             

0-order moment:  M00 =   (5) 

1-order moment:  M01 =   (6)

  M10 =   (7)       

2-order moment: M20 =   (8)

  M11 =   (9)

  M02 =   (10)            

Now the centre’s coordinate of the search window is 

 xc=   yc=    (11) 

As the search window is ellipse-sized we need the length l and 

the width w which are calculated as 

 l=  

 w =   

where a =  - xc
2
,b = 2(  - xcyc), c =  - yc

2
. 

 This procedure continues until the window converges.

    

 
 Fig. 1 Block Diagram of CAMshift algorithm 

B. Improvement in CAMshift Algorithm 

CAMshift is not robust against the background’s noise i.e. 

when illumination changes during the tracking. For different 

illumination we need to artificially set the thresholds of S and 

V in the initializing period in order to maximize the effective 

pixels.  In this paper we propose an improved CAMshift 

Algorithm to solve the above problem. The new algorithm is 

able to adjust the thresholds of S and V adaptively against the 

environment changes. The algorithm ignores those pixels with 

high S values when under a strong illumination and also those 

with low S are ignored when under weak illumination. 

Considering the above case we respectively change the 

thresholds of S and V after the search window is initialized. 

When the ratio of back projection value between the whole 

image and the search window reaches the minimum, the 

adjustment finishes. Sometimes only part of the object is 

recognized with this method because both the pixels inside and 

outside the search window would decrease when the thresholds 

of S and V change, then there are too few pixels to represent 
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the whole object. This problem can be solved by calculating 

the ratio of the effective pixels to all the pixels in the search 

window. We set its minimum value to 0.3 so as to ensure that 

there are enough pixels in the search window to represent the 

whole object. When either S or V is below 30, there is usually 

much noise and when either of them is larger than 120, the 

object is usually incomplete. So we set both S and V between 

30 and 120. And our algorithm can find the best value to reach 

the best tracking performance.  

III. SURF ALGORITHM 

SIFT [15] is an image feature proposed by Lowe that is 

invariant to rotation and scale. SURF [16, 17] is the speeded 

up and robust SIFT, which can offer a better performance than 

SIFT. SURF is based on keypoint detection, descriptor 

generation and key points matching. 

A. Key points Detection 

SURF is characterized by the use of integral images. Here, 

the calculations of area of an upright rectangular region are 

reduced to four operations, and the calculation of first-order 

Haar wavelet response will be six operations. 

 
Fig. 2 Area computation using integral images 

The integral image of image I(x, y) (0≤x≤M, 0≤y≤N) can be 

defined by the formula:    

(x, y) =  

Fig.2 shows how to perform fast pixel intensities, which can 

be calculated by:    

(A) + (D) -[ (B) + (C)] 

Gaussian pyramid, i.e., the image scale space is mainly used 

to find interest points in different scales. Here, Gaussian 

kernels can be changed in size to create the Gaussian pyramid. 

As Fig.3 shows, Laplacian of Gaussian is approximated to the 

box filter. 

 
Fig. 3 Gaussian pyramid 

  Using this technique, multiple layers of the scale-

space pyramid can be processed simultaneously and it negates 

the need to subsample the image, thus having better 

performance. To determine whether a point is extremum, the 

determinant of Hessian is used at the interest points 

localization. Suppose f(x, y) is a continuous function with two 

variables, then the Hessian matrix is: 

H (f(x, y)) =                    (12) 

Its determinant is: 

H(f(x, y)) = det H =  –  .                (13) 

If det H <0, which means the Eigen values of H have different 

signs, and then the point is not a local extremum. Otherwise it 

is an extremum. Replacing f(x, y) with I(x, y), then the 

Hessian matrix of the image is:   

 H(x, σ) = .   (14) 

Here Lxx(x, σ)=  * I (x, y), Lxy(x, σ) =  * I (x, y) and

  Lyy(x, σ) =  * I (x, y) 

After they are picked out, each of the extremums is 

compared with the 26 points adjacent to it (shown in Fig.4). 

The extremum point becomes an interest point if the value of 

any extremum point is above or below all of the 26 adjacent 

points. 

 
Fig. 4 Comparing the value of an extremum point with the 26 adjacent points 

B. SURF Interest Point Descriptor 

SURF interest point descriptor calculates the Haar 

responses in both X and Y coordinates in the circle region 

centred at interest points with a radius of 6σ. It relies on the 

dominant orientations of all the interest points. The size of 

Haar wavelet is 4σ, and the sum of vectors is calculated in 

every 60 degrees in the circle. Finally, the orientation with the 

largest sum of vectors is the dominant orientation. The process 

is shown in Fig.5.  

 
Fig. 5 Orientation Assignment 

After the determination of dominant orientation, a square 

window is constructed which is centered at each interest point 

with a side length of 20σ. Then it is divided into 4×4 sub-

region and the wavelet response is calculated in both the 

dominant orientation and the orientation vertical to it. If we 

define the wavelet of x and y as dx and dy, then there will be 4 

values ∑dx, ∑dy, ∑|dx|, ∑|dy|, and totally it will be a 64-
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length vector for each interest point. Thus we obtain the 

descriptor component by normalizing it.  

IV. IMPROVED CAMSHIFT WITH SURF ALGORITHM 

Though Improved CAMshift is able to automatically 

change its parameters to fit different illumination cases, some 

drawbacks still remain to be overcome. It is observed that the 

tracking performance is not ideal when the background is very 

similar to an object. Another drawback is that an object is easy 

to be lost under dynamic background because CAMshift uses 

Hue as the only feature in tracking. SURF feature is much 

more robust. When it is added to CAMshift, the accuracy of 

the whole tracking system is highly improved. Though, as 

SURF has much higher computational complexity its use to 

limited only to redetecting the object. 

A. Determination of the lost Object 

The lose object can occur in two different kinds of 

scenarios.  On one hand, the confusion of an object with 

background when they are much similar in Hue; On the other, 

when the object moves too fast, the object region of 2 

continuous frames do not overlap so that the search window 

may not converge to catch up the movement. To solve such 

problems, we consider evaluating the similarity between the 

target and the candidate object by Bhattacharyya distance. 

Consider that we use m-bin color diagram. The target’s 

normalized color diagram is p (u)(u=1...m), and the candidate 

object’s normalized color diagram is q(u)(u=1...m), then the 

Bhattacharyya distance is:  

l(p, q)= .             (15) 

Ideally when the candidate object is all the same with the 

target, l(p, q)reaches maximum, but actually it can hardly be 

reached. We set 0.8 as the threshold. When l(p, q) is below 

0.8, we think the object lost. 

B. Improved CAMshift with SURF Method 

    Algorithm: Improved CAMshift with SURF method 

Input: Template image                                             

Output: Location of the target   

1. Begin                                                                                              

2. Read the Template image and the first frame of the  

Image sequence, calculate the location of the target 

using SURF method;    

3. Calculate the color histogram of the Template image,  

calculate the thresholds of S and V;  

4. while next frame do   

5. Update the size and the location of the search 

5window using CAMshift; 

6. Calculate Bhattacharyya distance according to 

Equation (15);     

7.  IF Bhattacharyya distance < 0.8 then  

8.  Target lost, recalculate the location using SURF 

9.    End IF     

10. End While      

11. End 

Algorithm 1 shows the process of our algorithm. When the 

object is lost, SURF is used to search in the whole image to 

match the target. When matching points are found, the centre 

of the points is calculated and the search window is located 

around it. Then CAMshift continues to work. Under such a 

method, the system can gain good real time characteristic as 

well as robustness. 

V. APPLICATION BASED ON THIS METHOD 

Depending on the available environmental circumstances it 

is not always feasible to use a primitive input device like 

Mouse or Keyboard. In addition to this if we use mouse or 

keyboard as an input then it is static to that particular position 

location. Hence to all above problems we provide a solution 

that is an Object based Gesture Input which will be useful to 

the user to perform his basic windows OS operations from a 

distance without using primitive input devices. So the 

application being developed is handling of basic windows 

operations such as switching between the tabs of windows, 

minimize, maximize and closing a window, opening the start 

menu, task manager, command prompt, etc. using Object 

based Gesture Input. The front end of this system will be 

implemented using Visual Studio. The APIs required for video 

and image processing are provided by a library named Open 

CV (Open Computer Vision). The system will be able to 

perform all the functionalities as specified in real time and 

hence provide a suitable alternative to primitive input devices. 

The user will register the Object which he will be using for 

performing operations. Then the user will move the Object in 

front of the camera to perform a Gesture. The application will 

then perform the operation based on the Gesture. Whenever 

the user moves the Object in front of the Camera, the 

trajectory path followed by the Object is detected using 

improved CAMshift algorithm. This trajectory will be 

classified into Vectors i.e.it will have direction and slope. 

Accordingly, we have considered a total of 8 distinct vectors 

as shown in fig. 6 and fig. 7. A gesture will be a combination 

of these vectors and thus, ideally we have 8! i.e.40320 

different possible gestures. The event of object loss is judged 

by the Bhattacharya Distance. After it has been judged that the 

object is lost, we will redetect the object using the SURF 

method and resume tracking using CAMshift Algorithm.  

      
Fig 6. Vector Representation   Fig 7. On Screen Representation 
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VI. CONCLUSION 

 In this paper, we propose an idea of using Object 

detection and Tracking algorithm for Human Computer 

Interaction. For the purpose of object detection and tracking 

we are using Improved CAMshift and SURF algorithms. The 

event of object been lost is checked using Bhattacharya 

distance method. This strategy proves to be very efficient and 

robust with a low computational complexity. Our HCI 

application proves that this method eliminates the need for 

cumbersome dedicated hardware and delivers good results 

with standard webcams (15fps, 640*480 resolution) and 

processors (dual-core 2.6 Ghz) available in the market. Our 

future work could focus on developing a framework that will 

allow HCI on many different platforms. 
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Abstract- The Brain tumor is the one of the life threatening disease 

which causes death of the human if it is not acknowledged at right 

time. Tumor can be an unrestrained development of tissues in almost 

any area of human anatomy. Tumors are of various kinds also and it 

contains various cures. This system includes an algorithm which 

deals with exact reorganization of size and shape of tumor by using 

brain MRI (Magnetic resonance image) method. It's a serious disease 

which causes intracranial or unwanted space inside the brain. The 

CT scan and MR deals with the intracranial space produces 

complete image of brain. By utilizing the computer aided method, the 

image generated via MR processing is used to find size and shape of 

the tumor for diagnosis this technique allows segmentation of brain 

tumor image with precision as compared to manual segmentation. It 

requires less occasion for analysis by using this system. The process 

consists of tumor extraction from MRI image with exact position and 

shape determination. This system has proposed two way of thinking 

regarding evaluation of brain tumor image i.e. Supervised and 

unsupervised evaluation of image. The various algorithms and 

methods used are of unsupervised evaluation technique where 

computer aided methodology is used rather than human power. So 

this method is efficient one to deal with extraction of accurate image 

of tumor. Under the unsupervised method this system uses two 

methods k-means algorithm, Histogram with HSV color space model, 

Fuzzy C-means algorithm, Filtering algorithm. Still there are several 

methods can be used under unsupervised method. 

 

Keywords— Brain Tumor Segmentation, Unsupervised Image-Set 

Clustering, Brain Tumor Detection, k-Means Clustering, fuzzy 

classification  

 

I. INTRODUCTION 

The system has the idea of automatic brain tumor 

recognization and segmentation. This process uses the 

magnetic field and radio waves instead of spreads as in CT 

scan. In this system they have developed one algorithm for 

segmentation for tumor, which gives perfect tumor segments. 

Brain cancer caused because of constant development of cells 

in any part of human anatomy. There are two stages of tumors 

1 is major and another one is secondary. Primary is initial or 

origin stage of tumor and if it spread through any part of body 

and get grown in its own then its secondary. Normally tumor 

impacts the Cerebral Spinal Fluid, which triggers strokes. And 

people normally undergo treatment for strokes not for tumor. 

If initial stage is of it is cured then the person holding the 

disease can be survive at least 1 to 2 years. Tumors are of two 

types malignant tumor and mass tumor. Since malignant 

tumor is difficult to have treatment because it needs 3D MRI 

representation of brain and analyzer tool. But mass tumor 

detection can be done in mat lab easily, because of its easy 

development and execution [1]. Image segmentation is a base 

shape in data cpu phantom capabilities, movie, and lots of 

concept. It is regularly condition to pocket a similarity in to 

disjoined states, which mentally write to distinct regal-globe 

view. It is a mindful measure to please analysis and image 

consciousness. Several section methods are enhanced, but 

there's nonetheless no sufficient operation rhythm, which 

make up it stiff to receive different segmentation techniques 

with various parameterizations. However, the address to 

compare with two segmentations (typically obtain via two 

unique methods/parameterizations) in a program-independent 

going is significant: (1) to autonomously choose among two 

possible segmentations within a division algorithm or possibly 

a broader poultice; (2) to place a recent or introducing division 

algorithmic guideline on a business laboratory and pro 

ground;and (3) to track division ensue on the fly, so that 

division efficiency can be guaranty. Every individual has 

his/her dissimilar standard for an exceptional division and 

diverse provisions might capacity better utilizing distinctive 

segmentations. While the criteria of a great division are 

regularly appropriation subordinate and difficult to expressly 

characterize, for numerous requisitions the contrast between 

an ideal division and a subpart one is distinct. 

 

II. LITERATURE ANALYSIS 

This system also includes the segmentation of brain tumor in 

3D magnetic resonance image. This technique is applicable 

for different types of tumors. It also uses the MRI image of 

tumor cell. Here first the brain tumor detection is done based 

on finding asymmetric areas with respect to approximate 

Brain symmetry plane and fuzzy classification. Where Fuzzy 

classification does the finding of nearer membership points of 

image in the form of pixels. The segmentation is based on 

deformable and spatial relations. The deformable model uses 

the spatial information of image like topological and distance 

information for clear image of tumor. It also deals with the 

providing sharp size and shape of image. This leads to the 
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brain tumor segmentation. Different results are evaluated by 

performing manual segmentation of tumor [7].  

The Brain tumor is the one of the life threatening disease 

which causes death of the human if it is not recognized 

properly. Tumor is actually an abnormal growth of tissues in 

any part of body having various types, since it has various 

treatments also. This system includes an algorithm which 

deals with exact reorganization of range and shape of tumor in 

brain MR images. It’s a serious disease which causes 

intracranial or unwanted space inside the brain. The CT scan 

and MR deals with the intracranial space produces complete 

image of brain. By using the computer aided method, the 

image generated via MR processing is used to find size and 

shape of the tumor for dignosis.This method allows 

segmentation of brain tumor tissue with accuracy and 

reproducibility compared to manual segmentation by reducing 

time for analysis. The process includes tumor extraction from 

MR image and its exact position and shape determination. The 

stage of tumor is also recognized by the amount of area 

calculated from cluster [1]. 

It is based on Thresholding and region growing. The 

Thresholding ignores spatial character tics. Only assumes 2 

values black and white, since bitmap contains 0-255 gray 

scale values, so sometimes it may ignore some tumor cells. In 

region growing it follows the seed (center of tumor cells) 

which causes homogeneity problem and it will not provide 

acceptable result for all images. This system has an example 

of Thresholding of image. From MR image area system can 

detect tumor region which is not sufficient for treatment. 

Hence it goes through the Thresholding process. It has 2 gray 

values white-1, and black-0.background gets 0 values and 

object gets 1.so system never get tumor from image, so they 

did segmentation [1]. 

 

 

III. BRAIN TUMOR SEGMENTATION 

 

The available proposed system consists of four modules. 

 Pre-processing: filtering of noise from MRI image of 

tumor is done in this process. 

 Segmentation using K-mean and fuzzy C-mean 

algorithms: So as to extract the tumor from MRI image. it 

uses the clustering and classification methods. 

 Feature extraction:  is done by Thresholding. 

 Approximate reasoning and edge detection method: 

After that recognize the tumor  in MRI images using. Here in 

our proposed system this system is using two algorithms K-

mean and FCM which are suitable for all MRI images [1]. 

 
Fig 1: Proposed Methodology 

 

A. Pre-Processing- According to the need of the next level 

the pre-processing step alter the resemblance. It presents filter 

of noise and other artifacts in the image and honing the 

perimeters in the likeness. RGB to gray conversion and 

Reshaping furthermore takes place here. It comprise median 

filter for disorder removal. The possibilities of approaching of 

disturbance in up in order to date MRI scan are very less. It 

may happen due to the thermal result. The major aim of this 

system is to become aware of and segment the tumor cells. 

But for the entire scheme it desires the method of noise 

exclusion. For more sympathetic the function of median filter, 

this scheme supplemented the salt and pepper disturbance by 

artificial means and destroys it utilizing median filter [1] 

 

B. K-Means Segmentation- Depending on to the necessity of 

the next level the pre-processing step alter the likeness. It K-

means clustering minutia: It is the just one of the unsupervised 

learning algorithm for clusters. Clustering the likeness is 

grouping the pixels correspondingly to the some 

characteristics. In the k-means algorithm primarily this system 

has in order to interpret the variety of clusters k. Then k-

cluster center are select randomly. The expanse between the 

each pixel to each cluster hubs is designed. The expanse may 

be of simple Euclidean function. Single pixel is compared to 

all cluster hubs utilizing the example equation. The pixel is 

relocated to specific cluster which has shortest distance amidst 

all. Then the centriod is re-estimated. Afresh each pixel is 

contrasted to all centriod. The process relentless until the 

center converges. It really values the Floyd's algorithm for 

centriod detection through assembling kd-tree in some 

algorithm. It does clustering of pixels founded on their 

likeness defines as threshold. Suppose among the set of pixels 

let state 10 pixel This system possess to find the points which 

are nearer to 10 pixels which meets these convergence. Those 

points are considered as similar cluster components [1] 
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Fig. 2: Flowchart of k-means algorithm 

 

 

For a given image, compute the cluster means m 

 
      Calculate the distance between the cluster centers to each 

pixel 

                               

 
 

      Go over the above two stepladder until mean value 

meeting. 

 

Algorithm: 

 

1. Specify the no of cluster value as k. 

2. Randomly select the k cluster centers 

3. Calculate mean or center of the cluster 

4. Calculate the distance b/w each pixel to each cluster center 

5. If the distance is near to the center after that add to that 

cluster. 

6. Typically add to following cluster. 

7. Re-calculate the center. 

8. Repetition the procedure until the center doesn't move. 

 

 

C. Segmentation of MRI Image Using Fuzzy C-Means- The 

fuzzy reasoning is a way to processing the data by giving the 

partial members value per pixel in the image. The member’s 

worth of the fuzzy set is ranges from 0 to 1. Fuzzy clustering 

is fundamentally a multi treasured reasoning that permits 

intermediate standards i.e., member of one fuzzy set can 

furthermore be constituent of other fuzzy sets in the same 

likeness. There is no sudden transition between full members 

and non members. The members function defines the 

fuzziness of a likeness and likewise to characterize the data 

comprised in the image. These are three major basic 

characteristics involved in distinguished by membership 

function. They are support, Boundary. The core is a 

completely member of the fuzzy set. The support is non 

member’s value of the set and boundary is the intermediate or 

partial regular membership with value between 0 and 1. 

Mathematical representation:  

 Fuzzy c-means is the clustering algorithm which allows one 

piece of data may be member of more than one clusters. It is 

based on reducing the following function 

 

 
Where 

m- Any actual number more than 1, 

Mij- degree of account of X; in the cluster l, 

X- Info measured in d-sizing, 

Rj - d-measurement centre of the bunch 

 

The update of membership Mij and the cluster centers R are 

given by: 

 

 
The above process ends when, 

 
Where 

 
K= no of iteration steps. 

 

 

The Fuzzy c-means Algorithm: 

 

The algorithm contain following steps 
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It is mainly developed for the accurate prediction of tumor 

cells which are not predicted by K-means algorithm. It gives 

the accurate result for that compared to the K-Means . 

 

D. Feature Extraction- The characteristic extraction is by 

using clustering which displays the forecast tumor at the 

FCM. The cluster is granted to the Thresholding process 

which applies binary mask over the whole likeness. It makes 

the dark pixel become darker and white become brighter. In 

threshold cipher, each transform coefficient is contrasted with 

a threshold. If it is less than the threshold worth then it is 

considered as none. If it is bigger than the threshold, it will be 

considered as one. The Thresholding procedure is an adaptive 

procedure where only those coefficients whose magnitudes are 

above a threshold are kept inside each impede. Let us consider 

an image 'f that has the k gray level. An integer value 

threshold T lies in the gray scale range of k. The Thresholding 

method is a contrast. Each pixel in 'f 'is contrast to T. Based 

on that, binary decision is made. That characterizes the value 

of the exacting pixel in an binary output image. 

 

 

 
 

 

The unpredicted tumor cells in the K-means algorithm can 

also be found using the Fuzzy C-Means algorithm. 

 

E. Approximate Reasoning- In the approximate reasoning 

step the tumor area is designed using the binarization method. 

That is the image having only two values either black or white 

(0 or 1). Here 256x256 jpeg images is a maximum image size. 

The binary image can be represented as a summation of Total 

number of white and black pixels. 

 

 
Where, 

          P = number of white pixels (width*height) 

          1 Pixel = 0.264 mm 

The area calculation formula is 

 
P= no-of white pixels; W=width; H=height. 

 

ALGORITHM: 

 

   The algorithmic steps involved for brain tumor shape 

detection is as follows, 

 

Step 1: Start the process. 

Step 2: Get the MRI scan image input in JPEG format. 

Step 3: Check whether the input image is in required format 

and move to step 4 if not display error message. 

Step 4: If image is in RGB format covert it into gray scale else 

move to next step. 

Step 5: Find the edge of the grayscale image. 

Step 6: Calculate the number of white points In the image. 

Step 7: Calculate the size of the tumor using the formula. 

Step 8: Display the size and stage of tumor. 

Step 9: Stop the program. 

 

This algorithm scans the RGB or grayscale image, converts 

the image into binary image by binarization technique and 

detects the edge of tumor pixels in the binary image. Also it 

calculates the size of tumor by calculating the number of 

white pixels (digit 0) in binary output image. 

 

IV. OUTPUT SCREENSHOT FOR TUMOR AREA 

CALCULATION 
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Fig 3:  input Image 

 

 
 

Fig 4: Transformed Image 

 

 

 
 

Fig 5:  Denoised  image 

 

 

 
 

Fig6: inverse transformed  image 

 

 
 

Fig7: K Means Clusters 

 

 
 

Fig8: K Means 
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Fig 9: Fuzzy C-means 

 

 

The predicted tumor area is calculated at approximate 

reasoning step fig 7 shows the output result for tumor area and 

its stage calculation. The stage of tumor is based on the area 

calculated of output image of tumor. This system considered 

that, if the area is greater than 6 mm"2 it will be the critical 

position. 

 

V. CONCLUSION 

The Brain tumor is the one of the life threatening disease 

which causes death of the human if it is not acknowledged at 

right time. Tumor can be an unrestrained development of 

tissues in almost any area of human anatomy. Tumors are of 

various kinds also and it contains various cures. This system 

includes an algorithm which deals with exact reorganization 

of size and shape of tumor by using brain MRI (Magnetic 

resonance image) method. It's a serious disease which causes 

intracranial or unwanted space inside the brain. The CT scan 

and MR deals with the intracranial space produces complete 

image of brain. By utilizing the computer aided method, the 

image generated via MR processing is used to find size and 

shape of the tumor for diagnosis this technique allows 

segmentation of brain tumor image with precision as 

compared to manual segmentation. It requires less occasion 

for analysis by using this system. The process consists of 

tumor extraction from MRI image with exact position and 

shape determination. This system has proposed two way of 

thinking regarding evaluation of brain tumor image i.e. 

Supervised and unsupervised evaluation of image. The various 

algorithms and methods used are of unsupervised evaluation 

technique where computer aided methodology is used rather 

than human power. So this method is efficient one to deal with 

extraction of accurate image of tumor. Under the unsupervised 

method this system uses two methods k-means algorithm, 

Histogram with HSV color space model, Fuzzy C-means 

algorithm, Filtering algorithm. Still there are several methods 

can be used under unsupervised method. 
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Abstract-: As Information technology increases throughout the 
society, visual objects are becoming important as textual 
information. The storing of visual data is relatively simple, but 
accessing or retrieval of it becoming complex and interesting 
problem. Content-based image retrieval (CBIR) systems plays 
significant role in this area and retrieve features of an image 
from a database. The novel technique presented over here 
focuses on color-based image retrieval, using BTC along with 
SVM as a classifier in YCbCr color space.  Classification of color 
images is done on its features which are extracted from 
histograms of color components. They gives better efficiency, and 
they are insensitive to changes in rotation and translation of 
image. The novel technique helps in improving accuracy of color 
image retrieval.  
 
Keywords: CBIR, Color Space, BTC,  SVM 
 

I. INTRODUTION 

     Image Retrieval is a kind of traditional information 
retrieval which includes images. Over a last few years, images 
are widely utilized for various purposes. The recent 
technologies such as photography, digital communication 
infrastructure a world wide web, satellite technology, 
increased use and availability of digital cameras and television 
results into generation of big and massive image pools[1.4,6]. 
Storage of such image data is relatively easy, but accessing 
and retrieving image from databases is difficult.  

       Recently, content based image retrieval (CBIR) is vast 
research area which includes rapidly searching images from 
huge image database. CBIR systems play major role in various 
applications such as remote sensing, diagnostic medical image 
databases, satellite image databases, journalism data 
management, geographic information system, military 
surveillance and tracking, architectural and engineering design 
systems, general consumer use like art collection and 
photograph archives, crime prevention, intellectual property 
rights [3,4].   

     In CBIR, a query on database is portion of an image or 
complete image. The relevant images are retrieved on the 
basis of features similarity of the query and the features of the 
individual images. Feature of image, which is visual content, 
used to search images from databases. They further divided 
color, shape and texture category. The following figure shows 
classification of CBIR Systems.  

 
 

Figure 1: Classification of CBIR 

In the area of color vision systems, study of color  becomes 
very important. Color images gives large visual information 
and it also very pleasant. The, color based image retrieval 
systems are used for worldwide and automated systems. [7] 

II.LITERATURE REVIEW 

Various CBIR systems have been developed earlier either for 
commercial use or for research purpose [1-4]. Video and 
image is a substitute based on perception similarity. In  the 
research area of color based CBIR techniques, there is 
problem in the capturing visual information from the images.   

 The visual content from image plays important role in many 
application fields. Out of CBIR visual techniques, color based 
image retrieval is done on histogram based matching and 
dominant color region based indexing techniques.[1,2] 
whereas vector quantization is used for texture feature [6]. 
Many approaches of image classification have used vector 
quantization methods [1]. Also the gradient and morphological 
operators are used for the shape based retrieval.  

As the color is basic property of an image , color 
based CBIR are becoming very effective in searching an 
image out of a large database. A huge research is done on 
color feature extraction of images. Out of some recent 
techniques, the bin of color histogram method[3] is robust 
with rotation and translation of image but not effective with 
changes in image color. In Multilevel Block Truncation 
Coding with Diverse Color Spaces [6] used for  for Image 
Classification, the image retrieval speed is less. To increase 
the speed Block truncation coding [4] is done, in which more 
advances are done by making clumps of color pixel values. 
Latest techniques are developing by the use of Support Vector 
machine[5] for better image classification accuracy. But still 
there is a need of the technique which accurate image 
classification and high retrieval speed. 

 

Content 
Based Image 

Retrieval 
 

Color Based 
Retrieval 

Shape Based 
Retrieval 

 

Texture Based 
Retrieval 
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III.AN OVERVIEW OF CONTENT BASED IMAGE 
RETRIVAL 

Figure 2 shows a general image retrieval system.[2] 

 
Figure 2: General CBIR System 

The CBIR system includes following four steps [2]: 

i) According to the selected category of visual feature of 
image, an indexing and feature extraction is done on  database. 
The category is  color or  shape or  texture or their 
combination. 

ii)  Query image feature extraction. 

iii) Matching of query image to the similar database images. 
This is research area of CBIR systems. 

iv) Feedback and user interface. This displays of the output 
images. 

IV. COLOR BASED IMAGE RETRIEVAL 

Colors are the important features of images by which 
humans can recognizes image. Color based retrieval produces 
efficient result on the basis of a similar color contents. Most of 
the CBIR systems uses color as a feature [3],[4]. There are 
many systems, which uses color for various purposes like 
color matching, Region search ,Similarity searches,  Target 
search, Semantic categorization.  

     Most of the image formats (JPEG, BMP, GIF) uses RGB 
color model. RGB color model defines unit cube with red, 
green and blue axes. Values from these three axes creates 
vector, which is three co-ordinate representation of color. Start 
of the cube represents black color having vector with three co-
ordinates values as (0, 0 and 0) and diagonally opposite side 
point represents white color with co-ordinates values as (1, 1 
and 1)   

 
 

Figure 3: RGB color Cube 

 

 

V. COLOR HISTOGRAM 

     They are the foundation of CBIR systems. The color 
histogram of an image describes the quantity of colors present 
in an image. They are highly competitive and efficient.  Image 
histogram representation is a simple and also helpful. This is 
because histogram describes an image in the form of contrast 
and brightness.  

VI. COLOR SPACE MODELS 

The number of color  spaces are available as described 
below[4]. 

i)KEKRE’S LUV Color Space model: 

In KEKRE’S LUV color space, L component denotes 
luminance, U & V components denotes color information.  

ii)YCgCb Color space model: 

In YCgCb model, Y component denote luminance and Cg, Cb 
contains chromaticity component. 

iii) YCbCr Color space model: 

 In YCbCr model, Y component defines luminance 
(brightness) and Cb,Cr components defines chromaticity 
component. 

iv)  YUV color space Model: 

In YUV model, Y component defines luminance (brightness) 
and U,V components defines chromaticity  

v) YIQ color space model: 

In YIQ color model ‘I’ component defines in phase and ‘Q’ 
component defines quadrature. This color space is derived 
from YUV. 

vi) HSV color model: 

The HSV color model gives  Hue, Saturation, and Value. The 
hue-saturation-value (HSV) space[2] treated as a cone, for a 
given point (HSV), h and sv are the angular and radial 
coordinates of the point on a disk of radius vat height v. All 
coordinates range from 0 to 1.  

The proposed system uses YCbCr color space for the better 
image retrieval, whose equation is as follows : 

 

 
 

VII. BLOCK TRUNCATION CODING 

Block Truncation Coding (BTC) is a simple 
technique developed earlier [4,6]. This technique plays very 
important role in the area of CBIR separately to calculate 
threshold values of each component.  Block Truncation 
Coding (BTC) is a kind of lossy image compression technique 
used mostly for grayscale images[4]. In this technique the 
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original images are divided into blocks and then a quantiser is 
used to reduce the number of grey levels in each block. Also  
it maintains the same mean and standard deviation values. 

  In this technique, a block truncation is applied to 
each individual component. Bitmap is generated by comparing 
each value of components with respective threshold value. If a 
pixel value in each R, G and B component is greater than or 
equal to the corresponding threshold value of the that pixel 
then the upper mean is calculated from the pixels, which are 
greater than or equal to the threshold value and the lower 
mean is calculated from the pixels lower than threshold. 
Feature vector for a particular image is calculated by 
combining both Upper mean and Lower mean. For all the 
images stored in the database feature vectors are calculated  
and that is stored in feature vector table. 

In the proposed system BTC with 8 color clumps 
technique is used.  In this pixel values of each component are 
clumped within a range of 0 to 31, 32 to 63, 64 to 95, 96 to 
127, 128 to 159, 160 to 191, 192 to 223 and 224 to 255.[4] 
And after that threshold values are calculated for each YCbCr 
components. Then two means are calculated for each clump, 
which is used to form a feature vector. 

Following steps are used to calculate BTC with 8 clumps: 

i)First bit maps for individual color components are generated 
separately. 

ii) Threshold values of each individual R, G and components 
can be computed. 

iii) With the help of above computed threshold values, six bit-
maps will be computed. If a pixel in each component  is 
greater than or equal to the particular threshold, the respective 
pixel position of the bit map have a value 1 & if it is less then 
the bit map have a value of 0.  

iv) Upper mean vector is computed from pixels greater than or 
equal to the respective threshold value and the Lower mean 
vector is computed from the pixels smaller than the respective 
thresholds. Final feature vector for 8 Clumps is of size 48 
having the upper and lower mean vectors. 

VIII. SUPPORT VECTOR MACHINE 

Support vector machines (SVMs) are  supervised learning 
models in a machine learning. They are having  associated 
learning algorithms which  examine data and distinguish 
patterns, which is used for classification purpose. SVMs uses a 
hypothesis space of linear functions in a hyper space. They are 
learning systems, trained with a learning algorithm.   

The basic purpose of SVM Classification is to find a 
efficient way to learn separating hyper planes. The hyper plane 
is said to be located in a hyperspace. Basically,  SVM takes a 
of input data set and it gives prediction for each given input. 
This prediction is done for two possible classes which forms 
the output. So it also called as a binary classifier shown in 
figure 4. 

When there are number of classes which requires an object 
recognition and image classification, the multi-class method is 
used. That includes One against One, One against All and 

DFG algorithm. The “One-against-One” algorithm is used in 
the proposed system. In OAO n(n-1)/2 hyper planes are 
constructed. Here n represents number of classes. N-1 hyper 
plane are used to separate each class. 

 
Figure 4: Principal of Support Vector Machine 

To measure the accuracy of a SVM on a given database is 
comprised of the following stages: 

i) Preprocessing of the images in the database. 

ii) Separation of the database in training and test sets. 

iii) Choice of the representation of the input data. 

iv) Multi-class (OAO) training. 

vi) Test and evaluation of the performance.  

The proposed system uses SVM multiclass 
classification and performance check is done for one against 
one (OAO) algorithm. 

IX. IMPLEMENTATION 

Following figure shows block diagram of a novel  proposed 
system.

 
Figure 5: Block Diagram of novel proposed system 

In the above system image feature vectors are 
calculated by using BTC with 8 clumps algorithm and image 
classification accuracy is achieved by using SVM. 

To train SVM n*(d +1) matrix is used. Here n is the 
training data is and d represents the features. Last column 
represents the class number of each data. Where Mtr is 
training matrix as shown below. 
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The image database contains 500 images of 10 
different categories. In each category 50 images are stored. The 
database contains categories as Car, Flower, Rainbow, Sky, 
African, Animals as shown in following figure 6. 

 
Figure 6. Database Sample Images 

 

X. PERFORMANCE ANALYSIS AND RESULT 

In evaluating the performance of the CBIR systems 
precision and recall are widely used parameters. Precision is a 
measure of the number of retrieved images that are relevant to 
the search. And Recall is no of relevant images to the total 
images. The precision and recall are calculated as per 
following formula.[4] 

Precision = 
No. of relevant images retrieved.   

Total No. of images retrieved 
 

    
 

Recall = 
 

 

No. of relevant images retrieved  
 

 

    

    

Total No. of relevant images in the Database 

 

 Figure 7 shows performance comparison of BTC 
with 8 clumps algorithm and proposed system algorithm. The 
accuracy of image retrieval is increased when the combination 
of block truncation coding with 8 color clumps and Support 
Vector Machine is done in YCbCr color space. 

 
Figure 7: Performance comparison of BTC and SVM Algorithm 

XI.CONCLUSION 

 Due to advances in digital technology, the visual 
information retrieval is vast research area, which is covered in 
CBIR systems. Block Truncation coding is one of the 
emerging method in color based CBIR systems. The novel 
system proposed in this paper which uses a combination  of 
two methods i.e. BTC and SVM. The Block Truncation 
Coding gives better threshold values to get more detailed 
feature vectors and SVM increases image classification 
accuracy. As literature suggests, YCbCr color model gives 
better image retrieval accuracy, than any other color models, 
so that is  referred for the purpose of   experiment. The results  
shows that the combination of BTC and SVM gives more 
accurate image retrieval. 
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Abstract—The gap between traffic demand and the link 
capacity, along with time-varying link conditions, results in 
poor service quality of video streaming over mobile networks 
such as long buffering time. The cloud computing technology 
is also being used to store possessed video paths and create 
solutions that help audience to discover a whole new range of 
multi-media. This document investigates cloud centered video 
streaming methods particularly from the mobile viewpoint.  
 
Index Terms— FFMPEG encoding/ streaming, cloud based 
encoding API, Amazon cloudfront service, video streaming, 
H.264, MPEG- 4, RTMP, RTMPT, and RTMPE 

 
I.  Introduction       

Over the past decade, increasingly more traffic is accounted 
by video streaming and downloading. In particular, video 
streaming services over mobile networks have become 
prevalent over the past few years [1]. While the video 
streaming is not so challenging in wired networks, mobile 
networks have been suffering from video traffic transmissions 
over scarce bandwidth of wireless links. While receiving video 
streaming traffic via 3G/4G mobile networks, mobile users 
often suffer from long buffering time due to the limited 
bandwidth. [2][3]. 
 
II. Video fundamentals 
 
Due to bandwidths of mobile networks are limited, video data 
must be encoded/compressed considerably. This part wraps 
the fundamentals of encoded video and its characteristics 
within different networks. 
 
a) Bandwidth 
In multi-media streaming programs, video encoding is used 
for the reason that uncompressed video needs huge 
information space to store data. In fact, High definition (HD) 
films on DVD or Blu-ray are already in a compacted format 
that provides information of 4 - 6 Megabyte per second. For 
cellular streaming systems, which can require information 
rates as low as 30 kilobytes per second, this means that it clip 
must be compacted thousands of times or more to achieve the 
required information. With the growth of cellular multimedia 
streaming, you should work within the information restrictions 
of the network and the ability of the endpoint. Although 3G 
and next generation systems provide much higher bandwidths 
to cellular phone devices, as more and more endpoints use 
these systems for multi-media projects, conformance to focus  
on end customers bitrates will become more essential than 
today [4]. 

 
b) Audio/Video Codec’s 
An audio codec is a system applying criteria that encode and 
decode electronic digital audio information according to a 
given sound extendable or movies online sound structure. The 
item of the criteria is to signify the great stability sound 
indication with lowest bitrates while protecting the excellent. 
Examples: AAC, ADPCM, MP3, WMA, PCM, Orbits, Dolby 
AC-3. A video codec, brief for Encoder/Decoder, is used to 
encode video information to accomplish a very low bitrate. 
Examples: MPEG-2, H.263, MPEG-4 and H.264 
 
III. Video streaming 
 
In streaming procedure, it clip data file is sent to the end user 
in a continuous flow. It is simply a strategy for shifting 
information such that it can be prepared as a stable and 
ongoing flow and it is known as Streaming or encoded movie 
that is sent across information system is known as Streaming. 
Streaming movie is a series of "moving images" that are sent 
in compacted form over the Internet and shown by the 
audience as they appear [5].  
 
a) Streaming Principle 
Real-time video applications require media packets to arrive in 
a timely manner; excessively delayed packets are useless and 
are treated as lost [7]. In streaming programs it is necessary 
for the information packets to reach their location in regular 
basis because the wait can cause the network blockage, and 
can result in the decrease in all those packets suffering from 
extreme wait. 
There are two types of steaming, one is realtime and other is 
prerecorded streaming. The protocol used for streaming 
purpose is UDP (User Datagram Protocol), which delivers the 
multi-media flow as a sequence of small packets [5]. The 
majority of transport protocols perform over an RTP stack, 
which is implemented on top of UDP/IP to provide an end-to-
end network transport for video streaming [8]. 
 
 b) Video Streaming Architecture 
Fig. 1 is represented a cloud based mobile movie streaming 
scheme. A cloud based source implements a streaming hosting 
server which is responsible for retrieving, sending and 
adapting it clip flow [9]. Programs such as interactive movie, 
live broadcast, mobile movie streaming or interactive online 
games require real -time encoding. However, applications 
such as movie on-demand require preencoded movie. When 
the multicast session is initialized, the streaming hosting 
server retrieves the compressed movie and begins the loading 
with the adequate bitrate stream. 
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Fig. 1: Video Streaming Architecture 
 

IV. Video encoding techniques 
 
Video codecs employ a range of encoded/decoded methods to 
fit videos signal into the allocated channel bandwidth. These 
encoding methods can influence the generating quality of it 
differently. Rapid bandwidth decrease can be carried out by 
using video encoded/decoded methods such as [4]: 
 
a. Eliminating mathematical redundancies 
b. Dropping quality size (CIF to QCIF) 
c. Using less frames per second (15 fps to 10 fps) 
 
Further bandwidth decrease can be carried out by utilizing the 
styles within it information and eliminating redundancies.  
The objective of videos encoder/decoder is to take out 
redundancies in it flow and to scribe as little information as 
possible. To achieve this objective, the encoder examples it 
flow in two ways:  
a. In time durations from successive frames (temporal domain) 
b. Between nearby pixels in the same frame (spatial domain) 
 
A video decoder pieces it flow together by treating the 
development process. The decoder reconstructs it flow by 
adding together the pixel variations and shape variations to 
form complete video. In current video encoding principles 
requirements such as MPEG and H263 families. 
 
a) Encoded Video Stream 
An encoded video stream consists of two types 
of encoded frames [4]: 
1) I-frames 
2) P-frames 
 
I-frames: 
              An I-frame is encoded as a single image, without 
referencing to any other frames. Each 8x8 block is first 
transformed from the spatial domain into the frequency 
domain [10]. It is also called a key frame, because it 
symbolizes the referrals key of it clip flow. All pixels that 

describe the image are defined in the I-frame. Videos clip 
decoder must begin with an I-frame to decode it clip flow 
because without an I-frame, a movie decoder has no referrals 
to determine how movie pixel shave changed as the earlier 
frame. 
 
P-frames: 
             A P-frames is encoded relative to past reference frame 
[10], which can either be an I-frame or a before P-frame. The 
quantity of information in a P-frame is many times small than 
the quantity of information in an I-frame. If videos clip begins 
understanding on a P-frame at an endpoint, an individual 
might see either scrambled movie or no movie, because there 
is no referrals frame. 
 
b) Video Streaming package (.MP4, .3GP) 
When streaming multi-media files to cellular handsets, it clips 
and audio data must be placed in the proper structure. The 
package structure for cellular multi-media streaming is the 
.3gp, defined by the 3rd Generation Partnership Project (3GPP) 
[5] and .mp4 file for delivery to cellular phone devices. 
Because the bandwidths of movie telephony networks are 
limited, it clips and audio data included in a .3gp file is 
compressed significantly. 
 
c) Video Streaming limitations 
Video streaming is constrained by the network channel 
capacity, 3G-324M channel bandwidth, Multicoded stream, 
Transcoding, Packet loss, Bandwidth management and 
endpoint capabilities. 
 
 
V. Video streaming techniques 
 
There are various streaming techniques for different mobiles, 
Smartphone describe below: 
 
a) Progressive Download 
The mobile customer has the option to use HTTP or HTTPS to 
gradually download a pre-created press data file partitioned in 
the appropriate codecs for the product to play. As the data file 
starts to gradually download, play-back is started enabling an 
almost immediate watching of the material [11].  During the 
play-back process, audiences are able to seek back and forth 
through the whole press data file. If the audience looks for 
forward to a point in the schedule that has not yet 
downloadable, the press gamer stop play-back until the data 
comes 
 
b) HTTP Live Streaming 
HTTP Live streaming (also known as HLS) is an HTTP-based 
media streaming communications protocol implemented by 
Apple Inc. as part of their QuickTime X and iPhone. Apple’s 
HTTP Live Streaming protocol (HLS), is an adaptive 
streaming video delivery protocol for iOS devices. It utilizes 
the H.264 video codec, which is segmented and encapsulated 
in MPEG2 transport streams and .M3U8 index files to deliver 
live and on demand video. The device automatically selects 
the most appropriate stream given available bandwidth, 
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CPU and platform constraints. 
           HLS streaming provides the best user experience, but 
its benefits also include good IT practices and important 
business considerations: 
1) The best user experience: Since the server can maintain 
multiple versions of the video clips in different formats, an  
iPad user with a Wi-Fi connection can stream a higher quality 
version of the video than an iPhone user viewing over a 3G 
Connection. 
2) Reach more viewers: Routers, NAT, and firewall settings 
are more likely to support video delivered with HTTP than 
other transfer protocols, so more users will be able to access 
your video. 
3) Save on data transfer: As opposed to a progressive 
download of a video, with HLS, only a few segments of video 
are downloaded at time. If a viewer only watches five minutes 
of streamed video, publishers only pay for that data transfer. 
Moreover, the HTTP chunks are cacheable by CDNs and 
across network infrastructure, so files are served from an 
origin server only once and cached close to users. 
4) Secure video content: The HLS specification has provisions 
to ensure security of the stream, which is great news for 
broadcasters or publishers who want to stream licensed 
content. The entire HLS stream can be encrypted using AES 
128 
 
 
 VI. Mobile Video Streaming on Cloud by using 
Amazon CloudFront services 
 
Live streaming with Amazon Web Services allows you to use 
the features of Adobe Flash Media Server version 4.5, 
including live video streaming where your live video is 
delivered by a series of HTTP requests from the player that is 
controlled by manifest files. Flash Media Server 4.5 supports 
two HTTP file formats: HLS (HTTP Live Streaming) for iOS 
devices and HDS (HTTP Dynamic Streaming) for Flash 
applications. You can stream high-quality media using the free 
Flash Media Live Encoder desktop application either for 
Windows or for Mac OS. CloudFront content delivery service 
would support on-demand RTMP streaming from Flash Media 
Server 4.5. 
 
Steps of setting up CloudFront streaming and getting it 
working on your site: 
 
a. Set up an AWS Simple Storage Service (S3) account 
where content will live. 
b. Create a "bucket" in S3 to store media files. 
c. Shift content to S3 bucket and set its permissions to allow 
public access. 
d. Set up a CloudFront streaming distribution that point at S3 
storage bucket. 
e. Now you are ready to stream. 
 
        CloudFront uses Adobe Flash Media Server 4.5 to stream 
on-demand content with Adobe's Real-Time Messaging 
Protocol (RTMP). CloudFront accepts RTMP requests over 

port 1935 and port 80. CloudFront supports the following 
variants of the RTMP protocol: 
 
a. RTMP—Adobe's Real-Time Message Protocol 
b. RTMPT—Adobe streaming tunneled over HTTP 
c. RTMPE—Adobe encrypted over HTTP 
d. RTMPTE—Adobe encrypted tunneled over HTTP 
 
To secure it, just use the RTMPE protocol instead of the 
regular RTMP. 
 
 

 
 
Fig. 2: CloudFront Live streaming architecture 
         
 Many reputed IT companies are using HTTP Live streaming 
service to enhance the streaming power in their mobile domain 
infrastructure. 
 • Adobe Systems established an update to its Adobe 
    Flash Media Server product supporting HTTP Live 
    streaming. 
 • Livestation streams numerous TV channels such as 
    France 24, RT, and Al Jazeera English. 
 • Microsoft added support for HTTP Live Streaming in 
  IIS Media Services 4.5. 
• Google added HTTP Live streaming support in Android 3.0   
Honeycomb. 
 
VI. Conclusion 
In this paper, we have discussed firstly in audio/video basics 
which deliver video on network with required bandwidth and 
codecs then after we discussed about the video streaming 
architecture that develop streaming servers which are 
responsible for retrieving, sending and adapting the video 
stream data in 3G or others network. Then we presented the 
main issue of video streaming techniques for streaming the 
video over the internet or cloud based network for iPhone, 
Android, Window phone and Smartphone. Apple Company 
provides the solution for video streaming in terms of HTTP 
Live streaming which are accepted by many reputed 
companies for mobile devices for video streaming purpose for 
future perspective by using RTMP family protocols. 
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Abstract - Heart Disease Prediction System is the 

system that helps to predict the heart disease 
mainly cardiovascular disease that includes 
Myocardial infarctions (Heart Attack).The 
importance of heart disease prediction system can 
be visualized from the fact that heart disease is 
one of the diseases that causes highest mortality 
rate. The objective is to predict more accurately 
the presence of Heart Attack type the patient will 
more prone to have in future. Existing systems 
used thirteen attributes namely Age, Sex, Fasting 
Blood Sugar, Slope, CA etc were involved in 
predicting the heart disease. In proposed work 13 
attributes are reduced to 7 attributes such as 
Chest pain, RBP, Exang , Resting ECG, Thalach 
Serum Cholestrol  And Coronary Angiography.  

Keywords - Heart Attack, Myocardial infarctions 

I.  INTRODUCTION  
Data mining can be defined as the extraction of 

useful knowledge from large data repositories. 
Compared with other data mining application fields, 
medical data mining shows a vital role and it has 
some unique characteristics. Data mining techniques 
are the result of a long process of research and 
product development. This development begans when 
business data was first stored on computers, 
continued with progress in data access, and more 
recently, generated  new technologies that allow users 
to navigate through their data in real time. Data 
mining takes the evolutionary process beyond 
retrospective data access and navigation to 
prospective and proactive information delivery. Data 
mining is ready for application in the business area 
because it  is supported by three technologies that are 
now sufficiently mature: Huge data collection, Data 
mining algorithms, Powerful multiprocessor 
computers. 

The medical data mining has the high potential in 
medical domain for extracting the hidden  
patterns in the datasets [1]. These patterns are used 
for clinical diagnosis and prediction. The medicinal 
data are widely spread, heterogeneous, voluminous in 
nature. The data should be combined and collected to 
provide a user oriented approach to novel and hidden 
patterns of the data. A major problem in 
bioinformatics analysis is in attaining the correct 

diagnosis of certain main information. For ultimate 
analysis, normally, numerous tests generally involve 
the classification or clustering of large scale data. 

The test procedures are said to be necessary in 
order to reach the ultimate diagnosis. On the other 
hand, too many tests could complicate the main 
diagnosis process and lead to the difficulty in 
obtaining the end results, mostly in the case of 
finding disease many tests   should be performed. 
This type of difficulty could be resolved with the aid 
of machine learning which could be used directly to 
obtain the end result with the aid of several artificial 
Intelligent algorithms which  perform the role of 
classifiers. Classification is one of the maximum  
techniques  used  in data mining. If a classification 
process is to be done, at that time the data should be 
classified, and then it can be placed into chunks that 
are manageable by a human [2]. 

II. LITERATURE SURVEY 
In [6] the Heart Disease is examined by Neural 

Network approach which included variable length 
rate with momentum and the back propagation 
algorithm. The author found that the efficiency is 
high in classification method and by applying parallel 
approach which was included in the training phase. 

In [5] the classification techniques  is used for 
analyzing the performance of an algorithm. The 
algorithms used are Weighted Associated Classifier, 
Apriori. And Naïve Bayes. And lastly the 
performance efficiency is evaluated by using 
classification matrix. 

In [4], the cardiovascular heart disease is predicted 
by the classification techniques mostly Artificial 
Neural Networks, Decision Tree ,Support Vector 
Machine and RIPPER. The author concluded that the 
Support Vector Machine performs well when equated 
to other algorithm because it achieves least error rate 
and highest accuracy. 

In [7] the heart attack is predicted by applying 
Association Rule Mining. The proposed algorithm 
CBARBSN is based on sequence numbers and 
clustering of the transactional database. The proposed 
algorithm CBARBSN performed well than the 
existing ARNBSN algorithm. Considering the 
execution time the performance of algorithm   is 
compared. 
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III. HEART ATTACK PREDICTION 

The term heart disease applies to a more number 
of illnesses that affect the heart or circulatory system, 
which consists of heart and  the artries which supply 
blood to heart i. e blood vessels. It is intended to deal 
only with the condition commonly called “Heart 
Attack” and the causes which lead to such condition. 
A heart attack occurs when one or more coronary 
arteries which supply blood to your heart muscle 
becomes blocked off. Medically, it is known as a 
Myocardial Infarction [3]. If the blood supply is cut 
off for more that a certain period of time, usually 
about 15-20 minutes, the muscle cells in the heart 
which are supplied by that artery may die. 

 
Fig. 1 : Showing drying,healthy muscle and  a blood clot which 
blocks artery 
Symptoms of a Heart Attack: 

a. Chest pain or discomfort 
b. Upper body discomfort 
c. Shortness of breath  
d. Feeling unusually tired  
e. Light-headedness  

III. DATA SET 
 As per review of existing systems thirteen 
attributes where used for heart attack prediction. As 
the dataset consists of large number of attributes, the 
processing time and efforts required are more in 
enough. So there was need to reduce the number of 
attributes considered during overall processing 
results. In our work, thirteen attributes have been 
reduced to seven attributes which are employed for 
Heart Attack prediction. The data of various patients 
is entered in the proposed system and the diagnosed 
results generated by the system corresponding to 
patients have and which is been saved in the database. 
The resultant data set thus obtained is used for the 
classification model for calculating the efficiency of 
the proposed system. Training set  is used as the test 
mode.  The data used is analytical data obtained from 
Shri Saibaba Super Speciality Hospital,Shirdi.Total 
more than 500 records are used for training and less 
for testing. 

 

Attribute Description 

CP Chest pain type  
RBP  Resting blood pressure  
EXANG  Exercise induced angina 
RESTECG  Resting electrographic results  
THALACH  Maximum  heart rate achieved  
CHOL  Serum cholesterol  
CA  Number of major vessels colored 

by floursopy 
Table  2. Reduced Attribute List 

IV. PROPOSED SYSTEM 
The design of the system requires the complete 

understanding of the problem domain. The main aim 
of proposed system is to efficiently diagnosis the 
presence of heart attack in an individual. The 
objective is to predict more accurately the presence of 
type of Heart Attack using analytical dataset with 
reduced number of attributes. Originally thirteen 
attributes namely Age, Sex, Fasting Blood Sugar, 
Slope, CA etc were involved in predicting the heart 
disease. But in our system, 13 attributes are reduced 
to 7 attributes such as Chest pain, Resting Blood 
Pressure, Exang, Resting ECG, Thalach ,Serum 
Cholestrol  and Coronary Angiography.  By entering 
the heart attack symptoms values, and predicting the 
results over three data mining algorithms namely 
Decision Tree [C4.5] 

 
Fig. 2: Proposed System Architecture for Heart Attack Prediction 

System 

Data mining techniques for heart attack predictions 
 The three different data mining classification 
techniques, i.e. Neural Networks, Decision Trees, and 
Naive Bayes are used to analyze the dataset. 
1. Classification Technique  

Classification is a concept of finding a model 
which finds the class of unknown objects. It basically 
maps the data items into one of the some predefined 
classes. Classification model generates a set of rules 
based on the features of the data in the training 
dataset. Further these rules can be used for 
classification of future unknown data items. 
Classification is the one of the most important data 
mining technique. Medical diagnosis is an important 
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application of classification for example; diagnosis of 
new patients based on their symptoms by using the 
classification rules about diseases from known cases. 
Decision tree is a way of implementing the 
classification. Decision tree is used as a predictive 
model. More descriptive names for such tree models 
are classification trees or regression trees. Decision 
trees need two kinds of data: Training and Testing 
data. Training data, which are usually the bigger  part 
of data and used for making trees. More training data   
gives more accurate results. The testing is used to get 
the accuracy rate and not classified rate of the 
decision tree.The classification problem is basically 
to define a Function:f = D→ C where each ti € D is 
mapped to f (ti) belonging to some Cj [9]. 
Where: 

1. D is a database of patients with tuples (x1, 
x2 xn) 

2. x1, x2 … xn are values of attributes A1,A2 
… .An relevant to a particular disease. 

3. C= {C1, C2 … Cn} is set of classes of 
disease depending on its severity. 

 
1.1. Classification Algorithms [C4.5] 

C4.5 algorithm is used for classification.C4.5 
builds decision trees from a set of training data using 
the concept of information entropy .C4.5 chooses one 
attribute of the data that most effectively splits its set 
of samples into subsets enriched in one class or the 
other. It takes normalized information gain 
(difference in entropy) that results from choosing an 
attribute for splitting the data. The attribute who has 
the highest normalized information gain is chosen to 
make the decision. C4.5 is also known as a statistical 
classifier [10]. 

1. For each element x, discover the normalized 
information gain from dividing on x.  

2. Let x_best be the element with the highest 
normalized information gain.  

3. Create a decision node that breaks on a best.  
4. Repeats on the sublists obtained by dividing 

on x_best, and add those nodes as children 
of node. 
  

Tree Generation:  
 Entropy formula used in creating the tree is: 

 
 Where pi is the proportion of instances  

 Gain formula used in creating the tree is:     

 
Where i is a value of X, |Ti| is the subset of instances 
of T where X takes the value i, and |T| is the number 
of instances. 
2. Artificial Neural Networks 

An Artificial Neural Network is also called as 
Neural Network is a mathematical model based on 
biological neural networks. Artificial neural network 
is based on observation of a human brain [11]. 
Human brain is very complicated web of neurons. 
Analogically artificial neural network is an 
interconnected set of three simple units namely input, 
hidden and output unit. The attributes that are passed 
as input to the next form a first layer. In medical 
diagnosis patients risk factors are treated as input to 
the artificial neural network. The Back Propogation 
technique   is used to predict the result. 

 
Fig. 3: Artificial Neural Network (ANN) 

 
2.2. The Back Propagation Algorithm:  

This model is the most representative and widely 
applied in current artificial neural network models. 
During its operation, input layer uses linear transfer 
function, while hidden layer and output layer use 
nonlinear transfer function, among which, the most 
often applied is transfer function and is a  sigmoid 
function. The fundamental of BPNN model is to take 
advantage of the gradient steepest descent method to 
minimize error function. Its learning process is 
usually carried out in one training example at a time, 
until all training examples are learned. It is confirmed 
as one learning epoch. One network can learn from 
training example repeatedly, until network learning 
converges. BPNN belongs to supervised learning 
network, applicable to diagnosis, prediction problems 
[12].  

3. Naïve  Bayes 
In probability theory, Bayes' theorem  relates the 

conditional and marginal probabilities of any  two 
random events. It is often used to calculate the 
posterior probabilities [13]. For example, a patient 
may be observed to have certain symptoms related to 
some specific disease. So, theses Bayes' theorem is 
used to compute the probability that a proposed 
diagnosis is correct by observation. A Naïve Bayes 
classifier assumes that the presence or absence of a 
particular feature of a class is unrelated to the 
presence or absence of any other feature.  
The Bayes theorem is as follows: 
1. Let E= {e1, e2,....., en} be a set of n attributes. In 
Bayesian, E is considered as evidence and C be some 
hypothesis means, the data of E belongs to specific 
class C[10]. To determine P (C|E), the probability 
that the hypothesis C holds given evidence i.e. data 
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sample E. According to Bayes theorem the P (C|E) is 
expressed as: 

 

2. As Naïve Bayes classifiers depends on the 
precise       nature of the probability model , so it can 
be trained very efficiently in a supervised learning 
setting [13]. Here independent variables are 
considered for the purpose of prediction or 
occurrence of the event. It has been shown that Naïve 
Bayes 

1. Classifiers often work much better in many 
complex real world situations. 
2. A continuous valued attribute is typically 
assumed to have a Gaussian distribution with a 
mean µ and standard deviation σ, defined by 

 

 
 

Fig. 4: Login Form for System 
 

 
 

Fig. 5: Heart Attack Prediction showing Trained ID. 
 

 

 
Fig. 6: Heart Attack Prediction System  showing  Patient ID To Be 

Tested For Prediction. 
 

 
Fig. 7: Heart Attack Prediction System showing Three Different 

Classifiers. 

 
Fig. 8: Heart Attack Prediction System showing Output by 

Decision Tree [C4.5] 

V. CONCLUSION 
The system is developed using three different data 

mining classification modeling techniques. The 
objective of the proposed work is to predict more 
accurately the presence of Heart Attack type by using 
reduced number of attributes. In existing systems 
thirteen attributes were invoked in predicting the 
Heart Disease. The system is using analytical  heart 
disease dataset. Dataset have been collected and 
analyzed  to identify the input attributes to be used for 
algorithms. The dataset is trained and validated 
against a test dataset. Initial performance 
measurement shows, most effective model to predict 
patient with heart attack appears to be Naïve Bayes 
followed by Decision Tree and then Neural Network.  

VI. FUTURE SCOPE 
The proposed work can incorporate other medical 

attributes  besides the seven one. This  symptoms 
may need to be expanded to provide a more 
comprehensive diagnosis system. Other data mining 
techniques namely Clustering, Association Rules can 
also be used for  future enhancement.. As we have 
used discrete values for some symptoms, but by using 
continuous values we can improve the accuracy of 
heart attack prediction. 
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Abstract—     
 Cloud computing is an emerging technology which playing a 
vital role in the world of computers. It defines the paths ahead 
in the interconnected world of computers. The cloud 
computing is a better way to run your business instead of 
running your apps on yourself. It run on a shared data centers 
virtually , hence the name cloud Computing.   The cloud 
computing are used in entertainment, medical, military 
operations, security issues, business and finance etc. The paper 
explains the concept, Services provided by cloud computing & 
describe the applications in various fields. 
 
Keywords—Cloud, Shared data, IaaS,  PaaS, SaaS 
 
1. Introduction 
 
Cloud computing is the next natural step in the evolution of 
on-demand information technology services and products. The 
Cloud is a metaphor for the Internet, based on how it is 
depicted in computer network diagrams, and is an abstraction 
for the complex infrastructure it conceals. It is a style of 
computing in which IT-related capabilities are provided “as a 
service”, allowing users to access technology-enabled services 
from the Internet (i.e., the Cloud) without knowledge of, 
expertise with, or control over the technology infrastructure 
that supports them. The technical foundations of Cloud 
Computing include Service-Oriented Architecture (SOA) and 
Virtualizations of hardware and software. The goal of Cloud 
Computing is to share resources among the cloud service 
consumers, cloud partners, and cloud vendors in the cloud 
value chain.  
 
2. Components of Cloud computing: 
The fig 1.shows different components of cloud.Each 
component plays unique role at different level. 
 

 
Fig 1: Components of Cloud Computing 
2.1 Clients 

 
A cloud client consists of computer hardware and/or 
computer software which relies on cloud computing 
for application delivery 
 
2.2 Services 

 
A cloud service includes "products, services and solutions that 
are delivered and consumed in real-time over the Internet. For 
example, Web Services which may be accessed by other cloud 
computing components. 
 
2.3 Applications 

 
A cloud  application that is delivered over the platform of the 
web to an end user, typically leveraging the application 
through a browser, often eliminating the need to install and 
run the application on the customer's own computer, thus 
alleviating the burden of software maintenance. 
 
2.4 Platform 

 
A cloud platform, such as Platform as a service, the delivery 
of a computing platform, and/or solution stack as a service, 
facilitates deployment of applications without the cost and 
complexity of buying and managing the underlying hardware 
and software. 
 
2.5 Storage 

 
Cloud storage involves the delivery of data storage as a 
service, including database-like services, often billed on a 
utility computing basis. 
 
2.6 Infrastructure 

 
Cloud infrastructure, such as Infrastructure as a service, is the 
delivery of computer infrastructure, typically a platform 
virtualization environment, as a service. 
 
3. Services Provided by Cloud Computing 

 
The fig.2 shows services provides by the cloud. Cloud 
Services made available to users on demand via the Internet 
from a cloud computing provider's.A cloud service can 
dynamically scale to meet the needs of its users.and because 
the service provider supplies the hardware and software 
necessary for the service, there’s no need for a company to 
provision or deploy its own resources or allocate IT staff to 
manage the service.  Examples of cloud services include 
online data storage and backup solutions, Web-based e-mail 
services, hosted office suites and document collaboration 
services, database processing, managed technical support 
services and more. 
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                      Fig 2: Services of Cloud computing 
 

3.1  Software as a Service (SaaS)  
 
 SaaS  is becoming an increasingly prevalent delivery model   
as   underlying technologies that support  Web services  and 
service-oriented architecture  (SOA) mature and  new 
developmental approaches, such as  Ajax. The software 
applications like CRM, Office Suite, Email, etc., are offered as 
a service through the Internet. The applications are hosted on a 
highly scalable infrastructure and it is offered over the internet 
Users can access it using an ordinary web browser, without 
any need to install software in their local computer. 
Companies like Google, , Salesforce, Microsoft, 
offer their applications as a service to the end users 

3.2  Platform as a Service (PaaS) 
 

Platform as a Service (PaaS) is an abstracted and integrated 
cloud-based computing environment that supports the 
development, running, and management applications. 
Developers can code the applications and upload it into the 
platform (offered as a service) and run the application on the 
cloud infrastructure. It helps developers to scale their apps 
without worrying about building the infrastructure. The 
platform scales automatically based on the resource needs of 
the app, without any efforts from the developer Services like 
Google App Engine, Bungee Connect and Force.com are 
examples for PaaS. 
 
3.3  Infrastructure/Hardware as a Service (HaaS) 
 
 Infrastructure as a Service (IaaS) is a way of delivering cloud  
Computing infrastructure- servers, storage, network and 
operating systems – as an on-demand service. Rather than 
purchasing servers, software, datacenter space or network 
equipment, clients instead buy those resources as a fully 
outsourced service on demand. It is actually computing power 
offered through a virtualized environment rather than a 
physical hardware. Some examples of services offered in this 
category include Amazon’s EC2 and S3, Mozy, GoGrid, etc.   
3.4 Data security as a Service (DSaaS) 

 

Because cloud-based services use the Internet, storing data in 
the cloud can be risky and can mean less control over your 
data.DSaaS (Data Security as a Service) provides 
acomprehensive real time continuous data security & 
enforcement solution. 
 
4 . Benefits of Cloud Computing 
 

 
 
       Fig.3  Advantages of Cloud Computing 
 
Cloud computing offers numerous advantages both to end users 
and businesses of all sizes. The obvious huge advantage is that 
you no more have to support the infrastructure or have the 
knowledge necessary to develop and maintain the 
infrastructure, development environment or application, as 
were things up until recently. The burden has been lifted and 
someone else is taking care of all that. Business are now able to 
focus on their core business by outsourcing all the hassle of IT 
infrastructure.Some of the advantages are listed below. 
 
1. Cost Efficiency :  
 
The cloud is in general available at much cheaper rates than 
traditional approaches and can significantly lower the overall 
IT expenses. At the same time, convenient and scalable 
charging models have emerged (such as one-time-payment and 
pay-as-you-go), making the cloud even more attractive. 
 
2.  Convenience and continuous availability: 
clouds offer services that are available wherever the end user 
might be located. This approach enables easy access to 
information and accommodates the needs of users in different 
time zones and geographic locations. 
 
4. Scalability and Performance: 

 
Scalability is a built-in feature for cloud deployments. Cloud 
instances are deployed automatically only when needed and as 
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a result, you pay only for the applications and data storage you 
need. 
 
5. Quick deployment and ease of integration: 

 
A cloud system can be up and running in a very short period, 
making quick deployment a key benefit. On the same aspect, 
the introduction of a new user in the system happens 
instantaneously, eliminating waiting periods. 
 
6. Increased Storage Capacity: 
 
The cloud can accommodate and store much more data 
compared to a personal computer and in a way offers almost 
unlimited storage capacity. It eliminates worries about running 
out of storage space and at the same time It spares businesses 
the need to upgrade their computer hardware, further reducing 
the overall IT cost. 
 
5. Cloud Deployment Model: 
 
There are different deployment models for implementing cloud 
technology. Deployment of a cloud can be done in the 
following ways 
 
 Community Cloud:-  

 
Community cloud shares infrastructure between several 
organizations from a specific community with common 
concerns , whether managed internally or by a third-party and 
hosted internally or externally. For example all Government 
organizations within the state of California may share 
computing infrastructure on the cloud to manage data related 
to citizens residing in California 
 
 Private Cloud:- 

 
Private clouds are operated solely for one organization. They 
may be managed by the organization itself or by a third party, 
and they may reside on-premises or off it. 
 
 Public Cloud:- 

 
A public cloud is established where several organizations have 
similar requirements and seek to share infrastructure so as to 
appliance. In addition, it can be economically attractive as the 
resources (storage, workstations) utilized and shared in the 
community are already exploited. This is the cloud computing 
model where service providers make their computing resources 
available online for the public. It allows the users to access 
various important resources on cloud, such as software, 
applications or stored data.  

 Hybrid Cloud:- 

Hybrid cloud in organizations may host critical applications 
on private clouds and applications with relatively less security 
concerns on the public cloud. The usage of both private and 
public clouds together is called hybrid cloud. 

6. Applications of Cloud Computing  
 

6.1 Cloud Computing in Business 
The business delivery model provides a user experience by 
which hardware, software and network resources are optimally 
leveraged to provide innovative services over the Web, and 
servers are provisioned in accordance with the logical needs of 
the service using advanced, automated tools. For organizations 
currently using traditional infrastructures, a cloud will enable 
users to consume IT resources in the data center in ways that 
were never available before. Companies that employ 
traditional data center management practices know that 
making IT resources available to an end user can be time 
intensive. It involves many steps, such as procuring hardware; 
finding raised floor space and sufficient power and cooling; 
allocating administrators to install operating systems, 
middleware and software; provisioning the network; and 
securing the environment. A cloud dramatically alleviates this 
problem by implementing automation, business work flows 
and resource abstraction that allows a user to browse a catalog 
of IT services, add them to a shopping cart and submit the 
order. After an administrator approves the order, the cloud 
does the rest. This process reduces the time required to make 
those resources available to the customer from months to 
minutes. 
 
6.2 Cloud Computing in Education 
 
Today's IT professionals in educational institutions need to 
respond quickly to increasing demands from students and 
faculty, while coping with fixed or declining budgets and staff. 
In this challenging environment, cloud-based computing has 
become an increasingly attractive option for delivering 
education services more securely, reliably, and economically 
It is one of the fastest-growing industries in the world. The 
need and demand of education never goes down. Cloud 
computing in education opens avenues for better research, 
discussion, and collaboration. It also provides a software 
desktop environment, which minimizes hardware problems. 
Cloud computing also enables classes to be run on remote 
locations. 
 
6.3  Online Entertainment 
 
Most people come on the internet for entertainment; 
therefore, cloud computing is the perfect place for reaching to 
a varied consumer base. Cloud-based entertainment can reach 
any device be it  TV, mobile, set top box, or any other form. 
Better clarity and sound quality gets cloud entertainer more 
customers. 

 The consumers of Televisions now have options of 
going on the Internet and search for ODE (On Demand 
Entertainment)including(but not restricted to) games, news, 
video and audio.Internet giants like Amazon, Hulu, Netflix 
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and Youtube have started cutting into Television industry's 
profits and have become a major force to reckon with in home 
entertainment segment  
 Cloud Computing or internet based computing, 

 which provides on demand storage and compute power to be 
billed in a pay-per-use basis, comes as a perfect strategic fit to 
solve the puzzle of ODE. Cloud Computing can provide a 
solution to the issue of huge requirements in compute and 
storage to provide true ODE. 

 
6.4 Telecommunication 
 
Telecommunication companies can use cloud computing to 
provide both private and public cloud networks to customers 
and organizations for domestic and commercial purposes. 
Cloud communications are Internet-based voice and data 
communications where telecommunications applications, 
switching and storage are hosted by a third-party outside of 
the organization using them, and they are accessed over the 
public Internet. Cloud-based communications services enable 
businesses to embed communications capabilities into 
business applications, such as Enterprise Resource Planning 
(ERP) and Customer Relationship Management (CRM) 
systems. For “on the move ” business people, these can be 
accessed through a smartphone, supporting increased 
productivity while away from the office. These services are 
over and above the support of service deployments of VoIP 
systems, collaboration systems, and conferencing systems for 
both voice and video. They can be accessed from any location 
and linked into current services to extend their capabilities, as 
well as stand alone as service offerings. 
 
 
6.5 Finance and Banking 
 
As the international market grew so did the need for a 
more condensed and easier financial reach. Cloud computing 
eliminates the need for having a separate banking portal and 
client database for every location. This means faster and better 
business. Despite the slow adoption of cloud computing by the 
banking and financial services industry with security and 
reliability being the major concerns, financial institutions are 
quickly resorting to cloud-based services to achieve increased 
agility and lowered total cost of ownership (TCO). Over the 
years financial institutions typically have been consumers of 
cloud-based solutions across generic and non-core services 
like virtualization, datacenter consolidation, storage and 
disaster recovery. Many financial institutions are either 
planning or have implemented in-house private clouds for 
sensitive consumer data and are utilizing the public cloud 
for generic services. As cloud computing capabilities mature 
and become more reliable, multi-tenancy and hybrid cloud 
models will drive increased adoption of cloud-based solutions 

that are focused on core services and achieve cost efficiencies 
and scalability. 
 
7. Major Service Providers of Cloud Computing 
 
7.1 Google 101-Network 
 
Made up of millions of cheap servers, that would store 
staggering amounts of data, including numerous 
copies of worldwide web. It makes search faster, 
helping ferret out answers to millions of queries in a 
fraction of a second. 
 
 
7.2  Microsoft’s Azure 
 
It is a Internet-scale cloud computing and services 
platform hosted in MS data centers. It provides a 
range of functionality to build applications that span 
from consumer web to enterprise scenarios. 
 
7.3 Amazon’s Elastic Compute Cloud-Amazon 
EC2 
This is a web service interface that provides resizable 
computing capacity in a cloud. It is designed to make 
web-scale computing easy for developers. It allows 
developers to pay only for capacity that they actually 
use. 
 
7.4   IBM’s CloudBrust 
 
It is developed for the everyday user. IBM also offers 
private cloud computing services using IBM blue 
services software. 
 
  
8. Conclusion 
 
Cloud computing is an emerging computing paradigm that is 
increasingly popular. Leaders in the industry such as 
Microsoft, Google, and IBM, have provide their initiatives in 
promoting cloud. This paper illustrates the basic concept of 
cloud & their services as well as field where cloud computing 
is used. Cloud computing is changing the way IT departments 
buy IT. Businesses have a range of paths to the cloud, 
including infrastructure, platforms and applications that are 
available from cloud providers as online services. 
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Abstract—Nowadays, the wish for finding experts on a variety 

of daily life issues is increasing. Expert search has been studied in 

diverse environments viz. educational communities, enterprises 

etc. The system suggest a universal expert search problem: expert 

search on the internet, that considers ordinary WebPages and 

people names. It has primarily two challenging issues:  WebPages 

could be of unreliable quality and full of unwanted information; 

The expertise evidence spread in web pages are usually indistinct 

and confusing. Numerous solutions have been proposed to 

address the task of finding experts on the web. In usual 

organizational expert search, relevance is the main concern, so its 

necessary to take advantage of  the huge amount of co-occurrence 

information to evaluate relevance and reputation of an individual 

name for a query theme.This paper proposes a multithreaded 

ranking algorithm that considers ordinary web pages and people 

names. We complement both document and proximity-based 

approaches to expert finding by importing global evidence of 

expertise. The proposed system also deals with the problem of 

person name extraction and disambiguation. Finally the 

proposed system applies NLP techniques to adjust association 

scores among people and words. 

 

Index Terms—Co-occurrence, Expert Search,  

Multithreaded, Proximity-based. 

 

I. INTRODUCTION 

INCE the start of the TREC Enterprise track [2, 3] there 

has been a lot of research on models, algorithms, and 

evaluation methodology for the expert searching chore, i.e. a 

list of people within some given organization those are ranked 

by their expertise on some given topic is returned. Various 

expert search problems were also acknowledged and applied 

in other fields such as question answering [4], online 

environments [5] and educational society [6], [7], [8]. A 

feature shared by many of the models proposed for ranking 

people with respect to their expertise on a given topic is their 

reliance on associations between people and documents. Ex..If 

someone is strongly associated with an important document on 

a given topic, this person is more likely to be an expert on the 

topic than someone who is not associated with any documents  

 

on the topic. 

 

A. Challenges: 

 

In usual organizational expert search, relevance is the main 

factor. However, taking into account the confronts mentioned 

above, we also require to consider a name’s status for a query 

topic as well as the reliability i.e. Trustworthiness of data 

sources. We believe the relevance and reputation can be 

confined by the huge amount of keyword-name and name-

name co-occurrences on the network. Noises could be 

concealed using a large quantity of co-occurrence information, 

as noisy co-occurrences would not emerge repeatedly on the 

web. In particular, we plan to deal with the new difficult issues 

by leveraging the association of experts revealed on the web: 

1) Relevance: Associated candidates i.e. experts should appear 

regularly on many WebPages with the keywords in the query. 

2) Reputation: Associated candidates should appear regularly 

with other people linked to the query, in spite of whether they 

are experts or not.3) Trustworthiness: Related candidates tend 

to occur in high-quality WebPages. 

 

B. Purpose: 

To develop a system that gives optimal solution for current 

expert search problem. The main intention is to find experts on 

variety of daily life issues. The proposed  heat distribution 

based ranking algorithm uses co-occurrence configuration that 

is modeled using a hypergraph.Query keywords are observed 

as heat sources, and individual name which has well-built 

relation with the query (i.e., regularly co-occur with query 

keywords and co-occur with further names associated to query 

keywords) will get the majority of the heat, so as to  rank high. 

To optimize the performance of existing system using 

multithreading, multicore and map reduce or sampling 

techniques. 

C. Objective of the System 

We examine a general expert search problem: finding experts 

on the web, where large numbers of WebPages and people 

names are considered. It has mainly two difficult issues: 

WebPages could be of unreliable quality and full of noises; the 
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expertise evidences scattered in WebPages are usually 

formless and uncertain. We propose to control the large 

amount of co-occurrence information to evaluate relevance 

and reputation of a person name for a query topic. The 

objective is to design a system providing functionality of the 

expert search engine.NLP techniques can be applied for the 

same with name queries. The system should operate in the 

multithreading environment as well. We also try to boost 

performance by reranking based on name pseudo relevance 

feedback. 

 

II. RELATED WORK 

Users of the internet often have the urge to discover 

biographies and data of people of interest. For celebrity 

biographies and facts, Wikipedia is the first choice for number 

of users. However, Wikipedia can only give information for 

personalities for the reason that it has its neutral point of view 

(NPOV) editorial policy. Expert search is a emerging research 

area. Prior approaches for expert search engross constructing a 

knowledge base that includes the descriptions of candidate’s 

abilities within an organization [9].A lot of studies were 

devoted to organizational expert search. 

Aardvarks facilitate users to ask a question, by direct message 

or email, text message or voice. Aardvark then forwards the 

question to the individual in the user’s total network possibly 

capable of answering that question. In comparison with a 

conventional web search engine, where the difficulty lies in 

finding the accurate document to satisfy a user’s information 

requirement, the confront in a social search engine like 

Aardvark lies in discovering  the exact person to complete a 

user’s information need. 

Balog et al. put forwarded a language model framework for 

expert search [10]. Their Model 1 is similar to a profile- 

centric approach where text from all the documents associated 

with a person is amassed to represent that person. Their Model 

2 provides a document-centric strategy which first computes 

the relevance of documents to a query and then accumulates 

for each person the relevance scores of the documents that are 

associated with the person. Generative probabilistic model  

formulated this process. Balog et al. showed that Model 2 

performed better than Model 1 [10] and it turned out to be one 

of the most promising methods for expert search. In their 

subsequent work, Balog et al. attempted to relate and refine 

their language model on a smaller data set containing 

multilingual data which is crawled from Tilburg University’s 

website [10]. 

Expert finding, is a multidisciplinary problem that cross-cuts 

knowledge management, organizational analysis, and 

information retrieval. Recently, a number of expert finders 

have emerged; however, many tools are limited in that they 

are extensions of traditional information retrieval systems and 

exploit artifact information primarily.  

The Expert Locator, developed within a live organizational 

environment, is a model-based prototype that exploits 

organizational work context. The system associates expertise 

ratings with expert’s signaling behavior and is extensible so 

that signaling behavior from multiple activity space contexts 

can be fused into aggregate retrieval scores. Post-retrieval 

analysis supports evidence review and personal network 

browsing, aiding users in both detection and selection. During 

operational evaluation, the prototype generated high-precision 

searches across a range of topics, and was sensitive to 

organizational role; ranking true experts (i.e., authorities) 

higher than brokers. 

 Researchers have examined using supplementary information 

to improve retrieval concert, such as Indegree, PageRank, and 

URL extent of documents [11], person-person similarity [2], 

internal document structures that indicate people’s association 

with document content [12], query expansion and relevance 

feedback using people names[13], [14], nonlocal evidence 

[15], [16], proximity between occurrences of query words and 

people names [17], [18].In the context of organizational expert 

retrieval ,apart from  language models, other methods have 

been proposed. Macdonald and Ounis projected a method 

based on voting and data fusion techniques [19]. Serdyukov et 

al. modeled associations between people and documents as a 

bipartite graph [20].Fang et al. proposed a relevance-based 

discriminative learning framework for expert search 

[21].Many other methods for organizational expert search 

were proposed during TREC Enterprise tracks. 

Two benchmark data sets, W3C [22] and CSIRO [23], are the 

focus of the above organizational expert search works,which 

are  formed after information extracted from the websites of 

World Wide Web Consortium and Commonwealth Scientific 

and Industrial Research Organization. Conversely, searching 

experts on the web is dissimilar from organizational expert 

search in that we recognize ordinary WebPages and people 

names. 

There are other expert retrieval problems. Balog and deRijke 

studied the problem of finding similar experts, given example 

experts [24]. Zhang et al. worked on characteristics of online 

forums and tested using link analysis methods to recognize 

users with high expertise [5]. Liu et al. studied expert finding 

in community-based question answering websites and treated 

it as an IR problem [4]. 

Finally, our work is also related to heat diffusion on graphs. 

The concept of heat diffusion was modified to the discrete 

graph setting, with applications like dimension reduction [6], 

classification [26], social network marketing [27] and online 

advertisement matching [3]. These studies considered 

diffusion in homogeneous graphs. In this paper, we develop a 

diffusion model based on heterogeneous hypergraphs for our 

expert search problem. 

 

 

III. IMPLEMENTATION DETAILS 

The technologically driven world in which we live in has 

increased the necessity for human interaction with system, 

particularly with computer-based system that are used to 

accomplish a vast variety of tasks with the aim of helping the 

user in achieving goal. 

A  Heat Distribution on Hypergraphs 

In a hypergraph, each edge (called hyperedge) can connect 

two or more number of vertices. Formally, let G = (V,E) be a 

hypergraph having vertex set V and edge set E. In our problem 
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background, there are three kinds of objects: people (names), 

words, and WebPages, denoted by P, W, and D, respectively. 

By the co-occurrence association among P and W established 

by WebPages, we can construct a heterogeneous hypergraph.   

A toy example is shown in Fig. 1. W (e) is the PageRank score 

of e’s corresponding webpage. The problem is, given P, W, 

Gpw and query keywords from W, to rank P according to their 

expertise in the topic represented by the query. 

 

 
Fig 1.An example of heterogeneous hypergraph 

 

In our problem, words are queries and we need to get the 

ranking of people. 

 

B Distribution Model 

 

The perception behind the distribution model is as follows: by 

constructing the matrix L, we basically combined the co-

occurrence information among people and words to imitate the 

correlation strength between each couple of objects. This 

aggregation could be supportive for handling the problem of 

noises on the web. After the creation of L, we disseminate heat 

from query keywords (i.e., (17)) on this aggregated structure. 

Intuitively, names having strong connection not only with 

query keywords but also with other related names and words 

will be ranked high. 

 

C  Person Name Identification and Extraction 

 

In order to form document-candidate associations, we need 

to be able to recognize candidates' occurrences within 

documents. In the TREC setting, a list of possible candidates 

is given, where each person is described with a unique person 

id, one or more names, and one or more e-mail addresses. 

While this is a specific way of identifying a person, and 

different choices are also possible (e.g., involving social 

security number instead of, or in addition to, the 

representations just listed), nothing in our modeling depends 

on this particular choice. 

We propose a unified approach for Person name Extraction 

where crawled data from web is applied to module which uses 

Stanford NER which is CRFClassifier which is used for 

building code for developing sequence models. 

Models build with Stanford NERare 4 class models, 7 class 

models and 3 class models  

3 class Location, Person, Organization 

4 class Location, Person, Organization, Misc 

7 class Time, Location, Organization, Person, Money, Percent, 

Date. 

 

D  Algorithm 

 

The algorithm Association Distribution is shown in Algorithm 

1. It has two phases: “Model Development” and “Distribution 

and Ranking.” 

2. In the Model Construction phase, we make use of the given 

data and parameters to build matrix L, which is then used in 

the Distribution and Ranking phase to produce the ranked list 

of people names by repeatedly multiplying the heat 

distribution vector f. 

3. Last step is rank people names according to f. 

 

 E  Filtering by Reranking 

 

The initial reranking algorithm is named One-Time Re-

Ranking. The proposal is that we set top k names from the 

ranking result produced by Association as queries and invoke 

Association a second time. The intention is that the top k 

names can be observed as expert candidates and we could 

boost reputable experts by diffusing heat from these 

candidates. In the next reranking algorithm, we use an iterative 

process to regularly process ranking results. 

 

F Multithreaded Environment and NLP 

 

Above mentioned strategy delivers proper functionality but the 

issue remains for handling large amount of data. Again the  

Problem of scalability can be removed by providing 

mentioned algorithm with multithreading environment. When 

different threads in algorithm are independent of each other 

there multithreading can be applied to improve the running 

speed. The ranking algorithm can be optimized to deliver 

accurate functionality with improved speed. 

While considering the fact of improving association scores 

between documents and people the trustworthiness of 

resources is taken into account. The quality of WebPages we 

are relying on can be checked and page weight can be 

calculated with the help of improved NLP Techniques. 
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 Fig 2: Data flow diagram for expert search on web 

IV. RESULTS AND DISCUSSIONS 

A. Data Set 
 

In order to perform and implement our work a rough data set 

is collected from World Wide Web that consists of ordinary 

web pages and people names. Our experimental datasets were 

extracted from the WebPages which is the result of web 

crawling module. The process for generating our experimental 

data sets is as follows: first we did a sequential scan through 

large number of WebPages to extract all the occurrences of 

author names, are used to find name occurrences. We 

discarded names which did not appear in those English pages. 

After this step we got distinct people names and pages, each of 

which contains at least one person name.  

  We extracted and processed those pages using Stanford  Core 

NLP provides a set of natural language analysis tools that 

takes raw English language text input and give the base forms 

of words like name of companies, people etc. and built index 

for them. 

 

 

B  Performance measurement 

 

We attempt to utilize four baseline algorithms [5] for 

performance measurement. The initial two algorithms are 

straightforward heuristics which pursue the insight about 

topical experts confered in previous section. The first one, 

which is named NameFreq, computes the total number of 

times a name emerges in pages that include all the query 

keywords. Occurrence in each page is weighted by the 

equivalent PageRank score. Thus, NameFreq in fact computes 

the d(i) for a person name i in a query- reliant local context. 

The next one, NameCoFreq, tally the number of distinct 

names which are associated with a name in pages having all 

the query keywords. The third one is the language model-

based algorithm projected in [10], which is one of the most 

well-known methods for organizational expert search, 

indicated by LM. The document-centric method is employed. 

LM arranges people names by the prospect of producing the 

query Q given the name I (i.e., Pr(Q|i), that marginalizes over 

all the credentials associated with i. The last one, RW, is a 

walk-based approach planned in [20] which executes random 

walks on a name-document graph. They adopted the finite 

random walk scheme since it illustrated better performance for 

organizational expert search. 

TABLE 1 

Performance Comparison of Expert Search algorithms 

 
 

 

Three metrics are used for performance evaluation[5]: 

Precision@n (P@n), Mean Average Precision (MAP), and 

Normalized Discount Cumulative Gain (NDCG). P@n is the 

precision at rank n, which is defined as  

 

     
                                       

 
 

 

Average Precision is the average of precision scores after 

each correctly identified relevant expert: 
 

   
            

                                           
 

           

V. CONCLUSION AND FUTURE WORK 

This paper presented a general expert search problem on the 

Web. The proposed system takes advantage of huge amount of 

co-occurrences information on the web and uses the same 

statistics to develop an Association Distribution algorithm. 

Reranking is applied and the person name extraction and 

disambiguation problem is tackled. Proximity based approach 

useful for leveraging the global occurrence of experts and 

helps to rank expert.NLP techniques are employed and 

association scores are adjusted. 

Finding best expert amongst many on World Wide Web is 

again challenging task for further improvement. Also the 

present content based expert finding approach can be extended 

with contextual factors to influence expert finding on web. 

Semantic relatedness of Documents and candidates is 

untouched part of this work. 
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Abstract: - Handwritten Character Recognition is one of the 

important area of pattern recognition. In this paper 13 sets of 

handwritten characters are collected from different users; 

features are extracted by using multilevel 2 dimensional wavelet 

decomposition technique. Wavelet families used are Daubechies 

and Reverse Biorthogonal. Wavelet decomposition is done up to 

three levels i.e. level 6,7 & 8.Features obtained are then train in 

WEKA3.6 machine learning software for different classifiers like 

Multilayer perceptron, K-Nearest Neighbor, Naive Byes Results 

obtained for different classifiers are compared with each other. It 

is observed that multilayer perceptron gives accuracy of 92%for 

8th level of decomposition and 98% for 6th level of decomposition. 

Confusion matrix shows that there is confusion between 

characters with similar shape like O and 0, S and 5. 

Keywords: - Character recognition, DWT, multilayer 

perceptron, Decision tree neural network. 

 

I.INTRODUCTION 

 

Number of algorithms performing task of Handwritten 

Character recognition are developed in last few decades each having 

its own strengths and weakness.  

     One of the important applications of Handwritten Character 

recognition is automatic mail sorting as well as recognition of 

account checks. Many reports of character recognition in English 

have been published but still high recognition accuracy and minimum 

training time of handwritten English characters using neural network 

is an open problem. Therefore, it is important to develop an 

automatic handwritten character recognition system for English 

language. 

   A system capable of recognizing handwritten characters or 

symbols, inputted by the means of a mouse is explained by 

Devireddy and Apparao [1]. Rivals and Personnaz explained a novel 

model selection procedure for neural networks based on least squares 

estimation and statistical tests [2]. Pattern recognition using 

probabilistic methods by using Bayesian decision theory is mentioned 

by Liou & Yang [3].One of the method of pattern recognition is by 

using k-nearest neighbor algorithm which is discussed by Didaci and 

Giacinto [4]. Discrete wavelet transform and discrete cosine 

transform are used for feature extraction by Lawgali, Bouridane [5].A 

General view of statical pattern recognition can be found in [6].A 

good survey of different classification techniques is found in [7]. 

 

II. SYSTEM DESIGN 

 

The functional blocks of Handwritten Character recognition 

System includes Data Collection, Registration, Preprocessing, 

Feature Extraction, and Classification as shown in figure 1.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Figure1. Block Diagram of character recognition system 

 

Data collection is done with the help of digital pen tablet which 

can be easily interface with PC.13 sets of samples including 26 upper 

case letters and 10 numerical digits are collected from 13 different 

users of different age groups each having different writing style. The 

registration process defines the framework in which our system 

operates so that it know what to expect as valid input. Data is then 

preprocessed to simplify pattern recognition problem without 

throwing away any important information. Multilevel 2 dimensional 

wavelet decomposition techniques with following two wavelet 

families for different levels of decomposition are used for feature 

extraction. 

 Daubechies  

 Reverse Biorthogonal  

 

Coefficients obtained after feature extraction are then classified by 

using different classifiers in WEKA machine learning software  

 

III.IMPLEMENTATION 

 

A. Data Collection: 

 

The first stage in any pattern recognition system is data 

collection. Before a pattern is made up of a set of measurement, these 

measurements need to be performed using some technical equipment 

and converted to numerical form. In the case of character recognition, 

such equipment includes video camera, scanners or digital board. As 

mansion in section II characters are generated with the help of digital 

notepad which will generate .jpg file. We have collected 13 sets of 36 

Data Collection 

Registration 

Preprocessing 

Feature Extraction 

Classification 
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characters from 13 different users, thus total we have 468 character 

samples. 

 

B. Registration: 

 

If captured images are in RGB scale. These images have to 

be converted into grayscale format before further processing. Using 

appropriate grayscale thresholding; binary images are to be created. 

So that it will be easy to convert gray images in to binary without loss 

of information.  

 

C. Preprocessing: 

 

Real world input data always, contains some amount of 

noise. One of the primary reasons preprocessing is to reduce noise 

and inconsistent data. Noisy data can obscure the underlying signal 

cause confusion, especially if the key input variable is noisy. 

Preprocessing can often reduce noise and enhance the signal. 

 

D. Feature Extraction: 

 

   Discrete Wavelet Transform is used for Feature extraction 

up to 6, 7 and 8 level of decomposition. Features are extracted by 

using two different wavelet families which are Daubechies 

Reverse Biorthogonal wavelet family. 

Figure 2 shows image obtained for 6th level of decomposition for 

both type of wavelet families 

 

 
 

Figure 2: Reconstructed image for 6th level of wavelet decomposition for 
Daubechies & Reverse Biorthogonal wavelet family respectively. 

 

Feature size for Daubechies wavelet family for 6th level of 

decomposition is 11x21, for 7th level of decomposition is 6x11 and 

for 8th level of decomposition is 3x6 and for Reverse Biorthogonal 

wavelet family for 6th level of decomposition is 15x25, for 7th level of 

decomposition is 10x15 and for 8th level of decomposition is 

7x10.Feature vectors obtained are then converted in .arff file format. 

.arff file is attribute relation file format require for WEKA3.6 

machine learning software for classification process. 

  

E. Classification 

 

WEKA 3.6 Machine learning software is used for 

classification purpose. Advantage of using WEKA is that we can 

select different classifiers and observe their performance. For WEKA 

data can be imported from a file in various formats: ARFF, CSV, 

C4.5, binary. MATLAB code will directly generate input file in .csv 

file or .arff file 

 

Following Classifiers are used to classify features 

1. Multilayer perceptron. 

2. Decision Tree (J48)  

3. K-nearest neighbours’ classifier. (K=1) 

4. Naive Bayes 

Multilayer Perceptron model generated for 7th level of decomposition 

is as shown in Figure3. 

 
 

Figure. 3 .Multilayer perceptron generated for 7th level of decomposition 

 

Classification is done by four different methods as follows  

1. Use as a training set: - The classifier is evaluated on how 

well it predicts the class of the instances it as trained on.  

2. Supplied test set: - The classifier is evaluated on how well 

it predicts the class of a set of instances loaded from a file.  

3. Cross-validation: - The classifier is evaluated by cross-

validation, using the number of folds that are entered in the 

Folds text field. 

4. Percentage split: - The classifier is evaluated on how well it 

predicts a certain percentage of the data which is held out 

for testing. The amount of data held out depends on the 

value entered in the % field. [8][9]. 

Out of 13 sets, 10 sets are used as a training set and 

remaining 3 sets are used as a test set when using first 2 methods of 

classification. We have used 10 folds Cross-validation. When using 

percentage split 66% of data held out for testing. 

 

F. User Interface to the system by GUI 

 

In computing, a graphical user interface(GUI) is a type of 

user interface that allows users to interact with electronic devices 

using images rather than text commands. A GUI is a pictorial 

interface to a program. A good GUI can make program easier to use 

by providing them with a consistent appearance, and with intuitive 

controls [10].A MATLAB GUI is developed for easy interface of the 

user to the system; figures.4 shows GUI created in MATLAB. 

 

 
 

Figure 4. MATLAB GUI 

 

 

IV. RESULT 

 

Testing is done in two ways, firstly test data not included in 

training data (unseen data) and secondly test data included in training 

data(seen data). Following tables shows results for different 

classifiers and for different feature extraction methods. 
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Feature size for Daubechies wavelet family for different 

levels of decomposition is as follows 

 For 6th level feature size is 231 

 For 7th level feature size is 66  

  For 8th level feature size is 18 

Feature size for Reverse Biorthogonal wavelet family for different 

levels of decomposition is as follows 

 For 6th level feature size is 375 

 For 7th level feature size is 150 

  For 8th level feature size is 70 

 

Table1.Percentage of correctly classified characters for unseen and 

seen data when features are extracted up to 8th level of decomposition 

 

Sr. 

No 

Wavelet family Daubechies 
Reverse 

Biorthogonal 

Classifier used 

%Accuracy %Accuracy 

Unseen 

data 

Seen 

data 

Unseen 

data 

Seen 

data 

1 Decision Tree 34 88 37 88 

2 Naive Bayes 42 59 26 54 

3 KNN 56 100 56 100 

4 MLP 48 92 52 98 

 

Table2.Percentage of correctly classified characters for unseen and 

seen data when features are extracted up to 7th level of decomposition 

 

 

Sr. 

No 

Wavelet family Daubechies 
Reverse 

Biorthogonal 

Classifier used 

%Accuracy %Accuracy 

Unseen 

data 

Seen 

data 

Unseen 

data 

Seen 

data 

1 Decision Tree 43 89 44 91 

2 Naive Bayes 50 84 46 81 

3 KNN 74 100 79 100 

4 MLP 61 100 68 98 

 

Table3.Percentage of correctly classified characters for seen and 

unseen data when features are extracted up to 6th level of 

decomposition 

 

 

 

 

 

 

 

 

 

 

Table 4.Percentage of correctly classified characters for Cross 

validation 

 

Table5.Percentage of correctly classified characters for Percentage 

split 

 

 

 

V. CONCLUSION 

 

Percentage accuracy of correctly classified characters is 

more for seen data than unseen data. MLP and KNN classifier gives 

100 % accuracy for seen data .From first three tables it is observed 

that Reverse Biorthogonal wavelet family gives better results than 

Daubechies wavelet family. 

If level of decomposition of DWT is decreased then 

percentage accuracy will increase on the other hand time require to 

build model will increase with decrease in decomposition level 

because large feature size. Compared to other classifiers MLP will 

require highest time to build model. Thus there is tread off between 

Classification accuracy and training speed. If we want high accuracy, 

speed will be  bit slow and if we want high speed we have to 

compromise with accuracy. 

Table 4 and 5 shows that maximum accuracy is obtained 

when decomposition is done at 7th level for 10 fold cross validation 

and for 66% percentage split. Confusion matrix shows that there is 

confusion between similar shape characters like F and P, S and 5, R 

and K.  

 

   

VI. FUTURE SCOPE 

 

The system can be implemented for recognition of small 

case letters as well as Devnagari characters and cursive handwriting. 

In order to align recognized characters in a line MDT (Minimum 

distance Technique) can be used [11]. One approach to increase 

accuracy and reduce training time is combining multiple independent 

feature sets and Classifiers , where the weakness of one method is 

compensated by the strength of another, may improve the recognition 

of individual characters. Promising techniques within this area, deal 

with the recognition of entire words instead of individual characters. 

 

 

 

 

 

 

Sr. 

No 

 

Wavelet family Daubechies 
Reverse 

Biorthogonal 

Classifier used 

%Accuracy %Accuracy 

Unseen 

data 

Seen 

data 

Unseen 

data 

Seen 

data 

1 Decision Tree 37 89 87 24 

2 Naive Bayes 57 97 97 60 

3 KNN 55 100 100 57 

4 MLP 64 98 68 98 

Sr. 

No 

Wavelet 

family 

Daubechies 

 

Reverse 

Biorthogonal 

Decomposition 

level 
6 7 8 6 7 8 

1 Decision Tree 44 58 55 42 57 53 

2 Naive Bayes 61 61 47 59 56 38 

3 KNN 56 71 66 53 68 62 

4 MLP 58 78 66 54 76 66 

Sr. 

No 

Wavelet family Daubechies 
Reverse 

Biorthogonal 

Decomposition 

level 
6 7 8 6 7 8 

1 Decision Tree 32 49 48 32 47 52 

2 Naive Bayes 52 53 50 48 55 47 

3 KNN 46 66 59 44 64 58 

4 MLP 58 78 58 54 76 66 
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Abstract— Mobile computing is a very broad 
term which can be used to define any means of 
using a computer while outside of the corporate 
office. This could include working from home or 
on the road at an airport or hotel. The means to 
perform mobile computing could include kiosks 
used to remotely connect to the corporate office, 
home computers, laptops, tablets or 
smartphones. Specialized or integrated devices 
could also be considered as mobile computing 
devices. This paper is focused on the 
development issues of the Mobile Computing 
Development. This paper explored the various 
technical and development diversity of the 
Mobile Development. 

Index Terms— Development Process, Mobile 
Computing, Operating System, Compiler.  

 
1. INTRODUCTION 

Mobile computing is a very broad term which 
can be used to define any means of using a computer 
while outside of the corporate office. This could 
include working from home or on the road at an 
airport or hotel. The means to perform mobile 
computing could include kiosks used to remotely 
connect to the corporate office, home computers, 
laptops, tablets or smartphones. Specialized or 
integrated devices could also be considered as 
mobile computing devices. 

 
Mobile computing is comprised of several 

different components. While similar to components 
of other technologies, when dealing with mobile 
technology, many of these components take on a 
more critical role in terms of making decisions on 

how to manage these devices. The concept of 
allowing employees to bring personally-owned 
devices to the office is not new to mobile 
technology. While previous generations of 
computing technology could be more closely 
controlled and monitored, mobile devices lend 
themselves very easily to the concept of bring your 
own device. These devices were designed with the 
consumer in mind, allowing consumers, and not the 
enterprise, to drive demand for them. The devices 
have quickly become part of the consumer culture, 
and with the computing power, ease of use, and 
ability to connect virtually anywhere, they have also 
quickly become the desired means for consumers to 
do their work while outside the office.  
The use of the application diversity mobile 

computing can be defined as[1]: 
 Authentication – Authentication is another 

concept that is not new or unique to mobile 
computing, but how it is handled in regards 
to mobile can be quite different from 
previous technologies. The focus with 
mobile devices is not necessarily to protect 
just the device, but to also protect the data 
stored on and accessed by the device.  

 App Stores – The management and 
distribution of applications has traditionally 
been the role of IT. Licensing, centralized 
management and controlled distribution 
have helped ensure uniformity across 
systems.  

 Device Management – Mobile devices are 
designed for consumers, meaning they are 
designed to be managed by the end user. 
Mobile device management (MDM) is an 
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important component of any successful 
enterprise deployment of mobile devices. 
Central management of mobile devices 
allows IT and security departments to ensure 
a level of uniformity and compliance with 
corporate policies. In many industries, 
central management also helps companies 
meet their regulatory commitments when 
dealing with mobile devices. 

 Security – While security affects all areas of 
mobile computing, it is still necessary to call 
it out separately. Mobile devices have 
quickly become the preferred method of 
people accessing email and other services 
when they are not in the office. 

 The characteristics of the Mobile Computing 
can be defined as: 

 Portability – As the name “mobile” implies, 
the devices have to be able to easily move to 
different locations, while remaining 
functional. 

 Connectivity – The ease of being able to 
connect to the Internet and receive or 
transmit data is an essential component to 
mobile computing. Connectivity through 
mobile carriers over a 3G- or 4G-type 
network, as well as WiFi capabilities, is 
basic requirements for mobile devices. 

 Interactivity –The interactivity becomes 
more significant with mobile devices, as 
they typically have less computing power 
than other types of technology.  

 Individuality – Individuality may 
sometimes be overlooked, but it is a basic 
component of the concept of mobile 
computing. Mobile devices, including 
smartphones and tablets, are designed for 
individuals and have become a sort of 
extension to people in many aspects of their 
lives. From this perspective, how individuals 
interact with mobile devices remains unique. 

 

Threats of Mobile Computing can be defined as: 
 Data Loss from lost, stolen, or 

decommissioned  devices 
 Information stealing mobile malware 
 Data Loss and data leakage through poorly 

written third-party applications 
 Vulnerabilities within devices, OS, design, 

and third-party applications 
 Unsecured WiFi, network access, and rogue 

access points 
 Unsecured or rogue marketplaces 
 Insufficient management tools, capabilities, 

and access to APIs (includes personas) 
 NFC and proximity-based hacking 

 
DEVELOPEMENT PROCESS 

Mobile D 
Mobile-D was the first attempt to incorporate 

Agile practices for the development of mobile 
applications. Mobile-D was introduced in 2004 by 
Abrahamsson [2] et al.  as a development 
methodology inspired on Extreme Programming, 
Crystal Methodologies and Rational Unified Process 
(RUP). It is  recommended  to  be  used  by  a  small,  
co-located  team, working in a short development 
cycle. Mobile-D is structured in five phases 
(Explore, Initialize, Productionize, Stabilize and 
System Fix) sequentially arranged. Each phase 
implies a sprint, covering from stakeholder 
identification through system test and delivery.  
Actual  activities  are  founded  upon  principles 
aligned  with  Agile  ground  practices  (e.g.,  Test  
Driven Development, Pair Programming, etc.) In 
spite of its sequential organization, Mobile-D 
encourages iterations.  
MASAM 

Mobile Application Software development based 
on Agile Methodology (MASAM) was presented by 
Jeong, Lee, and Shin [3]. It is based on Extreme 
Programming, Agile Unified Process, RUP and the 
Software and Systems Process Engineering Meta-
model.  The  structure  and  detailed implementation 
of MASAM show a strong tie with Mobile-D and  
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only  introduces  minor  variations,  for  example  a 
management tool harnessed on the Eclipse Process 
Framework. Like  Mobile-D, MASAM  follows  a  
software  life  cycle  based on  the  Agile  approach.   
Hybrid Methodology Design Process 

Rahimian and Ramsin [4] promoted the adoption 
of Agile and risk-based methodologies as an 
appropriate framework for the development of 
mobile systems.  It is based on a combination 
between Agile Methodologies, Adaptive Software 
Development and New Product Development.  To 
structure their methodology, it is proposed to take as 
baseline a generic software development lifecycle 
and customize it with a merger between general 
Agile practices and principles of methodology 
engineering for new product introduction. The 
outcome is the Hybrid Methodology Design Process, 
organized in iterations that cover from the 
generation of the idea until the release of the 
product.  
Scrum 

Scharff  and  Verma [5] conducted  a  study  to  
verify  the effectiveness  of  Scrum  for  the  
development  of  mobile applications. Scrum is an 
iterative and incremental framework commonly used 
with combination with other agile practices.  It uses 
iterations of fixed duration (typically one to four 
weeks) called sprints.  At  the  beginning  of  each  
sprint,  during  the planning,  the  team  commits  to  
complete  a  certain  number  of tasks  established  
from  the  product  backlog  and  documents them  in  
a  sprint  backlog.   
Scrum Lean Six Sigma 

Scrum  Lean  Six  Sigma  (SLeSS)[6]  is  an  
integration approach of Scrum and Lean Six Sigma 
for the development of embedded software  for  
mobile  phones.  This philosophy enables the 
achievement of performance and quality goals,  
While progressively improving the development 
processes in a statistically-controlled basis.  SLeSS  
picks  up  from the  Scrum methodology,  pursuing  
a  combination  of  the  effort  and consistent 
deliveries of the Scrum sprints with the continuous 
process  analysis  and  improvement  model  

represented  by  the Six Sigma methodology: 
Define, Measure, Analyze, Improve, and Control.   
 

TECHNICAL SUPPORT 
Data connections used in mobile computing take 

three general forms. Cellular data service uses 
technologies such as GSM, CDMA or GPRS, and 
more recently 3G networks such as W-CDMA, 
EDGE or CDMA2000. These networks are usually 
available within range of commercial cell towers. 
Wi-Fi connections offer higher performance, may be 
either on a private business network or accessed 
through public hotspots, and have a typical range of 
100 feet indoors and up to 1000 feet outdoors. 
Satellite Internet access covers areas where cellular 
and Wi-Fi are not available and may be set up 
anywhere the user has a line of sight to the satellite's 
location, which for satellites in geostationary orbit 
means having an unobstructed view of the southern 
sky. Some enterprise deployments combine 
networks from multiple cellular networks or use a 
mix of cellular, Wi-Fi and satellite. When using a 
mix of networks, a mobile virtual private network 
(mobile VPN) not only handles the security 
concerns, but also performs the multiple network 
logins automatically and keeps the application 
connections alive to prevent crashes or data loss 
during network transitions or coverage loss.  

Supporting development tools for the mobile 
development are as follows: 
Operating System 

Mobile operating systems are talked in this 
section. This issue involves the most popular 
operating systems such as:  Symbian, Windows, 
Palm OS, BlackBerry, iOS, Android, and Bada. 
Programming Language 

The most useful language for the development is 
JAVA. Java is the robust object oriented 
programming language which is platform 
independent. It is having lots of support for the open 
source applications. 
Supporting Package 

Lots of supporting packages are available for the 
mobile development. The MIDlet Suit provides the 
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functional support with Java programming 
methodology. 

DEVELOPMENT ISSUES 
Technical Design 

Technical Design Issues, which consist of 
network design, capacity planning, response time 
calculations, data compression considerations, 
system availability design and security issues. The 
technical design plays a key role in a mobile 
computing project and offers unique challenges to 
the system professionals. 
Network Design 

 Wireless LAN design issues  

o The number of mobile users who will 
use wireless LAN and the number of 
them active during the peak period.  

o The types of LAN application accessed 
by them. (Keeping in mind that wireless 
LANs will not be acceptable for the 
intended users as they operate at much 
slower speeds than wired LANs).  

o Use of notebook with a wireless NIC as 
a primary and user device.  

o Roaming areas, location & range of 
needed access point.  

o Impact of construction materials in 
single penetration.  

o Preferred technology-spread spectrum or 
frequency hopping.  

o Radio frequency interference from any 
other devices in office, factory or 
campus etc.  

 Wide Area Radio Network Design Issues  

o The need of building a private radio 
network.  

o Most appropriate radio network 
technology for the suite of applications.  

o Matching of user application-usage 
profiles to a given network capacity.  

o Integration of RNA technology with a 
radio network infrastructure.  

o Ensuring good coverage & minimum 
number of dead spots.  

o If distributed wireless network design 
with several MCSSs must be used? 

The Capacity Planning & response time 
Calculations 
A mobile computing application transaction has 

to cover a synchronous set of hardware as well as 
software components before it reaches the 
destination server. Diverse physical links, wireless 
& wired line in between the end user's client 
application software and the information server are 
present in its reverse path too. So scheduling on a 
network requires complex rules, which makes it 
difficult to build a mathematical model to estimate 
response times. Planning reliable capacities in 
advance is a hard task still. The network providers 
give an estimate using complex queuing models or 
rule-of thumb calculation based on the other 
customer's experience. 
Data compression considerations 

As the bandwidth of wireless network is scarce & 
inexpensive it is necessary to compress data to get 
the maximum out of this bandwidth. This is usually 
done in the modem by going beyond the modem 
hardware in reducing the quantity of traffic on 
wireless networks using client application programs 
System availability Design 

Rather than sticking on with the general base 
station hardware & network controllers, redundancy 
& message switches are typically built on fault-
tolerant platforms. Public shared network providers 
must be approached for details of their redundancies. 
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MCSS is another vital component that badly needs 
inbuilt redundancy. 
Security issues 

It is tough to track down securing information by 
unauthorized access. Common security breaches of 
mobile computing applications include, a.  Network 
by criminal elements,   b. Physical breach security at 
communication, c. centers mainly unmanned base 
stations.  D. Interception of credit card authorization 
over, wireless network. E. Careful security 
considerations including on-the air encryption & 
firewalls must be used. 

CONCLUSION 
This paper has explored the various aspect of the 

development. It has discussed the development 
issues of the mobile computing. It has also explored 
the various areas for the technical supports. This will 
useful the future development in mobile 
development research. In future, we will study the 
result over the different practical setups and real life 
applications. 
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