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                                                 (a)                                                                                        (b) 

Fig. 4 (a), (b) are the original and Motion compensated frames (Lecture based) using BBO. 
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Abstract: Computer generated images and animations are getting more and more common. They are used in many 
different contexts such as movies, mobiles, medical visualization, architectural visualization and CAD. Advanced 
ways of describing surface and light source properties are important to ensure that artists are able to create realistic 
and stylish looking images. Even when using advanced rendering algorithms such as ray tracing, time required for 
shading may contribute towards a large part of the image creation time. Therefore both performance and flexibility is 
important in a rendering system. This paper gives a comparative study of various 3D Rendering techniques and their 
challenges in a complete and systematic manner. 
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1. INTRODUCTION 

In the real world, light sources emit photons that 
normally travel in straight lines until they interact with 
a surface or a volume. When a photon encounters a 
surface, it may be absorbed, reflected, or transmitted. 
Some of these photons may hit the retina of an observer 
where they are converted into a signal that is then 
processed by the brain, thus forming an image. 
Similarly, photons may be caught by the sensor of a 
camera. In either case, the image is a 2D representation 
of the environment.  
The formation of an image as a result of photons 
interacting with a 3D environment may be simulated on 
the computer. The environment is then replaced by a 
3D geometric model and the interaction of light with 
this model is simulated with one of a large number of 
available algorithms. The process of image synthesis by 
simulating light behavior is called rendering. 
 

2. GEOMETRY BASED RENDERING 
ALGORITHMS 

In geometry based rendering the illumination of a scene 
has to be simulated by applying a shading model. As 
hardware systems provided more and more computing 
power, those models became more sophisticated. 
Gouraud shading [1] is a very simple technique that 
linearly interpolates color intensities calculated at the 
vertices of a rendered polygon across the interior of the 
polygon. Phong introduced a more accurate model [2] 
that is able to simulate specular highlights. He also 
proposed to interpolate normals instead of intensities 
on rendered polygons, thus enabling more accurate 
evaluations of the actual shading model. Many fast 
methods [3] [4] have also been proposed that 
approximate the quality of Phong Shading. All of these 
models are local in the sense that they fail to model 

global illumination effects such as reflection. A 
comparative study of local illumination methods in 
terms of speed and visual quality is done by Walia and 
Singh [5]. 
There is a second class of illumination models that can 
be applied to polygonal scenes, the so called global 
illumination models. Unlike the local methods, these 
methods are able to simulate the inter-reflections 
between surfaces. Diffuse inter-reflections can be 
simulated by the radiosity method [6], and specular 
reflections are handled by recursive ray-tracing 
techniques [7]. Many more advanced global 
illumination models [8] are also available. However 
they are computationally too complex to be used for 
real time image synthesis on available hardware. 
 
The major problems with Geometry Based Rendering 
are: 

• No Guarantee for the rightness of the models. 
• A lot of computation time is needed. 
• Rendering algorithms are complex and 

therefore call for special hardware if 
interactive speeds are needed. 

• Even if special hardware is used, the 
performance of the system is hard to measure 
since the rendering time is highly dependent 
on the scene complexity.  

 
3. IMAGE BASED RENDERING 

ALGORITHMS 
Traditionally, a description of the 3D scene being 
rendered is provided by a detailed and complex model 
of the scene. To avoid the expense of modeling a 
complicated scene, it is sometimes more convenient to 
photograph a scene from different viewpoints. To 
create images for novel viewpoints that were not 
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photographed, an interpolation scheme may be applied. 
Rendering using images as a modeling primitive is 
called image-based rendering. 
Computer graphics researchers recently have turned to 
image-based rendering due to following reasons: 

• Close to photo realism. 
• Rendering time is decoupled from scene 

complexity. 
• Images are used as input. 
• Exploits coherence. 
• Pre-calculation of scene data/ images. 
 

Instead of constructing a scene with millions of 
polygons, in Image Based Rendering the scene is 
represented by a collection of photographs along with a 
greatly simplified geometric model. This simple 
representation allows traditional light transport 
simulations to be replaced with basic image-processing 
routines that combine multiple images together to 
produce never-before-seen images from new vantage 
points. 
There have been many IBR representations invented in 
the literature. They basically have following three 
categories [9]:  

• Rendering with no geometry 
• Rendering with implicit geometry 
• Rendering with explicit geometry 

3.1 Rendering with no geometry 
We start with representative techniques for rendering 
with unknown scene geometry. These techniques 
typically rely on many input images and also on the 
characterization of the 7D plenoptic function [10]. 
Common approaches under this class are 

• Light field [11] 
• Lumigraph [12] 
• Concentric mosaics [13] 

The lightfield is the radiance density function 
describing the flow of energy along all rays in 3D 
space. Since the description of a ray’s position and 
orientation requires four parameters (e.g., two-
dimensional positional information and two-
dimensional angular information), the radiance is a 4D 
function. Image, on the other hand, is only two 
dimensional and lightfield imagery must therefore be 
captured and represented in 2D form. A variety of 
techniques have been developed to transform and 
capture the 4D radiance in a manner compatible with 
2D [11] [12].  
In Light Field Rendering [11], the light fields are 
created from large arrays of both rendered and digitized 
images. The latter are acquired using a video camera 
mounted on a computer-controlled gantry. Once a light 
field has been created, new views may be constructed 
in real time by extracting 2D slices from the 4D light 

field of a scene in appropriate directions. The 
Lumigraph [12] is similar to light field rendering [11]. 
In addition to features of light field rendering, it also 
allows us to include any geometric knowledge we may 
capture to improve rendering performance.  Unlike the 
light field and Lumigraph where cameras are placed on 
a two-dimensional grid, the 3D Concentric Mosaics 
[13] representation reduces the amount of data by 
capturing a sequence of images along a circular path.  
Challenges: Because such rendering techniques do not 
rely on any geometric impostors, they have a tendency 
to rely on oversampling to counter undesirable aliasing 
effects in output display. Oversampling means more 
intensive data acquisition, more storage, and higher 
redundancy. 
3.2 Rendering with implicit geometry 
These techniques for rendering rely on positional 
correspondences (typically across a small number of 
images) to render new views. This class has the term 
implicit to express the fact that geometry is not directly 
available. Common approaches under this class are 

• View Interpolation [14],  
• View Morphing [15],  
• Joint View Interpolation [16]. 

View interpolation [14] uses optical flow (i.e. Relative 
transforms between cameras) to directly generate 
intermediate views. But the problem with this method 
is that the intermediate view may not necessarily be 
geometrically correct. View morphing [15] is a 
specialized version of view interpolation, except that 
the interpolated views are always geometrically correct. 
The geometric correctness is ensured because of the 
linear camera motion. Computer vision techniques are 
usually used to generate such correspondences. M. 
Lhuillier et al. proposed a new method [16] which 
automatically interpolating two images and tackle two 
most difficult problems of morphing due to the lack of 
depth information: pixel matching and visibility 
handling. 
Challenges: Representations that rely on implicit 
geometry require accurate image registration for high-
quality view synthesis. 
3.3 Rendering with explicit geometry 
Representations that do not rely on geometry typically 
require a lot of images for rendering, and 
representations that rely on implicit geometry require 
accurate image registration for high-quality view 
synthesis. IBR representations that use explicit 
geometry have generally source descriptions. Such 
descriptions can be the scene geometry, the texture 
maps, the surface reflection model etc.  
3.3.1 Scene Geometry as Depth Maps 
These approaches use depth maps as scene 
representation. Depth maps indicate the per-pixel depth 
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values of the reference views. Such a depth map is 
easily available for synthetic scenes, and can be 
obtained for real scenes via a range finder. Common 
approaches under this class are 

• 3D Warping [17] 
• Relief Texture [18] 
• Layered Depth Images (LDI) [19]  
• LDI tree [20] 

When the depth information is available for every point 
in one or more images, 3D warping [17] techniques can 
be used to render nearly viewpoints. To improve the 
rendering speed of 3D warping, the warping process 
can be factored into a relatively simple pre-warping 
step and a traditional texture mapping step. The texture 
mapping step can be performed by standard graphics 
hardware. This is the idea behind relief texture [18]. A 
similar factoring algorithm was performed for the LDI 
[19], where the depth map is first warped to the output 
image with visibility check, and colors are pasted 
afterwards. LDI store a view of the scene from a single 
input camera view, but with multiple pixels along each 
line of sight. Though LDI has the simplicity of warping 
a single image, it does not consider the issue of 
sampling rate. Chang et al. [20] proposed LDI trees so 
that the sampling rates of the reference images are 
preserved by adaptively selecting an LDI in the LDI 
tree for each pixel. 
3.3.2 Scene Geometry as Mesh Model 
Mesh model is the most widely used component in 
model-based rendering. Despite the difficulty to obtain 
such a model, if it is available in image-based 
rendering, we should make use of it to improve the 
rendering quality. Common approaches that use mesh 
models as scene representation are 

• Unstructured Lumigraph [21] 
• Spatial-temporal view interpolation [22] [23] 

Buchler et al. proposed the unstructured Lumigraph 
rendering [21], where weighted light ray interpolation 
was used to obtain light rays in the novel view. One 
concern about the mesh model is that it has a finite 
resolution. To remove the granular effects in the 
rendered image due to finite resolution, a model 
smoothing algorithm was applied during the rendering, 
which greatly improved the resultant image quality  
[22] [23]. 
3.3.2 Scene Geometry with Texture Maps 
As texture maps are often obtained from real objects, a 
geometric model with texture mapping can produce 
very realistic scenes. Common approaches that use 
texture maps with scene geometry as scene 
representation are 

• View dependent texture map [24] [25]  
• Image-based visual hull [26]  

 
Debevec et al. proposed view dependent texture 
mapping (VDTM) [24], in which the reference views 
are generated from the texture map through a weighting 
scheme. The weights are determined by the angular 
deviation from the reference views to the virtual view 
to be rendered. Later a more efficient implementation 
of VDTM was proposed in [25], where the per-pixel 
weight calculation was replaced by a per-polygon 
search in a pre-computed lookup table. The image-
based visual hull (IBVH) algorithm [26] can be 
considered as another example of VDTM. In IBVH, the 
scene geometry was reconstructed through an image 
space visual hull [27] algorithm. Note that VDTM is in 
fact a special case of the later proposed unstructured 
Lumigraph rendering [21]. 
3.3.4 Scene Geometry with Reflection Model  
Other than the texture map, the appearance of an object 
is also determined by the interaction of the light 
sources in the environment and the surface reflection 
model. Common approaches that use Reflection model 
with scene geometry as scene representation are 

• Reflection space IBR [28] 
• Surface light field [29] 

In [28], Cabral et al. proposed reflection space image-
based rendering. Reflection space IBR records the total 
reflected radiance for each possible surface direction. 
The above method assumes that if two surface points 
share the same surface direction, they have the same 
reflection pattern. This might not be true due to 
multiple reasons such as inter reflections. Wood et al. 
proposed improved surface light field [29] which also 
considers the concept of inter reflections. 
Challenges: Obtaining source descriptions from real 
images is hard even with state-of-art vision algorithms.  
3.4 Sampling and Compression 
Once the IBR representation of the scene has been 
determined, one may further reduce the data size 
through sampling and compression [9] [30]. The 
sampling analysis can tell the minimum number of 
images / light rays that is necessary to render the scene 
at a satisfactory quality. Compression, on the other 
hand, can further remove the redundancy inside and 
between the captured images. Due to the high 
redundancy in many IBR representations, an efficient 
IBR compression algorithm can easily reduce the data 
size by tens or hundreds of times. 
 

4. IMPORTANCE OF IBR 
Traditionally, virtual reality environments have been 
generated by rendering a geometrical model of the 
environment using techniques such as polygon 
rendering or ray-tracing. In order to get a convincing 
image, both the geometrical model and the rendering 
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algorithms have to be complex and therefore call for 
special hardware if interactive speeds are needed. Even 
if special hardware is used, the performance of the 
system is hard to measure since the rendering time is 
highly dependent on the scene complexity. In 
simulators, for example, it is not acceptable to have a 
low frame rate when the view is complex, since it 
introduces a time lag in the control loop where persons 
play an important role. Creating systems able to 
perform well in worst cases is expensive. 
Image-based rendering is a better approach as by 
sampling the light distribution in the scene to be 
rendered, typically by taking photographs from 
different positions and in different directions, it is able 
to present new views of the scene. The algorithms used 
are relatively fast and several commercial 
implementations for use on ordinary personal 
computers exist, of which the QuickTime VR system 
[31] from Apple Computer is the best known today. 
Image-based systems have a fixed rendering time, 
independent of the scene complexity, which simplify 
system construction. 
In addition to the above, many other forces have 
contributed to the recent research work in the area of 
image-based rendering. Among these are: 

• Our ability to render models has begun to 
outpace our capacity to create high-quality 
models. 

• The limited computational capabilities and 
lack of powerful 3D graphics hardware 
support in mobile/ hand held devices. 

• The availability of inexpensive digital image 
acquisition hardware. 

• Recent trends in computer graphics 
accelerator architectures. 

Image Based Rendering approach to visualize real-
world or synthetic scenes on mobile devices, has been 
proposed in [32] [33] [34]. For the mobile devices that 
are equipped with wireless network, client-server 
framework with IBR can be utilized to increase the 
performance. 
 

5. RESULTS AND CONCLUSION 
We have surveyed the rendering techniques which have 
two main classifications: Geometry Based Rendering 
and Image Based Rendering.  
In geometry based rendering techniques, we found that 
the shading quality obtained from Phong shading 
Model is better as compared to Gouraud shading Model 
but it is computationally more expensive. A 
comparison is shown below in Figure 1. 
 
 

 

 
Figure 1 (a) Image 
Generation using 
Gouraud Shading 

 
Figure 1 (b) Image 
Generation using  
Phong Shading 

 
In addition these models do not simulate the global 
illumination effects. The global illumination models are 
computationally too complex to be used for real time 
image synthesis on available hardware. 
Alternative approach is Image Based Rendering. We 
found that all the IBR representations originate from 
the 7D plenoptic function [10], which describes the 
appearance of the world. As the 7D plenoptic function 
has too much data to handle, various approaches have 
been proposed to reduce the data size while still giving 
the viewer a good browsing experience. Such 
techniques are widely adopted in the real world.  For 
example, Figure 2(a) shows the original image. Figure 
2(b) and Figure 2(c) shows the two views of original 
image generated by 3D warping. 

 
Figure 2(a) Original Image 

 
Figure 2(b) Generated 

view through 3D 
Warping 

 
Figure 2(c) Generated 

view through 3D 
Warping 

 
As compared to Geometry Based Rendering, the 
rendering process in IBR is usually very fast and can be 
implemented with software. However, hardware 
acceleration will be definitely helpful for future high-
resolution IBR rendering. As most operations in IBR 
rendering are simple mathematical operations such as 
linear interpolation, and most IBR rendering process 
can be performed in parallel, we expect that such 
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hardware is not difficult to develop and can 
dramatically increase the rendering speed. 
 
No matter how much the storage and memory increase 
in the future, sampling and compression are always 
useful to keep the IBR data at a manageable size. The 
work on sampling and compression, however, has just 
started. There are still many problems which remain 
unsolved, such as the sampling rate when certain 
source description is available. A high compression 
ratio in IBR seems to rely heavily on how good the 
images can be predicted, which depends on, e.g., how 
good a certain source description can be reconstructed. 
Joint work between the signal processing community 
and the computer vision community is highly expected 
in this regard. 
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Abstract: Hand written numeral recognition is one of the emerging areas in Computer Science related applications. 
This paper describes the application of Artificial Neural Network in Numerals recognition especially from 
handwritten documents for both the Bengali as well as English Numerals. The paper also deals with the 
computational analysis on the recognition output obtained from the neural network with the help of particle swarm 
optimization technique. The contribution to the research area from this paper is that, the proposed algorithm with 
PSO depicts that the normal training and testing efficiency obtained from the existing dataset is higher than the 
training testing efficiency with neural network based approach. The Present paper also focuses the PSO with 
mutation concept.  The said work can be extended to the hybridized approach with the application of genetic 
algorithm along with other optimization technique like ACO (Ant colony optimization), and BFO etc. 
 
 
                   1. INTRODUCTION  
 Pattern recognition a topic of machine learning is "the 
act of taking in raw data and taking an action based on 
the category of the data". Most research in pattern 
recognition is about methods for supervised learning 
and unsupervised learning. The patterns to be classified 
are usually groups of measurements or observations, 
defining points in an appropriate multidimensional 
space. Recognition is a process of establishing a match 
between some new stimulus and previously stored 
stimulus patterns. 
 
    2. FEATURE EXTRACTION TECHNIQUE 
The Preprocessing steps involved the following stages: 
[1] 
Image Sensing and Acquisition 
Image Sampling And Quantization Representing 
Digital Images  
Thresholding 
Binarization  
 2.1 Feature Extraction 
Any object or pattern, which can be recognized and 
classified, possesses a number of discriminatory 
features or properties. More preciously, features are the 
measured descriptive of a pattern which characterizes 
the membership of a pattern in a certain class. The task 
of feature extraction is to reduce the data by measuring 
“features” or “properties” that distinguish between 
different numerals. These features are then passed to a 
classifier that evaluates the evidence presented and 
makes a final decision. Feature selection and extraction 
plays an important role in pattern recognition. 

Typical digit patterns of first ten natural numbers (0 to 
9) taken from Bengali and English scripts are shown in 
the adjoining figure.  
 

 
 The decimal digit set of Bengali Script 
 

 
 The decimal digit set of English Script 
 
2.2 Feature Extraction Schemes 
The feature sets selected for the present work consists 
of 24 shadow features, 36 additional longest run and 16 
concentration features. 
Shadow Feature Extraction 
For computing shadow features, each character image 
is enclosed within a minimal square, divided into eight 
octants. Lengths of projections of character images on 
three sides of each octant are then computed. Each such 
length is then being divide with the maximum possible 
length of projection on the respective side to extract 
one feature.[3] Finally all such projections on each of 
the 24 sides of all octants are summed up to produce 24 
shadow features of the character image under 
consideration. For taking the projection of an image 
segment on one side of an octant, existence of a 
fictitious light source in the opposite side is assumed. 
Longest Run Feature Extraction  
For computing longest-run features from a character 
image, the minimal square enclosing the image is 
divided into 9 overlapping rectangular regions. 
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Coordinates (r, c) of top left corners of all these regions 
are given as follows: {(r, c) | r=0, h/4, 2h/4 and c=0, 
w/4, 2w/4}, where h and w denote the height and the 
width of the minimal square respectively.  In each such 
rectangular region, 4 longest-run features are computed 
row wise, column wise and along two of its major 
diagonals. [7] 
The row wise longest-run feature is computed by 
considering the sum of the lengths of the longest bars 
that fit consecutive black pixels along each of all the 
rows of a rectangular region. The three other longest-
run features are computed in the same way but along 
the column wise and two major diagonal wise 
directions within the rectangle separately. Thus, in all, 
9x4=36 longest-run features are computed from each 
character image.  
Concentration Feature Extraction  
In this technique for the concentration of Black pixel 
for every octant we found out the mean value along X-
direction & Y-directions. Mean values what we get are 
normalized. We get 16 features i.e. 2 normalized values 
in two directions from one octant. 
So from above described three feature extraction 
technique we get total 24+36+16=76 feature for a 
character image which is to be recognized.  
 
      3. IMPLEMENTATION & RESULT 
 The Present work has implemented Artificial Neural 
 Network based supervised learning approach Using 
 Back Propagation algorithm. The Result is shown 
 below. 
 
ENGLISH DATA SET: 
logsig,  
logsig 

Train 
efficiency 
(%) 

Test efficiency 
(%) 

20,10 95.05 94.35 
30,10 95.35 94.90 
40, 10 95.32 94.55 
50,10 95.38 94.75 
60,10 95.45 94.95 
70,10 95.62 95.10 
80,10 95.20 94.80 
90,10 95.57 95.05 
100,10 95.50 94.75 
110,10 95.42 94.85 
120,10 95.72 94.55 
 
From the Table it is clear that the maximum test 
efficiency 95.10% for the combination of (70, 10) 
neurons. 

From the Table it is clear that the maximum train 
efficiency 95.72% for the combination of (120, 10) 
neurons. 
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Bengali Data Set 
For Bengali Feature Set we can calculate the train & 
test efficiency each & every time we are varying the 
number of neurons(10,20,30,……) in the hidden layer 
but the output layer’s neuron always constant(10). 
For Bengali data set it has been tested   that the 
maximum test efficiency 94.35% for the combination 
of (90, 10) neurons. 
From the Table it is clear that the maximum train 
efficiency 95.62% for the combination of (120, 10) 
neurons. 
 

4. PARTICLE SWARM OPTIMIZATION 
Particle swarm optimization (PSO) is a population 
based stochastic optimization technique developed by 
Dr. Eberhart and Dr. Kennedy in 1995, inspired by 
social behavior of bird flocking or fish schooling. PSO 
shares many similarities with evolutionary computation 
techniques such as Genetic Algorithms (GA). The 
system is initialized with a population of random 
solutions and searches for optima by updating 
generations. However, unlike GA, PSO has no 
evolution operators such as crossover and mutation.[7] 
In PSO, the potential solutions, called particles, fly 
through the problem space by following the current 
optimum particles.  
 
5. THE PSEUDO CODE OF THE PROCEDURE IS 
AS FOLLOWS 
Foreach particle  
    Initialize particle 
END 
 
Do 
    For each particle  
    Calculate fitness value 
        If the fitness value is better than the best fitness 
value (pBest) in history 
            set current value as the new pBest 
    End 
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    Choose the particle with the best fitness value of all 
the particles as the gBest 
    For each particle  
        Calculate particle velocity according equation (a) 
        Update particle position according equation (b) 
    End  
 

6.  RESULTS 
The correct percentage for training set recognition 
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7. COMPUTATIONAL ANALYSIS &  GENETIC 

ALGORITHM BASED OPTIMIZATION 
 Mutation operation in GA introduces variations into 
the chromosomes. This variation can be global or local. 
The operation occurs occasionally (usually with small 
probability Pm) but randomly alters the value of a 
string position.  
Each bit of a bit string is replaced by a randomly 
generated bit if a probability test is passed. Within a 
specific probability, certain digits will be altered from 
either 0 to 1 or 1 to 0 in binary coding. 
 

 
The Present paper also analyses the computational 
analysis of the output with PSO and PSO without 
mutation. 
The correct percentage for training set recognition 
   29.7750      
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Abstract: The significant localization of desirable features to skull structures of cephalograms are clinically 
useful for cephalometric diagnosis, superimposition and treatment planning for malocclusion. For computation 
of analysis steps and for determination of underlying structures, provided landmarks should be correctly 
localized. Due to the complexity of human anatomy sensed in a cephalometric x-ray, the landmarks are localized 
by human experts. In the last few years, efforts have been made to automate this process. In this paper a novel 
methodology has been stated for localization of cephalometric landmarks. A combination of Multilayer 
Perceptron and Back propagation algorithm has been introduced to localize the landmarks. A set of fifty images 
has been used for training the neural network, at first nasion, gonion and menton are located manually on each of 
the 50 images, further based on the location of these three landmarks 21 features has been extracted from each of 
the training images. Now these 21 features exhibit as they represent each image. Now a Multilayer Perceptron 
(MLP) neural network has been trained with these 21 features as the input layer with reference to the output 
layer. After training the MLP is used to detect the location of landmark based on knowledge obtained by trained 
neural network. 
Keyword: Cephalometric; Cephalogram; Multilayer Perceptron; Malocclusion
 
 

1.  INTRODUCTION 
Cephalometry is the science of measuring the human 
head in living individuals to diagnose craniofacial 
growth and development. This is an orthodontic 
application for assessing craniofacial growth using 
the measurement of the dimension of head through 
standardized lateral skull radiograph or cephalogram. 
These measurements are done by many studies which 
are based on analysis of sets of feature points called 
Cephalometric Landmark in hard and soft tissue. 
Orthodontics, orthopedics, and other areas of oral and 
maxillofacial surgery are used x-ray images to detect 
landmark points to perform analysis and 
measurements of the various angular and linear 
parameters. 
Currently a cephalometric analysis is manually 
intensive, and it can take an experienced orthodontist 
up to thirty minutes to analyses one cephalogarm. 
General step of cephalometric analysis is taking 
photographs and radiograph, tracing the radiograph, 
identify landmark, measurement, compare to normal 
at last identify class of malocclusion or abnormality. 
Figure2 demonstrates location of different 
cephalometric landmarks on human skull. It was the 
first time when Cardillo et. al. [1] proposed a soft 
computing based approach for detecting 
Cephalometric landmarks. Later a number of 
researchers [2, 3, 4] demonstrated their effort for 
detecting landmarks by soft computing approach. 
The remainder of this  

 

 

paper is organized as follows Contribution is 
depicted in Section 2, it shows that how the new 
method are suitable for extracting most of the 
landmarks required for cephalometric analysis and in 
Section 3 by describing the result and discussion, it is 
manifested that how the approach is efficient for 
fulfilling the requirement. 

 

 
Fig. 1: Features extracted using these three points 
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2. FEATURE EXTRACTION 
Feature means some geometrical parameter which 
representing a specific image. For feature extraction a 
graphical user interface (GUI) has been designed. 
Firstly using GUI three landmark points are marked 
on each image then using these three point extracting 
21 features are extracted from each image. These 
feature parameter measures the exact position of 
skull and rotation of skull according to relative 
position.  
 

 

Fig. 2 Landmark locations 

The distance between two points having coordinate 
(x1, y1) and (x2, y2) are calculated as: 
 

 
 
And for calculating angle between two line 
 

 

 
Where angle between two line and m is slope of  
 
the line,              

 
For calculating area of polygon, by considering a 
polygon made up of line segment between N vertices 
(xi,yi), i=0 to N-1. The last vertex (xN,yN) is 
assumed to be the same as the first i.e. the polygon is 
closed. The area of polygon is defined as: 

  
 

For calculating centroid as in the calculation of the 
area above, xN is assumed to be x0, in other words the 
polygon is closed. 

 

  
 

 

 
Fig. 1 depicts how features are extracted using three 
point A,B,C and other point E,F,G and H which are 
all corner coordinate of images. Table 1 describes 21 
features, like area, distances, perimeter, angle. By 
considering these features according to the fig. 1 a 
representation of each image has been demonstrated. 
 

Table 1: Describes feature name and description. 
These features denoted in a matrix structure, 

represents the input data set 

S.N0. Name  Description 
1. AB Distance between point A and B 
2. BC Distance between point B and C 
3. CA Distance between point C and A 
4. FH Distance between point F and H 
5. Dx Horizontal coordinate of triangle 

centroid.  
6. Dy Vertical coordinate of triangle 

centroid. 
7. DE Distance between point D and E 
8. DF Distance between point D and F 
9. DG Distance between point D and G 
10. DH Distance between point D and H 
11. M X coordinate of image size 
12. N Y coordinate of image size 
13. O1 Angle between line AB and BC 
14. O2 Angle between line BC and CA 
15. O3 Angle between line AB and CA 
16. O4 Angle between line DC and vertical 
17. A Area of triangle ABC 
18. Pr Perimeter of triangle ABC 
19. DA Distance between  D and A 
20. DB Distance between D and B 
21. DC Distance between point D and C 
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Figure 3 revels the proposed methodology. 
According to the flow chart at first the image on 
which we want to perform operation, or 
cephalometric analysis are loaded, later using GUI 
three points A, B and C are manually marked. The 
next approach is feature extraction, using these three 
points as well as other four corner of image explained 
in table 1, and then these features are feed through a 
trained/simulated neural network and at last desired 
landmark locations are obtained as a network output. 
 
3. NETWORK STRUCTURE AND TRAINING 
For training the neural network we are using three 
layers MLP and for updating the weight and biases 
back propagation algorithm have been used on the 
basis of least mean square. In this application MLP 
made up with three layers as input layer, hidden 
layer, output layer as it shown in fig. 4 showing the 
architecture of MLP      
As explain earlier using three points 21 features are 
extracted for 50 images which generates an input 
dataset this dataset randomly divided into three 
dataset, these are training data set, cross validation 
data set, testing dataset. This input dataset used as an 
input layer corresponding with output dataset i.e. 
location of the landmarks, trains/updates connection 

weight according to the back propagation algorithm. 
We start training procedure consisting 15 hidden 
layers and it increases up to 22 layers as per the 
increasing hidden layer, the convergence time 
increases, error is decreases until the stable structure 
reached. Network works as a mapping function 
which maps the input output relations corresponding 
to the data set, this procedure continue until the  
mean square error reduces by .   
 

4. RESULT  
We performed experiment on 255 gray level images 
of 300 dots per inches using MATLAB neural 
network toolbox on Intel (R) Pentium (R) D CPU 
3.40 GHz processor, 2GB RAM computer. Network 
takes 20-30 minute to train but after training it 
simulates within micro second. We used variable 
learning rate gradient descent back propagation 
algorithm, 21 hidden layers, 0.01 learning rate with 
these parameter network are trained. The error rate 
varies from 2-5 mm for different landmark locations. 
By the observation it can be stated that some of the 
landmarks are located at exact location but some is 
error prone. Fig. 4 showing the result how using three 
points the other landmarks are located.  
 

 
Fig. 5:  Result of landmark 

 

 

 

 

Location of landmark 

Feature feed through the 
trained neural network 

Feature Extraction using 
these three Points 

Mark three point using GUI 

Fig 4: Architecture of MLP 
 

Fig. 3: Demonstrates the proposed 
 

 

Load the Image 
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Table 2  Obtained Result 

S.No. Landmarks Max. Diff. 

(mm) 

Min. 
Diff. 
(mm) 

Avg. 
Diff. 

(mm) 

1. Porion 8.2 2.3 5.2 

2. Sella 5.6 1.0 3.3 

3. Orbital 5.8 1.0 2.6 

4. Upper 
incisor root 

6.4 0.7 3.3 

5. Upper 
incisor tip 

7.3 0.9 3.4 

6. Gnathion 5.9 0.7 2.7 

7. Pogonion 5.7 0.3 2.7 

8. B-Point  3.8 0.1 2.1 

9. PNS 2.8 1.1 1.8 

10. ANS 8.2 1.4 3.9 

11. A – point 7.5 1.0 3.5 

12. Lower 
incisor root 

5.0 1.0 2.8 

13. Lower 
incisor tip 

6.0 1.1 3.2 

 
 
 

5. . CONCLUSION 
In this paper we proposed semi automatic landmark 
localization on 2-D cephalogram can be find out 
approximate location of landmark. We expect that if 
we increase data set we can find out exact location of 
landmark. Using only 50 images data set we located 
76 % of the landmark with some variation. 
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Abstract: Image Processing is technique by which we can process any image to extract the real information i.e. 
useful information from the image. Sometimes we require some specific part of the image to process and for it we 
have to select that portion only. This technique of selecting useful portion is called cropping. 
 

 
1. INTRODUCTION 

An image may be defined as a two dimensional 
function f(x, y), where x and y are spatial coordinates 
and the amplitude of f at any pair of coordinates (x, y) 
is called the intensity or gray level of the image at that 
point. Image processing is type of signal processing in 
which we have image as a input and we process it by 
applying some operations on the selected pixels to get 
some useful information out of it. In image processing 
we can improve the image to appear it better i.e. in 
context of our information extraction from given 
image. Image processing is of many types like digital 
image processing, optical image processing and analog 
signal processing.  

In image processing technique we consider 
any image as multi dimensional matrices depending on 
the format of the image. The task that can be performed 
by image processing is color correction, compression 
decompression of the image, image recognition and 
image cropping.  

Two broad categories in image processing 
includes the modification in quality of picture like 
color, sharpness etc. and other is resizing like cropping. 
In first type of processing we need to modify the 
amplitude level and in the second category type 
processing we select or reject some pixels value which 
are not desired. Cropping an image means creating a 
new image from a part of an original image. It is real 
important task as it may be needed to extract some 
specific part of an image or to change aspect ratio of an 
image, as aspect ratio is major concern in film making. 
It is generally used to remove the unwanted or 
irrelevant detail from the photo.  
 

2.  CROPPING SHAPES 
We generally use rectangular cropping due to ease of 
its implementation. But what if we have to remove red 
eye and eye use to be circularly crop, and in another 
example if we have to use face recognition and we have 
to scan only retina of the eye which is also in circular 
form so circular crop is equally important as well. So 
that the triangular and square cropping. Different 
shapes in which we can crop the image is given as 

A. Rectangular Crop: it is easiest to crop image in 
rectangular form because we have to just select two 
coordinates on the image and using MATLAB we 
decide other two coordinates and the image is cropped 
in rectangular format. 
B. Circular crop: In this type of cropping we select 
center of the circular form in which we have to crop the 
image, then we select other point on the image to 
decide the cropped image radius. In implementation of 
circular crop we use locus of the circle to crop the 
image in circular form. It is the most useful shape to 
crop any image in this form.  
The locus use for cropping image in circular form is 
given by 
                    
                 (x - a)2 + (y - b)2 = R2 

 

Where h and k are the x- and y-coordinates of the 
center of the circle and r is the radius. 

 
 
 C. Square Crop: To crop any image in square form 
we have to define two points on the image for corner 
points and then we define points by this coordinate 
such that x=y=d, where d is some constant.         
D. Triangular Crop: Because triangular shape doesn’t 
have regular locus point, we have to use some other 
technique to crop image in triangular form. For 
cropping image in triangular form we check pixels of 
the image, in which side of the lines of the triangle, 
does the pixel lie, and if it lies inside the triangle we 
select it otherwise we reject it.  
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Original Image 
 

 

 
 

Cropped image in rectangular shape 
 

 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
            
    
 
 
 
 

 
Cropped image in exact Circular shape. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Cropped image in Square shape. 
 
 
 

          
 

Cropped image in Triangular Shape 
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3.  CONCLUSION: 
Cropping in different shape is quite important, for e.g 
in case of red eye detection and in another example if 
we use face recognition system then it should 
automatically select the desired portion of the face to 
recognize it like retina of the eye. We can use image 
processing by MATLAB to crop any image in any 
shape.  
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Abstract: India today presents an alarming picture with respect to the problems of the education and 
rehabilitation of the blinds/visually impaired in India. Hitherto existing touch-based methods of Moon and 
Braille for text cognition by the blind and visually impaired are no longer acceptable technologically. In this 
work, a portable reading machine for the blind and visually impaired has been developed enabling them to read 
printed material that has not been transcribed into Braille. In the development, scanning in steps, optical 
character recognition, and text-to-speech technologies were employed. Portable reading machine is made up of 
aspheric lens and embedded PC that is suitable for acquiring digital images and speech synthesis in an embedded 
manner. 
 
 

1. INTRODUCTION 
Portable reading machine is an electromechanical 
device for reading horizontal languages by vertical 
step scanning a document in parts[1], permitting 
multiple image-snaps by device with a necessary but 
nominal step-overlap and its automatic removal to 
provide continuity of text. It relates to using an array 
of imaging modules and appropriate lenses placed at 
a suitable distance, and all fitted in an ergonomically 
designed chamber as apparatus for convenient 
handling to suit scanning of document, all the 
processing would be done with the help of embedded 
PC to make the device portable like PDA, pocket PC. 
Since the device is using a pair of imaging modules 
having negligible but fixed field of view overlap, so 
first of all the device is calibrated using configuration 
cum calibration software. Calibration parameters 
required for the merging of left and right images of 
the document to get a  mosaic image, that are stored 
in a calibration file for future use.  
A certain minimum amount of overlap between two 
consecutive scans is necessary to achieve the 
continuity. Continuity between two scans is obtained 
by using template based search technique which 
removes the overlap area/text between the two scans 
and thereby providing the seamless text output. The 
device operation and the associated reading process 
is controlled by the keys on the handle and the 
system readiness prompt, acknowledgment and errors 
are provided by audible alarms through integrated 
speaker in embedded PC  to facilitate  the working  
by a visually Impaired person. The Device is a 
standalone unit with embedded PC and can be 
controlled by audio browsing alerts, e.g.: an audio 
alert will ask to shutdown the system automatically 
on a particular key press etc. Application software 
integrates optical character recognition (OCR) and 
text-to- speech (TTS) software to give the seamless 
text output. 

Portable Step Scanning device uses two major 
techniques: 
 Automatic Configuration-cum-Calibration of      
    Portable Step scanning device. 
 Document layout Analysis Algorithm to obtain   

the Structural layout of the text for Multi column 
text Reading. 

 

 

2. AUTOMATIC CALIBRATION OF DEVICE 
The device scans a document text with plurality of         
 identical imaging modules and vertical hand 
‐positioning. The plurality of imaging devices allows 
a wide document width imaged in good resolution in 
one step at a close working distance, otherwise not 
possible by a single module. The images from each 
module need to be merged to form a single mosaic 
corresponding to the width of the document. 
Calibration of the device is the preparatory step that 
is required once since the device involves a pair of 
imaging modules. Two imaging modules are used to 
take left and right image of the document. There is a 
certain minimum amount of overlap between the 
field of view of the two modules. These two images 
are then joined together using the calibration 

Fig1: Portable Reading Machine 
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parameters to generate a complete image of a part of 
document. Once the device is calibrated, using the 
special software, the hand‐held step‐scanner can be 
used to read the document images. 
 Configuring the device implies identifying the 
number of imaging modules employed, their 
identification   in   the indexed order such as left 
&right, image sensing parameters such as resolution, 
exposure, gamma, gain etc. The procedure for 
calibrating the device with a pair of imaging modules 
is described here. It is to be conducted only if 
assembly has been completed or if some part is 
replaced. Any plane text document can be kept below 
the device in a manner that the central portion of the 
pattern forms the overlap area in between the two 
fields of views corresponding to both modules. The 
Configuration‐cum‐Calibration module merges the 
left image and right image after removing the 
overlapped area with the help of image processing 
library known as Open Computer Vision(OpenCV). 
This configuration cum calibration algorithm uses 
correlation based template matching in the two 
images captured from the cameras, and the 
assumption that they will have some overlapping 
area. Algorithm take right most section of the left 
image as template and search for it in the right 
image, wherever the maximum correlation will be 
find out will be use as the points to generate 
appropriate translations to combine the images. This 
illustrated as shown in the Fig 2(a) & (b). 
The calibration file holds the customization of the 
device’s keypad, identification of the camera, 
calibration data and color balancing data. The 
calibration file acts as the drivers for the device. 
The invented device requires no calibration if only 
one module is used, e.g. device for reading books or 
novels. In such cases, the standard manufacturing 
and assembly errors are easily tolerated by the 
technique as are the hand movements during the 
step‐scanning procedure. 
 

 

 

The basic steps in Calibration program are as 
follows:  
• Selecting the number of cameras present in device. 
(Single or double camera Device)  
• Identification of cameras as left and right camera. 
• Image Capture with default parameters. 
• Auto-Adjustment of calibration parameters (Gain, 
saturation, X-trans & Y-trans, FOVs) 
• Image Capture with the new properties and   
parameters. 
• Saving the new settings.  
 

3. STEP SCANNING TECHNIQUE 
Once the device has been calibrated using 
configuration‐cum‐calibration utility software it is 
ready to use for reading documents. Device provides 
image data from the two imaging modules which 
independently  and  simultaneously  acquire  images  
from  left  and  right  portions  of  the document. Due 
to the manufacturing tolerances and assembly 
misalignments, the spacing between the two imaging 
modules is so chosen to provide at least a nominal 
overlap ~1mm at  the  field  of  view.  This margin 
allows the tolerances and misalignments to be 
adjusted with the help of configuration cum 
calibration utility software. A horizontal merging 
module for mosaic  generation  is  an  essential  part  
of  the  device  driver  that works much  like  the 
configuration cum calibration  utility except that it  
merges  the  two  images  automatically using  the  
pre‐stored  calibration  parameters.  Also  since  the  
scan  length  of  Device (approximately  2.5”  to  3”)  
is  smaller  than  the  document  length  (viz.  11.85” 
for A4 document) therefore multiple steps are 
required to scan the full length of the document. A 
mosaic image is generated at every step‐scan in 
vertical direction.  In case of document layout 
analysis for the whole document information about 
the complete page is available in single step of 
analysis. But since step scanning is being used, 
layout analysis considers every scan as being 
independent from other. Layout analysis for each 
scan is done as it is a single page. This will provide 
complete text in the current scan. Therefore to 
provide the layout information for whole page all 
consecutive scans must be analyzed to provide 
continuity in the text and structure. Only condition 

Merged Images       
Fig2 (b): Result of Template Matching 

Left Image       Right Image 

Fig2 (a): Template Matching 
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for providing complete information about complete 
page is to provide a certain minimum amount of 
overlap between two consecutive scans. A straight 
application of OCR to the current mosaic image 
gives the text corresponding to that mosaic.  After 
that a Text Based Template Search technique 
removes the overlapping text between a pair of 
consecutive scans after  appropriately  searching  a  
key‐template  text  already  obtained  from  previous  
scan.  
Once  the  continuity  for  the  consecutive  scans  has  
been  established,  the  algorithm will look for the 
structural  layout of the document, finally seamless  
text  is given as input to TTS which gives enjoyable 
reading.  
 

4. TEXT-TEMPLATE SEARCH TECHNIQUE 
Text Base Template Search Technique works in text 
domain that integrates a particular language  based  
OCR  to  remove  the  overlapping  text  between  a  
pair  of  consecutive scans. In this technique, the text 
in current mosaic image is extracted by the 
application of OCR analysis upon it. Some characters 
from the end of this text file are saved as a key 
template for use in the next consecutive scan. At the 
same time a previously saved key template   from the 
previous text file has to be searched in this complete 
current text file.  
For multi-column documents, the algorithm would 
find out the structure of text document (number of 
column), then it sorts the Text-blocks according to 
their location (column wise) on document and finally 
generate a Text-Template for each column. The 
number of characters that match in two files gives the 
percentage match between two files and the position 
of maximum match is used to give the position of 
overlap. The threshold will decide the continuity 
between two scans. If the match between  two  files  
is above a  tolerance  limit,  taking  into  
consideration  the OCR errors,  match  status  is  
stored  as  successful.  If  the  match  status  is  
successful  then overlapping  text  between  two  
scans  is  removed  from  current  scan  file  by  using  
the position  of  maximum  match.  The pruned 
current scan file is then merged with the previous 
scan file to generate the seamless text output. The 
threshold test is helpful to decide the beginning of a 
new page, i.e. when the match between the two 
current scan files is negligible or down the threshold, 
it shows the discontinuity or start of new page. White 
space present at the end of current mosaic image 
helps to identify the end of page using white break 
terminators. 
 For Multicolumn document algorithm will sense the 
sensibility of reading flow. for example in case of 
two column document, the algorithm will read out 
the first column text for the consecutive scans and 
will hold up or buffered the second column text till 
the end of page, once the end is detected it will 

automatically append the buffered text(second 
column text) to the TTS.  
To find the end of page or end of article or any kind 
of break the algorithm will use white space 
information (providing in the end of page) or new 
article heading.  
 

5. DOCUMENT LAYOUT ANALYSIS 
 As described earlier at every step scan images from 
the left and right imaging modules are  merged  using  
the  pre‐stored  calibration  parameters  to  generate  a  
mosaic.  The mosaic  image  is  given  to  standard  
OCR  software for  layout  analysis  and  to extract  
the  text  from  it [2].  OCR analyses  the  image  in  
form  of blocks  depending  upon  the structure  of  
the  document as shown in Fig3. 
 

 
 From  this  layout analyses  complete  information 
about  the  number  of  blocks generated,  type  of  
each  block (text,  image  etc),  width  and height  of  
the  document  is  obtained. It also gives the 
coordinates of left most and the rightmost corner, i.e.  
The diagonal coordinates of each block using which 
width of the block can be calculated. Now by 
comparing the position and width of the each block 
with  the  width  of  the  current  scanned  document,  
document  is  classified  a columned  or  multi‐  
columned  document.  Depending on this 
classification, processing is done to get the seamless 
text output which is described here. On the first level, 
if the document contains both text and graphics, 
these are separated for subsequent processing by 
different methods [3]. On the second level, 
segmentation is performed on text by locating 
columns, paragraphs, words, and characters; and on 
graphics, segmentation usually includes separating 
symbol and line components [4]. For instance, in a 
page containing text and some illustrations similar to 
the pages of this journal, text and graphics are first 

       Fig3: Document Analysis 
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separated. Then the text is separated into its 
components down to individual characters. The 
graphics is separated into its components such as 
rectangles, circles, connecting lines, symbols etc.  
Document image analysis refers to algorithms and 
techniques that are applied to images of documents to 
obtain a computer-readable description. It is 
concerned with the global issues involved in 
recognition of written language in images. A well-
known document image analysis product is the 
Optical Character Recognition (OCR) software that 
recognizes characters in the image of the document. 
OCR makes it possible for the user to edit or search 
the document’s contents. Document analysis adds to 
OCR a superstructure that establishes the 
organization of the document and applies outside 
knowledge in interpreting it.  
The document layout techniques are also used to join 
different scans to get the whole document. Text from 
individual scans is extracted and after detecting 
continuity with next scans text is saved in reading 
flow format. The continuity between two scans is 
detected using text search based processing. 
Document image layout has a hierarchical (tree like) 
representation, with each level encapsulating some 
unique information that is not present in other levels. 
The representation contains the complete page in the 
root node, and the text blocks, images and 
background form the next layer of the hierarchy. The 
text blocks can have further detailed representations 
like text lines, words and components, which form 
the remaining layers of the representation hierarchy. 
For many years people claim that, after thousands of 
years of predominance of paper, it will disappear as 
medium to save and transport information. Although 
many products have been developed to reduce the 
use of paper, for the moment it is not predictable if 
paper will ever disappear as information storage. As 
nevertheless more and more processes of everyday 
life are done electronically, there is a strong need to 
be able to convert printed documents into electronic 
ones. 
 

6. CONCLUSION AND FUTURE WORK 
 Device is used to read seamless text in appropriate 
reading order independently. As the scanner capture 
area is small as compared to length of document, so 
scanning whole page requires multiple steps. While 
scanning in multiple steps text which is in reading 
order is passed on to the speech engine. The 
remaining text is stored and passed on to speech 
engine only when it is in order. To maintain 
continuity there must be some minimum amount of 
overlap between two scans. This overlap is removed 
using text based search method. Text based approach 
is a language dependent method and depend upon the 
languages supported by OCR engine used. 
The result shows that text based search technique 
works well for multi-columned document, up to a 
maximum of three columns. The technique is 

workable under the conditions in which the 
document has text as well as pictures. In single 
columned documents all the text recognized in a 
particular scan is given to speech engine. In double 
columned document firstly the columns are separated 
out and then the text which is not in reading order is 
stored while the other is given to the speech engine. 
Column endings and page endings which defines the 
boundaries of documents are detected and are used to 
purge out the buffered data. Result shows that the 
technique work well in case of documents having 
multiple column endings as well as documents 
having pictures. Similarly three columned documents 
having column endings and pictures give good 
results. Reading order is maintained in almost all the 
cases. So the whole page scanned can be scanned in 
steps but the result is just like as if whole page has 
been scanned in single step. 
In future work can be carried forward to handle 
newspaper reading in a seamless manner. In case of 
newspaper width along with length is more than the 
field of view of scanner so continuity has to be 
maintained in both the directions. Inset columns 
within the main columns can be handled more 
correctly. It is required to manage the internal 
memory of the device in such a manner that it can be 
used by the algorithm to save the scanned text in a 
readable form for future use (like reading or mailing 
or editing). Work can be carried out to generate 
features switched with audio alerts, so the device 
would be more user friendly and a blind user would 
be able to interact with the device with the help of 
audio alerts and input. 
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Abstract: This paper considers the past, present and future of architectures for high performance image 

processing. After reviewing a number of representative designs of image processing-specific architectures, four 
current approaches are considered in more detail: standard microprocessor technology, DSP processors, parallel 
processing and dynamically reprogrammable hardware in the form of Field Programmable Gate Arrays 
(FPGAs). A case study has been discussed to discuss selection & implementation of a particular approach. 

 
 

1. INTRODUCTION 
Realtime Image processing applications requires 

handling a large amount of data and it poses a 
challenge to the machine vision designers. Even a 
simple situation to examine products of size 64 x 64 
pixels moving at rates of 10 to 20 per second along a 
conveyor amounts to a requirement to process up to 
100,000 pixels per second—or typically four times 
this rate if space between objects is taken into 
account. The situation can be significantly worse than 
indicated by these figures. First, even a basic process 
such as edge detection generally requires a 
neighborhood of at least 9 pixels to be examined 
before an output pixel value can be computed. Thus, 
the number of pixel memory accesses is already 10 
times that is given by the basic pixel processing rate. 
Second, functions such as skeletonization or size 
filtering require a number of basic processes to be 
applied in turn. For example, eliminating objects up 
to 20 pixels wide requires 10 erosion operations, 
while thinning similar objects using simple "north-
south-east-west" algorithms requires at least 40 
whole-image operations. Third, typical inspection 
applications require a number of tasks—edge 
detection, object location, surface scrutiny, and so 
on—to be carried out. All these factors mean that the 
overall processing task may involve anything  

between 1 and 100 million pixels or other memory 
accesses per second. Finally, the above  analysis 
ignores the complex computations required for some 
types of 3-D modeling, or for certain more abstract 
processing operations.  

These formidable processing requirements imply a 
need for very carefully thought out algorithm 
strategies. Accordingly, special hardware will 
normally be needed for almost all real-time 
applications. (An exception may be in those tasks 
where performance rates are governed by the speed 
of a robot, vehicle, or other slow mechanical device.)  

Broadly speaking, there are two main strategies for 
improving processing rates.  

1. The relentless, year on year improvement in the 

performance of standard microprocessor technology. 
Moore's Law describes the phenomenon which has 
been observed in computer hardware technology, that 
processing power doubles every 18 months. So 
merely by doing nothing except waiting, application 
developers can expect their systems' performance to 
improve every year. 

2. Architectural innovation has been pursued on 
many fronts, ranging from changes to the instruction 
set of a processor to be image processing-friendly, to 
producing totally dedicated ICs for specific image 
processing problems. 

This paper reviews a number of ways in which 
architectural innovation is attempting to meet the 

Computational demands of high performance 
image processing. The range of relevant architecture 
and technology approaches which we select are: 

Standard microprocessor technology; 
DSP processors; 
Parallel processing; 
Dynamically reprogrammable hardware.  
 

2. HISTORY OF ARCHITECTURES 
2.1 Developments in Microprocessor Technology 
Steady improvement in standard microprocessor 
technology over many years has resulted in a 
doubling of performance every 18 months (known as 
Moore's Law). Before rushing into the design of 
special purpose architectures as in fig.1, care should 
be taken to make sure the exercise is actually 
required. If the required speed up is in the region of a 
factor of two or three, say, then it may be more cost 
effective merely to wait for future generations of the 
same processor. 

Fig. 1.Bus-based architecture with special purpose 
ICs. 
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2.2 DSP processors 
Signal processing applications, by their very 
definition, process real world signals which are 
generated in real time. Traditionally, much signal 
processing work has operated on one-dimensional 
signals, such as speech or audio. To obtain real time 
performance for these applications, processors with 
architectures and instruction set specially tailored to 
signal processing began to emerge [5]. Typical 
features included Multiply Accumulate instructions, 
special control logic and instructions for tight loops, 
pipelining of arithmetic units and memory accessing, 
and Harvard architecture (with separate data and 
program memory spaces). More recent designs (such 
as some in the Texas range of DSP processors) have 
features explicitly for (two-dimensional) image 
processing, particularly with image compression in 
mind. 

When carefully programmed to exploit the special 
architectural features, these processors can yield very 
impressive performance rates. However, there is a 
cost. The programming model at the machine level is 
much more complex than for traditional 
microprocessors. Highly optimising compilers are 
needed if the processor's potential is to be realised 
with a high level language; but such compilers are 
difficult to construct. . 

When DSP processors first appeared on the scene, 
they lacked many of the normal control features of 
standard microprocessors. However, as software 
development time became recognised as an important 
aspect in commercial product development, DSP 
processors have gradually become more and more 
like standard microprocessors. A second trend which 
can be observed is that microprocessors have begun 
to assimilate some of the design features of DSP 
processors (such as pipelining and, with MMX, 
movement towards application-specific instructions). 

What we are now seeing is thus a process of 
gradual convergence of microprocessor and DSP 
technology. As die sizes reduce, thus freeing up chip 
area for new functionality, we can expect to see new, 
general purpose processors with hardware to 
accelerate common tasks such as image and video 
coding.  

2.3 Parallel processing 
For several years, research into parallel processing 

has been partly motivated by the belief that 
sequential processors must eventually reach their 

performance limit, at which point significant speed 
improvements will only be obtained by adding more 
processors. For this reason, parallel processing 
techniques have been widely studied for image 
processing. 

Two forms of parallel architecture have generally 
been applied to image processing: these have been 
named in Flynn's classification as: 

· SIMD (Single Instruction Multiple Data), and 

· MIMD (Multiple Instruction Multiple Data) 
SIMD processors comprise a closely coupled array 

of processing elements which obey the same 
instruction stream in lock-step parallelism. Mesh 
connected architectures come into this category. In 
the context of image processing, one rather 
successful SIMD machine was the ICL DAP, 
originally developed in the 1970's, and bought over 
by several companies since then. The DAP yielded 
very high performance figures, and a large image 
processing software base has been developed over 
the years. Its main drawback was its cost, which put 
it beyond the budget of most high volume 
applications, and limited its commercial success. It 
has, however, been used successfully in a number of 
military applications. 

MIMD parallel processing systems comprise a 
number of loosely coupled, independent processors 

which communicate with each other via some form 
of interconnection network. To avoid the type of 
communication bottlenecks which occur in a bus-
based system, the normal arrangement is to have a 
distributed memory space, with message passing 
communication for data sharing. For image 
processing, the obvious approach to parallelising a 
program is to distribute an image in segments across 
the set of processors. With this approach, and with 
efficient interprocessor communication, good speed 
ups have been reported (for instance, a factor of 15 
on 16 processors. 

Remembering Moore's Law, this same speed up 
could nearly have been achieved in the same 

timescale merely by waiting for a few years, and 
doing nothing!  
The increasing power of microprocessors and DSP 

processors has resulted in a number of applications at 
the lower end of the processing power spectrum 
being mopped up by these low cost technologies. 
More recently, other real time, data intensive 
application areas (including image processing) have 
become the targets of an emerging technology 
dynamically reprogrammable hardware. 

2.4 Dynamically reprogrammable hardware 
Pressure for hardware development to become 

more rapid and more flexible has resulted in the 
emergence of various technologies which support 

programmable hardware. These vary in their 
reusability and speed of programming. 
Programmable Logic Devices (PLDs) are not 
normally reprogrammable at all, since they involve 
blowing built-in fuses to define their functionality. 

EPROMS can be reprogrammed, but it can take 
several seconds, or even minutes, to carry out the 

reprogramming. The most promising technology 
from our standpoint is dynamically reprogrammable 
Field Programmable Gate Array (FPGA) technology. 
The power, speed and flexibility of these devices has 
improved considerably in recent years. 
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Reprogramming time in some cases is measured in 
milliseconds or even microseconds. 

This has opened up the subject of custom 
computing using FPGA chips to implement an 
application-specific ALU (or coprocessor). Image 
processing is one application area which is proving 
amenable to acceleration using FPGAs. The usual 
arrangement for using FPGAs to accelerate image 
processing operations is to embed the FPGA part in 
an attached processor (or coprocessor) which has its 
own local RAM memory and some simple control 
logic. This attached processor is normally controlled 
from a host workstation. 

Development of low cost, high performance cards 
is currently a very active area, so anything which is 
written will almost instantly be out of date. It is 
possible to design and implement hardware 
architectures for a range of standard image 
processing neighbourhood operations. For instance, 
the outline architecture for one possible form of 3x3 
image convolver is as shown in Fig. 3. 

Fig. 3. Outline architecture of a 3x3 convolver 
 
The main advantage of FPGA-based processors is 

that they can offer near supercomputer performance 
at relatively low cost. While their performance does 
not yet match that of special purpose VLSI or ASIC 
designs, they offer increasingly competitive 
performance with the huge benefit of dynamic 
reprogrammability and software control. Another 
advantage claimed by FPGA designers is that each 
improvement in VLSI technology has a twofold 
benefit for FPGAs: not only does the clock speed 
increase, but the number of cells (and hence the 
functionality) of the chip increases too. With 
microprocessors, the argument goes, usually only the 
clock speed increases. This reasoning is only partly 
valid. 

Possibly the biggest problem for FPGA technology 
in accelerating image processing applications (or any 
other application for that matter), is the extremely 
low level programming model which it supports. 
Normally FPGAs are `programmed' in a hardware 
description language such as VHDL, which is 
hardware oriented rather than algorithm oriented. It is 
likely-indeed, essential-that this problem will become 
a major area of research in the future. One algorithm 
oriented approach is based on a library of tailorable 

FPGA configurations, one for each high level 
neighbourhood operator of Image Algebra. 
Developments of this library based approach offer 
the advantage of providing a programmer-friendly 
interface which hides the intricacies of the FPGA 
hardware. 

 
3. CASE STUDY 

Towards FPGA based image processing, a distance 
transform named Euclidean Distance Transform 
(EDT) was tried in our VLSI Design Lab. 
A distance transformation converts a binary image 
consisting of foreground and background pixels into 
one where each pixel has a value equal to its distance 
to the nearest background pixel (alternatively, 
distances could be to the nearest foreground pixel). 
Applications of distance transform are numerous. 
These include shape analysis of objects, machine 
vision and image matching [1]. A pipelined array 
architecture is presented for the computation of EDT 
as in fig 6. The architecture comprises of a two-
dimensional array of locally  

Fig.4  Iterative computation of (∆r, ∆c) and δ of 
pixels. 

 
interconnected identical processing elements where 
each element is a sequential logic and all elements 
are operated synchronously. The computations within 
each element are with integers. Such a digital design 
with no floating point arithmetic is quite suitable for 
FPGA implementation.  

Fig 5. Simulation results. (a) Test image. (b) and 
(c) Intensity plot and Contour plot of integer 
approximation to Euclidean distance values 
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3.1 EDT Algorithm 
Inputs: binary image 
Outputs: (∆r, ∆c) of pixels 
Initialization: ∆r = ∆c = δ=0  & d one= 1  for 

background pixels 
Iterative process: 
repeat for k=1,2,. 
       for all pixels p do in parallel  
             Step 1: Compute ∆ri, ∆ci  and δi =1 to 8 
             Step 2: Consider δi values corresponding 

to                       
                   neighbors pi whose done(pi)=1. 
 Find the maximum, say δm. 
             Step 3: If done(p)=0 and δm > 0, then 

 ∆r(p) = ∆rm  ,∆c(p)=∆cm, δ(p)=δm 
and  done(p)=1. 

  If done(p)=1, then δ(p)=δ(p)+2k. 
        end for 
until done=1 for all pixels 
 
 

4. RESULTS 
Some results and comments for the five-stage 

processing element designed for image size 512x512 
are as follows. 

For this case, n is 512, nc is 8 and tc is obtained 
from  

implementation as 27.02 ns. Hence, TEDT < 0.156 
ms and NI > 6390. NI is much greater than the video 
rate, which is about 30 frames per second and hence 

the computation of EDT on an array-type hardware 
architecture is quite suitable for real-time 
applications. 

In order to know the amount of reduction in 
hardware space through pipelining, the non-pipelined 
version of processing element has also been 
implemented on the same Xilinx device. The 
equivalent gate count in this case is 383. For the 
entire array architecture designed for a 512x512 
image, the non-pipelined one consumes 383x5122 
gates while the pipelined one consumes 929x5122 /4 
gates. This amounts to about 40% reduction in 
hardware area. 

 
 
 

5. CONCLUSIONS 
Reconfigurable architecture seems to be a better 
choice for basic image processing. The design of a 
pipelined architecture for EDT is presented.  

Results of FPGA implementation of the 
architecture indicate that more than 6000 images of 
size 512x512 can be processed in a second. This is 
much greater than the video rate. Further, about 40% 
reduction in gate count is achieved through 
pipelining. The ideas presented for the case of 4 
pixels per processing element readily extend to the 
case of more than 4 pixels per processing element 
(such as 9, 16 and so on). 

Fig. 6. Pipelined processing element 
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Abstract:  Human face can be identified by different biometric features, which are genetic properties of a human 
being. If the biometric features can be extracted from a facial image then they can be used for face recognition. We 
propose a new method of face detection by using human face geometry. We conducted our experiment with 25 face 
images which are captured from CCD camera under the varying condition of illumination, pose and expression. Our 
experiment has shown that our method is better than neural network based face detection method in detection time 
and accuracy. 

 Keywords: face detection, face edge image, candidate block. 
 
 

1. INTRODUCTION 
Face recognition is a field of biometrics together with 
fingerprint recognition, iris recognition, and speech 
recognition and so on.  Automatic extraction of human 
head and face boundaries and facial features are critical 
in the areas of face recognition, criminal identification, 
security, surveillance systems, human computer 
interfacing, and model-based video coding. In general, 
the computerized face recognition includes four steps 
[1]; first, the face image is enhanced and segmented. 
Second, the face boundary and facial features are 
detected. Third, the extracted features are matched 
against the features in the database. Finally, the 
classification into one or more persons is achieved. In 
order to detect faces and find the facial features 
correctly, researchers have proposed a variety of 
methods which can be classified into four 
categories[1]: knowledge based method[2], invariant 
feature based method[3,4,5,12], template matching 
method[6,7] and appearance based 
method[8,9,10,11,13]. 
Knowledge-based methods attempt to describe all the 
face patterns using rules based on human knowledge 
such as that all faces have two eyes and a mouth. 
Template-based methods represent the face class by 
templates with allowable deformations which rely on 
the alignment of feature points.  
Feature invariant methods are hard to use in detecting 
faces in real images as it is difficult to find features 
that are truly invariant with respect to all faces and 
large perturbations in lighting, pose, and expressions. 
Appearance-based methods provide several key 
advantages and are widely used in face detection. 
Especially, as they allow one to learn the models  

 

 

from training data, the large amount of intra-class 
variation, expression, and pose can be accounted for in 
training by using a large training set. 

 
2. EXTRACTION OF FACE EDGE IMAGE 

This phase is a first part of preprocessing of face 
detection algorithm. Fig.1 shows block diagram of face 
edge image extraction. 
 

 
 
 
2.1 Gray Normalization  
Given input gray image normalized image 

is computed by the following equation. 
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Fig 1: Block Diagram of Face Edge Image 
Extraction 
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2.2 Edge detection 
In order to find face edge image, we apply  mask 
(see Fig.2) to median filtered and smoothed image. In 
this system, we assume that human head is up-straight 
in range of equation (3) (see Fig.3). Fig.3 shows 
camera-face interface condition of our system.  
2.3 Adaptive binarization 
Given  mean of edge detected image , binary 
image  is computed by the following equation. 

 

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=′
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,255
),(,0

),(
   

Where, 100/* BIB PMT =       ------------ (2) 
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 ----------------- (3) 
2.4 Removing Noise 
In this phase, when the pixel number of black-
connected blocks in white region are less than ST , we 
remove all them. For convenience, we call black-
connected block to block briefly. 
 

3. FACE DETECTION ALGORITHM 
Fig.4 shows flowchart of our face detection algorithm. 
As shown in Fig-4, the input of our face detection 
algorithm is binary face edge image extracted above.  
 
- Extraction of candidate mouth block 
For any block of face edge image, if the following 
condition is satisfied, then we select it as candidate 
mouth block.  

 






<∆≤

<∆∆≤
xx

xyxy

TxT
TxyT

minmin

maxmin /
 ----------------------- (4) 

Where yx ∆∆ , : width and height of block, xyxy TT maxmin ,   
: minimum and maximum of ratios of block  width and 
height, 
 xx TT maxmin , : Minimum and maximum of width of 
block. 

- Extraction of candidate face region 
For any candidate mouth block extracted above, we 
calculate candidate face region according to human 
face geometry by referencing literature [14]. 
 
- Calculation of face score 
Here, we don’t discuss about face score calculation 
(See literature [14]). 
 

- Extraction of face orientation 

In our system, we extract the orientation of line that 
passes on center of mouth and is perpendicular to two 
eye connected line as face orientation. (See Fig.5) 
 

4. EXPERIMENTAL RESULTS 
Thresholds of face detection algorithm used in our 
experiment are as follows. 

 

 

We conducted our experiment with the 25 data of  face 
images which are captured from CCD camera 
(Logitech) under the varying condition of illumination, 
pose of head and expression of face, with the computer 
Pentium-III(CPU 650MHz, Memory 128MB). 

 

Table.1 shows the comparison result of detection time 
and detection rate between our method and proceeding 
method [9].  
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Method Mean Detection Mean Detection 
Rate 

Method[9] 82ms 92.75% 
Our Method 76ms 94.25% 

 
5. CONCLUSION 

In this paper, we have presented a new method of face 
detection by using human face geometry. Our study has 
shown that our method is better than the neural 
network based eye detection method in detection time 
and accuracy. The full face detection algorithm on face 
image of any pose, scale and illumination will be our 
future task. 
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Abstract: Cancer is one of the most serious health problems in the world. Lung Computer-Aided Diagnosis (CAD) 
is a potential method to accomplish a range of quantitative tasks such as early cancer and disease detection, analysis 
of disease progression. For identifying the lung diseases, computed tomography (CT) scan of the thorax is widely 
applied in diagnose. DICOM [1] (Digital Imaging and Communications in Medicine) has become a standard for 
medical imaging. Its purpose is to standardize digital medical imaging and data for easy access and sharing. There 
are many commercial viewers that support DICOM image format and can read metadata, but image displaying is not 
always optimal. One of the problems with these DICOM viewers occurs when only a small portion of amplitudes is 
of interest to display. In this paper a recent developed DICOM viewer YaDiV [2] has been evaluated for identification 
of various lung tissues as well as for efficient visualization of lung images. Also MATLAB based tool MATITK [3] 
has also been evaluated for segmentation. This paper presents an interface for fully automatic method of visualizing 
and identifying the lungs in three-dimensional (3-D) pulmonary X-ray CT images. Various lung data sets from NCI 
(National Cancer Institute) of NBIA (National Biomedical Imaging Archive) have been tested. This paper reviews 
and suggest different methods that can be used for efficient visualization as well as automatically extracting the 
organ regions from abdominal CT (Computerized tomography) data especially from lung that can be further used in 
various medical diagnosis applications like CBMIR (Content-based medical image retrieval).  
 
Keywords: CAD, DICOM, CBMIR, MATITK, YaDiv, NCI, NBIA 
 

 
1. INTRODUCTION 

Interpretation of medical images is often difficult and 
time consuming, even for experienced physicians. The 
aid of image analysis and machine learning can make 
this process easier. The medical service has been 
enriched with a lot of new techniques for diagnostic 
imaging during the last decades. As digital technologies 
are incorporated in every aspect of our lives, they are 
also the key part of medical diagnosis. DICOM 
standard was developed to make sharing of medical 
information safe and above all standardized.  DICOM 
images can be viewed by various available DICOM 
viewers. Visual information retrieval is an emerging 
domain in the medical field as it has been in computer 
vision for more than ten years. It has the potential to 
help better managing the rising amount of visual 
medical data currently produced. One of the proven 
application fields for CBMIR as diagnostic aid is the 
retrieval of lung CTs. The diagnostics of these images 
depend strongly on the texture of lung tissue and 
automatic analysis can be a valuable help. The 
preprocessing step of most Computer-Aided Diagnosis 
(CAD) systems for identifying the lung diseases is lung 
segmentation. 
Segmentation of abdominal organs presents many 
challenges. In the Computer-Aided Detection (CAD) of 
lung nodules in x-ray computed tomography (CT) 
scans of the thorax, lung segmentation is the 
preliminary step. This paper suggests that a fast, fully 

automated lung segmentation method for application in 
X-ray computed tomography can enhance the diagnose 
process. Conventional methods of lung segmentation 
rely on large gray value contrast between lung fields 
and surrounding tissues. These methods fail on scans 
with lungs that contain dense pathologies, and such 
scans occur frequently in clinical practice. 
Recent advances in medical informatics enabled access 
to most of the radiological exams to all clinicians 
through the electronic health record (EHR) and the 
picture archival and communication system (PACS). 
This change of the medical workflow calls upon 
computer expert systems able to bring the right 
information to the right people at the right time. Most 
of the proposed systems aim at categorizing lung tissue 
to provide a second opinion to radiologists. This 
provides a quick and exhaustive scan of the large 
number of images and can draw the radiologist’s 
attention on diagnostically useful parts of the images. 
In this paper it is shown that the automated lung 
classification in CT data is complementary to case–
based retrieval, both from the user’s viewpoint and also 
on the algorithmic side. Then, based on the volumes of 
the segmented tissues and a set of selected clinical 
parameters, similar cases can be retrieved from a 
medical database. 
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2. LUNG CANCER 
Cancer is a group of diseases characterized by an 
abnormal and unregulated growth of cells. Tissue with 
abnormal cell growth is called a tumor and can be 
malignant or benign, which is the same as cancerous or 
non-cancerous as shown in Fig 1. The main differences 
are that a benign tumor grows slower, will not spread 
and will usually not come back if it is surgically 
removed. Lung cancer is, in competition with prostate 
and breast cancer, the most common type of cancer and 
the leading cause of death.  Lung cancer is a very 
deadly disease and has an inclination to spread to other 
parts of the body, e.g. the brain, liver, bone and bone 
marrow. In most cases this occurs before it is 
discovered. Usually, lung cancer happens after the age 
of 50. There are two major groups of lung cancer, 
Small Cell Lung Cancer (SCLC) and Non-Small Cell 
Lung Cancer (NSCLC), which together cover more 
than 90% of all cases. The methods for diagnosing lung 
cancer include CT scan (Computed Tomography), PET 
scan (Positron Emission Tomography), MRI (Magnetic 
Resonance Imaging), bronchoscopy (examination of 
the airways with fiber optics) and biopsy (examination 
of lung tissue sample). 
 
 
 
 
 
 
 
 
 

Normal cells                        Cells forming a tumor 
Fig: 1 Normal and Benign cells 

 
The staging of lung cancer is an important step for 
deciding the right treatment. An international staging 
system (TNM classification) is often used, based on 
three characteristics. 

• Growth of the primary tumor 
• Extent of lymph node involvement  
• Metastases in distant part of the body 

Identification of lung cancer stages by analyzing the 
patient record with CAD systems can fasten the process 
of treatment. This paper suggests some of the automatic 
methods and DICOM viewers which can enhance the 
overall diagnosis of lung cancer. 
2.1  Computed Tomography (CT) 
Computed Tomography, also known as computed axial 
tomography, or CAT scan is a medical technology that 
uses X rays and computers to produce three-
dimensional images of the human body. Unlike 
traditional X rays, which highlight dense body parts, 
such as bones, CT provides detailed views of the body’s 
soft tissues, including blood vessels, muscle tissue, and 

organs, such as the lungs. While conventional X rays 
provide flat two-dimensional images, CT images depict 
a cross-section of the body. Fig. 2 shows a typical CT 
scan image. 
 
 
 
 
 
 

 
 
 
 
 
 
Fig: 2 Typical CT scan image of Lung 

 
The CT scanner contains an X-ray source, which emits 
beams of X rays; an X-ray detector, which monitors the 
number of X rays that strike various parts of its surface; 
and a computer.  The resulting data are sent to the 
computer, which interprets the information and 
translates it into images that appear as cross-sections on 
a television monitor. This series of slices is then 
analyzed to understand the three-dimensional structure 
of the body.  

 
3. SEGMENTATION OF THE LUNG 

REGION 
In medical imaging, segmentation is important for 
feature extraction, image measurements, and image 
display. In some applications it may be useful to 
classify image pixels into anatomical regions, such as 
bones, muscles, and blood vessels, while in others into 
pathological regions, such as cancer, tissue deformities 
and multiple sclerosis lesions. The purpose of the 
segmentation of the lung region in the CT image is to 
achieve a better orientation in the image. A lot of 
articles can be found regarding segmentation of the 
lung region in CT images. Hu et al. [4] describe a 
method of global thresholding for that purpose. Pohle 
and Toennies [5]  suggest adaptive region growing for 
segmentation of medical images. In this paper both 
region growing and thresholding are discussed using 
automatic tools. Segmentation of pulmonary X-ray 
computed tomography (CT) images as one shown in 
Fig 3 is a precursor to most pulmonary image analysis 
applications [6]. 
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Fig 3:  The lung region which is to segment the lung 
seen as the dark region in the body. The surrounding 

tissue appears with a higher intensity. 
 

Most of segmentation methods are based on 
morphological operations as [7]. But the results as seen 
are not so efficient to be judged by physicians. 
Watershed algorithm provides good results in case of 
lung segmentation especially for high volume dataset 
as [8]  but can lead to over segmentation sometimes. In 
this paper there is no need to find the optimal threshold 
to separates the left and right lung. 
 

4. SEGMENTATION USING YaDiV 
Segmentation of the lung volumes is a required 
preliminary step to lung tissue categorization. Since the 
geometries and shapes of the lungs are subject to large 
variations among the cases, semi–automatic 
segmentation based on region growing and 
mathematical morphology is used. The range and 
region growing routine contained in YaDiv is used. The 
resulting binary mask Mlung describes the global lung 
regions well but contains many holes where the region 
growing algorithm was stopped by denser regions. To 
fill these holes, a closing operation is applied to Mlung 
using a spherical structuring element. 
Then, based on the volumes of the segmented tissues 
and a set of selected clinical parameters, similar cases 
are retrieved from a multimedia database of ILD cases 
as shown in Fig4 (a) and (b). 
 

5. SEGMENTATION USING MATITK 
ITK is an open source medical imaging processing 
library written in C++. While MATLAB also has many 
medical imaging algorithms, it is nice to be able to 
make use of the algorithms available in ITK. Precisely 
for this purpose, MATITK is written, allowing users to 
access certain ITK algorithms in Matlab. With the help 
of MATITK, biomedical image computing researchers 
familiar with MATLAB can harness the power of ITK 
algorithms while avoiding learning C++ and dealing 
with low-level programming issues. 
 

 
Fig: 4 (a) Automated region growing segmentation of 

the lung tissue patterns of a patient affected with 
pulmonary fibrosis. The 3D segmented regions are 

displayed to the clinician using YaDiV. 
 

 
Fig: 4 (b) Automated thresholding of the lung tissue 

patterns using YaDiv. 
 

We have implemented the volumetric segmentation by 
using the MATLAB environment. We obtained 
datasets from NCI of NBIA, USA. In this work, we 
have studied the performance of different segmentation 
techniques that are available in MATITK and used in 
CAD (Computer Aided Diagnosis) systems using 
thorax CT Scans. Figure 5 a)-d) gives the result of 
watershed segmentation of slice no=10 using 
MATITK. Though MATITK can be used only on 3D 
images, but in Fig 5 only slice no 10 is shown with its 
segmentation. Using VIEW3D function we can see the 
segmentation of all the slices. It is evident through 
observation that the proposed system produces much 
smoother results than the schemes that have been used 
earlier. There is also no loss of lung nodules in this 
method. This is a good advancement for next stage of 
CAD system employed in lungs nodule detection and 
classification system as MATITK is open source and 
accordingly can be modified. 
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a) Original CT image no=11b) Segmented lung borders 

 
c)Smoothed lung borders   d) Lung regions 

 
Fig: 5 Watershed Segmentation of lung CT using 

MATITK for slice=10. 
 

MATITK provides various other segmentation methods 
also like Levelset, Gardient Vector Flow and many 
more and all present comparable results. There is no 
mechanism available to see all the 3d slices in 
MATITK. View3d function has been used for the same 
as shown in Fig 6. 
 

6. CONCLUSION AND FUTURE WORK 
In the context of medical image analysis, providing 
quick and precious information to the clinician is not 
limited to automatic recognition of abnormal tissue 
and/or structure. Conventional methods of lung 
segmentation that rely on large gray value contrasts 
between lung fields and surrounding tissues fail on 
dense pathologies. The proposed study shows that 
automatic segmentation eliminates the tasks of finding 
an optimal threshold and separating the attached left 
and right lungs, which are two common practices in 
most lung segmentation methods and require a 
significant amount of time. We have applied 
segmentation tools on several pulmonary CT images. 
Experiments results show that the proposed method can 
improve the speed, robustness and accuracy of 
diagnosis as physician can judge a particular case in 
right time and with full information of pathology. 
Content–based medical image retrieval (CBIR) aims at 
finding objectively visually similar images in large 
standardized image collections such as PACS [9].  The 
notion of similarity is usually established from a set of 
visual features describing the content of the images. 
 

 
 
Fig: 6 3D view of MATITK result for ten slices. 

 
Few CBIR systems have been evaluated in clinical 
practice but some of them showed that they can be 
accepted by the clinicians as a useful tool [10] [11]. The 
use of a CBIR system clearly increased the number of 
correct diagnoses. A possible extension to CBIR is to 
carry out case–based retrieval. In this paper we show 
that automated lung classification in CT data is 
complementary to case–based retrieval, both from the 
user’s viewpoint and also on the algorithmic side. 
Based on the volumes of the segmented tissues and a 
set of selected clinical parameters, similar cases can be 
retrieved from a database of lungs. 
Future work will include incorporation of segmentation 
results in CBMIR system and modification of similar 
segmentation tools to develop a more consistent 
definition of the lung contours. 
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Abstract: Audio in the multimedia system is the most important part yet the most neglected of all the media used in 
multimedia systems. It is not incorrect to say that sound is given consideration when the application is almost ready. 
But the truth is, the application is never ready without an audio in any multimedia application. Whether it is an 
academic presentation or any video game, the effects added by audio are of utter importance. The MIDI and the 
digital audio are basically two audio techniques used in multimedia systems. Both the techniques have their own 
advantages and disadvantages and used as per the requirement of the particular application in which these are being 
used. MIDI audio presents several advantages to multimedia developers, including small file sizes, interactive 
responsiveness, and light processor load. However, it does require sound cards for playback. Digitized Audio 
converts sound into digital data for disk storage. Both of these techniques are reviewed and compared. 
 
Keywords: ADC, DAC, Sampling, Quantization 
 
 

1. AUDIO IN MULTIMEDIA SYSTEMS 
Multimedia is a concept which includes multiple media 
elements such as text, graphics, animation and 
audio/video. The applications of multimedia include 
academic presentation, panoramic view of an 
architectural building, information systems, video 
games and many more. Multimedia System is a 
computer system capable of holding the information 
constituting of multimedia elements. If the multimedia 
system allows the user to control these elements, then 
the application would be called an interactive one. 
Audio has a vital role to play in Multimedia Systems. 
The use of audio in multimedia systems do not require 
highly specialized knowledge of harmonics, intervals, 
sine waves or the principles of acoustics but the only 
thing to know is that how the different types of sounds 
such as human voices, instrumental music etc can be 
incorporated into the computer. There are basically two 
types of audio that can be played onthe multimedia 
systems i.e. Digitized Audio & MIDI.  
1.1. Digitized Audio 
Audio Signal can be stored as digitized one in the form 
of numbers. An audio signal is represented in digital 
memory with a binary code that stores a massive 
amount of numbers that are used to represent a signal. 
An ADC (Analog to Digital Converter) is a computer 
chip that is used to convert an analog signal into digital 
information. This process is called sampling.  
Digitized sound is normally called wave files and end 
with the extension .wav for PC and with .aif or .aiff for 
Macintosh. Digitized sound is nothing but a sampled 
sound. Every nth sample of the signal is taken and 
stored as digital data in the form of bytes. Three 
sampling frequencies used in multimedia systems are 

44.1 KHz, 22.05 KHz and 11.025 KHz. Sample sizes 
are 1byte or 2 bytes. Audio resolution determines the 
accuracy with which the sound can be digitized. 
The digital waveform to be reconstructed depends on 
the sampling frequency selected. It is very difficult to 
reconstruct the waveform if the sampling frequency 
selected is very low. Figure below shows the analog 
waveform converted into digital one using the sampling 
frequency as shown. 
 

 
Figure 1.1(a) Original Waveform 

 
Figure 1.1(b) Sampling Frequency 

 

 
 

Figure 1.1(c) Reconstructed Waveform 
 
Once the signal is represented as binary numbers, the 
signal is then converted back to an analog signal 
through a DAC (Digital to Analog Converter). Each 
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sample value is rounded off to the nearest integer to 
create the waveform. This process is called 
quantization. But this process can create unwanted 
noise. Digital audio technologies include digital 
broadcasting techniques namely Digital Audio 
Broadcasting (DAB), HD Radio, Digital radio Mondi 
ale (DRM), in band on channel (IBOC) and storage 
techniques like digital audio player, digital audio tape, 
CD, DVD, digital audio workstation and various audio 
file formats.  
1.2. MIDI (Musical Instrument Digitization 
Interface) 
Musical Instrument Digitization Interface (MIDI) 
provides a protocol or a set of rules, using which the 
musical note is directly recorded into the computer 
from musical instruments. A MIDI file is basically a 
list of commands to produce the sound. For example, 
pressing of a guitar key can be represented as a 
computer command. When the MIDI device processes 
this command, the result will be the sound from the 
guitar. The protocol provides an effective means of 
conveying musical information as electronic data.  
Since MIDI files are small in size, these can be 
embedded while loading of web pages and promptly 
played. Length of the MIDI files can be changed 
without degrading the quality of the signal.  As the 
signals are stored as the notes played on the musical 
instrument, working on the MIDI files require 
knowledge of the music theory. 

The MIDI data stream is a unidirectional 
asynchronous bit stream at 31.25 Kbits/sec with 10 bits 
transmitted per byte (a start bit, 8 data bits, and one 
stop bit). The MIDI interface includes three different 
MIDI connectors, labeled as IN, OUT, and THRU. The 
MIDI data stream is usually originated by a MIDI 
controller, such as a musical instrument keyboard, or 
by a MIDI sequencer. A MIDI controller is a device 
which is played as an instrument, and it translates that 
into a MIDI data stream in real time. A MIDI 
sequencer is a device which allows MIDI data 
sequences to be captured, stored, edited, combined, and 
replayed. The MIDI data output from a MIDI controller 
or sequencer is transmitted via the devices' MIDI OUT 
connector. 

The recipient of this MIDI data stream is 
commonly a MIDI sound generator or sound module, 
which will receive MIDI messages at its MIDI IN 
connector, and respond to these messages by playing 
sounds. Figure 1.2 shows a simple MIDI system, 
consisting of a MIDI keyboard controller and a MIDI 
sound module.  
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 

Figure 1.2. MIDI Interface 
 

2. FILE FORMATS 
Multimedia market has been able to create hundreds of 
file formats exist for recording and playing sound and 
music files. While many of these file formats are 
software dependant there are several well-known and 
widely supported file formats. 

There are a variety of digital audio file 
formats which may be used for computer systems, CD, 
DVD, MP3 players etc.  
Audio formats can be broken down into three main 
categories namely uncompressed, lossless and lossy 
compressed format. 

Uncompressed audio formats are the formats 
that use no compression. This means all the data is 
available but the file size is going to be huge. One of 
the examples of this kind of format is a WAV audio 
file. 

Lossless compression applies compression to 
an uncompressed audio file, but it doesn’t lose 
information or degrade the quality of the digital audio 
file. The WMA audio file format uses lossless 
compression. 

Lossy compression will result in some loss of 
data as the compression algorithm eliminates redundant 
or unnecessary information. MP3 and Real Audio files 
use a lossy compression. 

Different file formats have different file sizes 
and qualities. All audio file have the following 
attributes  

• File format 
• Data rate  
• Channels (mono, stereo, or multi-

channel)  
• Sample rate quality 
• Bit depth quality  
• Compressed or uncompressed format  

2.1 Digitized Audio File Format 
There are two main types of digitized audio files on a 
computer 

PCM stands for Pulse Code Modulation. In 
this technique each number in the digitized audio file 
represents exactly one sample in the waveform. 
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Common examples of PCM files are WAV files, AIFF 
files, and Sound Designer II files. Audacity supports 
WAV, AIFF, and many other PCM files. 

The other type is compressed files. Earlier 
files used logarithmic encodings to compress more 
dynamic range out of fewer bits for each sample, like 
the u-law or a-law encoding in the Sun AU format. 
Modern compressed audio files use sophisticated 
psychoacoustics algorithms to represent the essential 
frequencies of the audio signal in far less space. 
Examples include MP3 (MPEG I, layer 3), Ogg Vorbis, 
and WMA (Windows Media Audio).  
2.2 MIDI File Format 
MIDI file is used to collect and store the messages and 
the timing information in a computer file system, which 
is commonly called a MIDI file, or more formally, a 
Standard MIDI File (SMF). MIDI files are typically 
created using MIDI sequencers.  

An SMF consists of one header chunk and one 
or more track chunks. There exist three different SMF 
formats; the format of a given SMF is specified in its 
file header. A Format 0 file contains a single track and 
represents a single song performance. Format 1 may 
contain any number of tracks, and represents a single 
song performance. Format 2 may have any number of 
tracks, each representing a separate song performance. 
Sequencers do not commonly support Format 2. 
Most commonly used MIDI file formats are: 
MIDI Karaoke File (.KAR) Format 
MIDI-Karaoke files are an "unofficial" extension of 
MIDI files, used to add synchronized lyrics to standard 
MIDI files. SMF players play the music as they would 
a .mid file but do not display the lyrics.  
XMF File Formats 
XMF (eXtensible Music File), is the format that store 
SMF chunks with instrument data in DLS format 
(Downloadable Sounds). The XMF container is a 
binary format. 
RIFF-RMID File Format 
On Microsoft Windows, the system itself uses 
proprietary RIFF-based MIDI files with the ".rmi" 
extension. A RIFF-RMID file, however, is simply a 
Standard MIDI File wrapped in a RIFF (Resource 
Interchange File Format) chunk.  
Extended RMID File Format 
This is a method for bundling one Standard MIDI file 
(SMF) image with one Downloadable Sounds (DLS) 
image using the RIFF container technology. 
Extended MIDI File (.XMI) Format 
The XMI format is a proprietary extension of the SMF 
format but XMI is not an official standard. 
 
3.  CHOOSING THE RIGHT AUDIO FORMAT  
The variety of file formats can repeatedly prove awe-
inspiring for someone new to the world of multimedia. 
There are a number of commonly used digital file types 

within the audio realm. Different multimedia 
application may choose or support different file types, 
depending on proprietary alliances, compatibility, and 
the type of work primarily associated with the software. 
As a result it is often indistinct which file types should 
be considered for specific delivery and use, and the 
information surrounding this can often be deceptive. 
 
3.1 Comparison between MIDI and Digitized Audio 
 
Comparison  MIDI Digitized 

Audio 
Representation Shorthand 

representation of 
music stored in 
numeric form 

Sampling is 
done to 
convert the 
data into 
digital form 

Device 
Independence 

Device 
dependent 

Device 
Independent 

File Size 200 to 1000 
times smaller 
than Digitized 
Audio 

Larger File 
Size 

Memory 
Requirement 

Less storage 
space 

Large Storage 
space 

Edit Options Easily editable 
and all the 
information 
retainable 

Difficult to 
edit. 

Quality Better when 
played on high 
quality MIDI 
device 

Not so better 

Playback Does not have 
consistent 
playback quality 

Consistent 
playback 
quality 

Analogy Vector Graphics Bitmap Image 
Ease to 
incorporate 

Must have 
knowledge 

Does not 
require much 
knowledge 

 
3.2 Advantages & Disadvantages 
Both the file formats have their own advantages as well 
as disadvantages. Discussed first the advantages of 
MIDI over digitized audio: 
 

1. MIDI files are much smaller than digitized 
audio files, and the size of MIDI file is 
completely independent of playback quality. 
Broadly, MIDI files will be 200 to 1000 times 
smaller than CD-quality digitized audio files. 
As MIDI files are small, they don’t take up as 
much RAM, disk space, and CPU resources. 

http://en.wikipedia.org/wiki/Computer_file�
http://en.wikipedia.org/wiki/Header_%28information_technology%29�
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2. In some cases, MIDI files may sound better 
than digital audio files if the MIDI sound 
source you are using is of high quality. 

3. You can change the length of a MIDI file (by 
varying its tempo) without changing the pitch 
of the music or degrading the audio quality. 
 

Now for the disadvantages:  
1. Because MIDI data isn’t sound, you can be 

certain that playback will be accurate only if 
the MIDI playback device is identical to the 
device used for production. 

2. MIDI cannot easily be used to play back 
spoken dialog. 

There are two additional and often more compelling 
reasons to work with digital audio: 

1. A wider selection of application software and 
system support for digital audio is available 
for both the Macintosh and Windows 
platforms. 

2. The preparation and programming required for 
creating digital audio do not demand 
knowledge of music theory; working with 
MIDI data usually requires an ounce of 
acquaintance with musical scores as well as 
audio production. 

There are many applications of Digital Audio and Midi 
being used together:  

• Modern Recording Studio -- Hard Disk 
Recording and MIDI  

• Analog Sounds (Live Vocals, Guitar, Sax etc) 
-- DISK  

• Keyboards, Drums, Samples, Loops Effects -- 
MIDI  

• Sound Generators: use a mix of  
• Synthesis  
• Samples  
• Samplers -- Digitize (Sample) Sound then  
• Playback  
• Loop (beats)  
• Simulate Musical Instruments  
•  

4. CONCLUSION 
MIDI files give an understandable benefit for music 
and sound with your computer, as long as you do not 
depend on original live sound recordings. Sound cards 
are getting better and more powerful than ever before. 
To have a 32 voice MIDI orchestra on your sound card 
is already a reality, not to say standard, and the 
orchestra is growing in newer sound cards doubling the 
numbers of voices to 64 and using better quality 
sampled sounds in their wave tables. With MIDI files 
you have the "sheet-music" for this orchestra. Speakers 
might be a limitation to the multimedia application but 
the file formats are already exceeding the limits 
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Abstract: Expert systems are a well known area of Artificial Intelligence and have a huge impact in various 
fields of life. An expert system is a computer application that solves complicated problems that would otherwise 
require extensive human expertise. To do so, it simulates the human reasoning process by applying specific 
knowledge and interfaces. Expert systems also use human knowledge to solve problems that normally would 
require human intelligence Education system will be revolutionized with the introduction of expert systems in 
this field because of the following: (1) educational planning and decision making ability, manage student 
records, student counseling, and special education programs; (2) teacher training and education, specifically, 
identifying training needs and using computer assisted instruction to teach information and skills; and (3) 
intelligent tutoring systems that guide students through instruction according to their individual strengths and 
weaknesses. Expert system are beneficial as a teaching tools because it has equipped with the unique features 
which allow users to ask question on how, why and what format. It is concluded that while expert systems in 
education have great potential, they remain un-established as a useful technology due to a lack of research and 
documentation. This paper argues that the concepts and techniques used in the development of expert systems 
should be expanded and applied to the field of education, particularly in the area of intelligent tutoring systems. 
 
Keywords— Artificial Intelligence, Expert System, CAI, ITS, IPTS. 
 
 

1.  INTRODUCTION 
The traditional classroom teaching method may be 
most popular teaching methodology these days and 
may remain on top for quite some years. The 
traditional chalk and talk method have several 
shortcomings including limited time spent on various 
topics, limited access to teachers and difficulty in 
transferring lecture information to the real world 
situations. Because of all these drawbacks innovative 
and interactive learning methodologies are gaining 
importance and so is the use of expert systems in the 
field of education. In the modern era, teaching 
requires more knowledge of multiple concepts and 
complex relationships, enhanced interaction with 
students where they can explore more with the course 
materials. However, computer-based training already 
has a relatively long history and has been shown to 
positively influence the amount of material learned, 
the time taken to learn it, and the enjoyment of the 
learning experience[1]. The rapid accessibility of 
high-tech graphics, animation, video and sound 
capabilities and the proliferation of multimedia 
authoring software have made it very easy to quickly 
produce impressive presentations and interactive 
modules. The introduction of Artificial Intelligence 
in the field of education can provide deeper levels of 
interaction of students with course material. Artificial 
Intelligence (AI) based techniques have found wide 
applications in educational field, where knowledge is 
always evolving and characterized by uncertainty[2].  
 
An Expert System uses human knowledge captured 
in a computer to solve problems that ordinarily 
require human expertise. Expert System may also be 

defined as an intelligent computer program that uses 
knowledge and inference procedures to solve 
problems that was difficult enough to acquire 
significant human expertise for their solutions. 
Expert system typically consists of various 
components like Knowledge base, Inference Engine 
and User Interface, etc.  
Knowledge Acquisition Facility is basically 
responsible for acquiring knowledge from knowledge 
base conveniently and efficiently. The Knowledge 
base stores all relevant information, data, rules, cases, 
and relationships used by the expert system. 
Inference Engine seeks relationships and information 
from knowledge base and creates set of rules to make 
an intelligent decision[3]. Explanation Facility 
provides opportunity to the user or decision maker to 
understand how the expert system arrived at certain 
conclusions or results. Expert is an individual whose 
expertise and knowledge is captured for use in an 
expert system. An expert system may acquire 
knowledge from one or more experts for any 
particular application. User Interface makes 
interaction of expert system easy with the users. 
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Fig 1. Configuration of an Expert System 

 
It also allows user to query the system and receive 
the results of the query. As the expert system works 
on the knowledge acquired from an expert, it asks 
same sequence of questions that an expert would. An 
expert system should also be able to make 
appropriate guesses if definite rules are not identified 
regarding any specific problem[6]. In this paper we 
have discussed some expert systems being deployed 
for education purposes and discuss their pros and 
cons. 
 

2. APPLICATIONS 
The basic need of an expert system arises when there 
is a potential risk that an irreplaceable human expert 
of any domain will leave the organization. The 
organization will be adversely affected in this 
situation. Thus expert system is needed which can 
capture such domain specific knowledge and 
expertise which is rare and priceless[8]. This 
expertise will be very constructive for training and 
development to share the wisdom of human experts 
with larger number of people. With the development 
of Artificial Intelligence and expert systems, their 
usage is widespread in various fields including 
education. Some popular expert systems 
implemented for education include Computer Aided 
Instruction (CAI), Intelligent Tutoring Systems 
(ITS), Intelligent Pascal Tutoring System (IPTS) and 
BiMOS.  
2.1 Computer Aided Instruction (CAI) - The best 
application candidates for expert systems are those 
dealing with expert heuristics for solving problems. 
The most popular expert system across the globe is 
Computer Aided Instruction (CAI). The brilliant idea 
of CAI is since 1950s and was developed primarily in 
USA and UK. CAI is still evolving in European and 
Asian countries and gaining popularity. CAI 
simulates the teaching approach of an experienced 
teacher but still it is not regarded a true expert 

system. It is based on teaching individual students 
according to their learning speed and abilities. They 
are best for independent study and distance 
learning[5]. Depending on the usage, CAI is 
implemented in two ways. The first way is 
supplementing the classroom teaching where the 
sessions are small in duration and dependent on the 
teacher. This way is known as Adjunct CAI which 
aids the teacher to explain the topic to the students in 
a fascinating way. Other approach acts as a substitute 
for the teacher and the sessions are normally bigger 
in duration. This way is recognized as Primary CAI 
and it is independent of the teacher. The CAI system 
is developed in three stages: Conceptual, Design and 
Implementation.  

1. Conceptual Stage - It defines any 
innovative idea or concept to meet a need. 
The CAI system may be goal-oriented, 
while need, curiosity and innovation 
establish goals. Every goal determined 
refers to a group of people to whom it is 
related. A considerable outcome of this 
stage is the project grounds. After 
requirements are known and goals are 
identified, the next step is to convert this 
conceptual design into reality.  

2. Design Stage – It involves development of 
objectives, choice of instruction model and 
choice of coding language to bring the 
concepts to reality. The purpose of design 
stage is to review design decisions 
independently as well as their impact on 
other components of the model in terms of 
expected goals.  

3. Implementation Stage – After the design 
stage, system is ready for coding in any 
selected language. After coding, various 
components of system like system output, 
working logic, branching strategies and 
student interface are tested individually and 
integrated to meet system requirements. The 
maintainability and portability of the system 
is a major part of the implementation stage.  

CAI is vastly popular because of motivation that it 
provides for the students to learn. CAI uses games, 
puzzles, colorful graphs and sounds to keep the 
student attentive until the end of session. CAI 
provides opportunity to track individual learning 
records as intelligent students may take on more 
challenges while dumb students can do more learning 
before proceeding on. CAI also allows students to 
explore the subject by submitting queries and getting 
answers on the spot[5]. CAI system uses multimedia 
to speed up the learning process in a friendly way. 
Moreover, CAI is also economical than traditional 
teaching.  
2.2 Intelligent Tutoring System (ITS) - Although 
CAI offers interactive learning and individually 
emphasis on students but still it is not that effective 
as the human tutoring, that is where Intelligent 
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Tutoring System (ITS) comes into picture. This 
expert system was primarily developed to help first 
year engineering student gain deep understanding of 
fundamentals to be able to follow the more advanced 
topics in the engineering fields. This expert system is 
based on fuzzy logic and it gives significant 
flexibility in presenting the information and 
responding to individual student needs. ITS is highly 
useful for motivating students and enhancing their 
performances. Learning time of students for any topic 
is decreased dramatically by using ITS. ITS will 
assist student in their learning by using adaptation 
techniques to personalize with the environment, prior 
knowledge of student and student’s ability to learn. 
Moreover ITS will keep a check on student’s 
progress and also guides the next step in training for 
individual students. Another unique feature of ITS is 
its 24*7 availability to students that is they can learn 
anytime and anywhere[4]. Typically, ITS consists of 
four major components namely the student model, 
the pedagogical module, the domain knowledge 
module, and the communication module. However, 
one additional component named as expert model is 
also considered to be indispensable part of ITS.  
 

 
Fig 2. Components of Intelligent Tutoring System 

 
The Student model is responsible for storing 
individual performance records of every student to 
keep track of his/her learning. Pedagogical Module 
describes the teaching process model, which include 
detailed information about when to review, when to 
present a new topic, and which topic to present next 
time. Domain Knowledge is the knowledge the tutor 
is sharing with the students. It also finds out a 
suitable way to represent explicit and implicit 
knowledge so that it easily scales up to larger 
domains. Communications Module is accountable for 
interactions with the learner, including the dialogue 
and the screen layouts, are controlled by this 
component. Expert Model is an extension of the 
domain knowledge. It also includes information like 
modeling how someone skilled in a particular domain 
represents the knowledge. The popular ITSs are those 
who teach procedural skills; the goal is for students 
to learn how to perform a particular task. These ITSs 
that are designed according to these doctrines are 
called cognitive tutors. Some examples of cognitive 
tutor are LISP tutor and SHERLOCK. Other ITSs 
concentrate on teaching concepts and ``mental 

models'' to students. These ITSs require a larger 
domain knowledge base and are generally known to 
as knowledge based tutors. Usually, tutors that teach 
procedural skills use a cognitive approach, while 
tutors that teach concepts and frameworks use 
knowledge based approach where a superior 
knowledge base and better communication with users 
are required. The major drawback of designing ITSs 
is the time and cost required. Moreover, a large team 
including computer programmers, domain experts, 
and educational theorists, is needed to create just one 
ITS.  
2.3 Intelligent Pascal Tutoring System (IPTS) - 
Since the first development of CAI program, a lot of 
research has been done on CAI to build up expert 
systems which are more efficient and fast. In 1970s, a 
new breed of CAI became popular: Intelligent 
Computer Aided Instruction (ICAI) which is widely 
used for educational rationale. One of the ICAI that is 
particularly used for teaching Pascal computer 
language is Intelligent Pascal Tutoring System 
(IPTS). This expert system is used for independent 
teaching of Pascal to computer scholars[7]. IPTS not 
only teaches students in a brilliant way but also keeps 
a student database for checking individual 
performance and learning ability. It also provides the 
student an exercise environment to adopt a more 
practical loom towards learning Pascal. IPTS also 
contains an immense knowledge base for solving 
queries of pupils while learning.  

 

 
Fig 3. Components of IPTS 

 
Instructing Module classifies and execute tutoring 
process including learning, review and evaluating. 
Exercising module is liable for providing a learning 
and convenient way for students to widen their 
programming skills. Diagnosis module does 
diagnosing, analyzing and explaining student causes 
and types of errors in Pascal programming. Student 
Module handles the record of students and track of 
student’s learning. Dialogue system is similar to the 
user interface which helps better interaction of 
system with the learners. IPTS uses a new teaching 
method i.e. Tutor around Students, which combines 
dialogue between system and students, teaching 
materials to make heuristic decision and teaching 
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steps. Moreover, IPTS also provides an opportunity 
for students to find errors in the program and also 
debug too correct those errors.  

 
3. BENEFITS OF EXPERT SYSTEM 

Expert systems offer an environment where the good 
capabilities of humans and the power of computers 
can be incorporated to overcome many of the 
limitations. Expert systems have many benefits are: 
 
1. Increase the probability, frequency, and 
consistency of making good decisions. 
2. Help distribute human expertise. 
3. Facilitate real-time, low-cost expert-level decisions 
by the no expert. 
4. Enhance the utilization of most of the available 
data. 
5. Permit objectivity by weighing evidence without 
bias and without regard for the user’s personal and 
emotional reactions. 
6. Permit dynamism through modularity of structure. 
7. Free up the mind and time of the human expert to 
enable him or her   to concentrate on more creative 
activities. 
8. Encourage investigations into the subtle areas of a 
problem. 
9. Expert system gives emphasis on individual 
student by keeping record of their learning ability and 
speed. 
10. Expert system provides a convenient environment 
to ask queries and find out their solutions. 
11. Expert system also gives a congenial way to find 
out errors and fix them.  

 
4. CONCLUSION  

The paper shows that expert systems are gaining 
importance in the field of education. They are 
becoming an integral part of engineering education 
and even other courses like accounting and 
management are also accepting them as a better way 
of teaching. The expert systems available in the 
market present a lot of opportunities for the students 
who desire more spotlight and time to learn the 
subjects. They present a friendly and interactive 
environment for students which motivate them to 
study and adopt a more practical approach towards 
learning. The study shows that expert system may act 
as an assistor or substitute for the teacher. Expert 
systems focus on each student individually and also 
keep track of their learning pace. This behavior of 
expert system provides independent learning 
procedure for both student and teacher, where 
teachers act as mentor and students can judge their 
own performance. Expert system is not only 
beneficial for the students but also for the teachers 
which help them guiding students in a better way. 
Expert systems offer several advantages over 
traditional chalk-talk method and is bound to replace 
it in near future. The bottom-line of the paper is that 
expert systems for education are here to stay. 
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Abstract:  This paper describes a robust, accurate, efficient, low-resource, medium-data, application-based method 
for using Frank Rosenblatt perception method for Neural Network. Frank Rosenblatt [1962] & Minsky & Papert 
[1988] developed large class of artificial neural network called perceptron. This perceptron learning rule uses an 
iterative method for weight adjustment that is more power full then any other previous one (Like Hebb Net OR Mc 
Culloch Pitts etc). In most of the experiment it has been kept in mind that how the adjustment of weights should be 
done according to the threshold output function & Mc Culloch Pitts model. But in most of the cases  other  condition  
like  learning  rate,  Data  type (Binary  OR  Bipolar)  &  other  conditions  are  not considered. Here we have done 
some experiment on the learning rate, Data type & other conditions which show that if we consider these also, then 
the output of the perceptron is more optimized. 
 
Keywords: - Rosenblatt Perception, Learning rate, Weights, input & output. 
 
 

INTRODUCTION TO NEURAL NET 
Development of the Artificial Neural Network 
(ANN’s) is about 50 years old. Artificial neural 
network are the result of academic investigation that 
uses mathematical formulation to model nervous 
system operation. A neural network is used to learn 
patterns & relationship in data. Neural network do not 
require explicit coding of the problems. In fact they 
require raw data to be processed. ANN’s are the signal 
processing system whose basic concept has been taken 
from the concept of the human brain with the basic 
element Neuron. 
Elements of human neurons are: - 
1. Dendrite‘s 
2. Synapses 
3. Axon 
4. Soma (Cell body) 
Basic functioning of biological neural network (human neuron) can 
be discussed with [1] 

  
One important parameter of neural network is to 
learn the neuron. There are three major tech. to 
be used to learn the neuron.  
1. Supervised Learning 
2. Unsupervised Learning 
3. Reinforcement Training 
Learning methods can be discussed with [2], [3] 
 
To take the decision of the output there are many 
activation function. These activation functions can be 
used according to our requirements. Major activation 
functions are: - 

1. Identity Function 
2. Binary Step Function 
3. Signum Function 
4. Signoidal Function 
5. Tan Hyperbolic Function 
Activation functions can be discussed with [4], [5] 

 
Basic model of neural network is as shown: - 

 
 
 
 
 
 
 
 
 
 

All the inputs coming to the neuron are multiplied with 
their synapse weights & added together as shown: - 

 
 
 
 
 
 
 
 
 
 

This output is compared with the threshold set by the 
activation function & the decision is  
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taken accordingly either 0 or 1 OR -1 or +1.  
 

 FRANK ROSENBLATT MODELING 
Fundamentally Rosenblatt perceptron  consist  of  a  
single  neuron  with adjustable  weights  &  bias.  
Rosenblatt also found that if the pattern used to train 
the perceptron are drawn from two linearly separable   
classes, the perceptron algo converges and position the 
decision surface in the form of a hyper plane between 
the two classes. [6], [7] 
This can be better explain with a example: - Let us take 
the two neuron at the input side & one neuron at the 
output side. Let the input are X1 & X2. Desired output 
is Y & computed output is Y1. The activation function 
for the output is unit step i.e. either 0 or 1. (i.e. either 
Y=0 or Y=1). 
As output according to the Rosenblatt is given by  
Y1 = X0*W0 + X1*W1 + X2*W2.  (1) 
(Initially X0 input is treated as 1 (i.e. Bias) & W0 is 
the weight for the bias) 
If this output if equal to the desired output i.e. the 
weights (W1 & W2) chosen are correct. Else we have 
to modify the weights. There are two possibilities if 
Y1is not equal to Y. 
If Y=1 & Y1=0 
Wi(new) = Wi(old) + ηX(i) (2) 
 
If Y=0 & Y1=1 
Wi(new) = Wi(old) - ηX(i) (3) 
 
Where η is the learning rate. Again these calculated 
Wi(new) & Wi(old) are treated as new weights & 
calculated the output. If the output is same as desired 
that means weights has been adjusted. Otherwise the 
procedure will be repeated. Till Y1=Y. 
In this procedure it has been considered that the bias is 
1, W(0) is fixed & the learning rate is also fixed 
(Mostly 1 or less then 1). In this paper, I have done 
some experiment & found that is we change the value 
of learning rate η or bias in some defined fashion then 
result will be very fruitful. 
 
Algorithm for Rosenblatt perceptron [8]: - 
 

1. Read the X(1), X(2) 
2. Read the Bias X(0) 
3. Read desired output Y 
4. Read the initial weights W(0) & W(1) 
5. Read the W(0) 
6. Compute the output 

Y1 = X0*W0 + X1*W1 + X2*W2  
7. If Y1==Y, end 

 
8. If Y=1 & Y1=0 

Wi(new) = Wi(old) + ηX(i) 
 

9. If Y=0 & Y1=1 
Wi(new) = Wi(old) - ηX(i) 

Goto step 6. 
end; 
I have written a program in MATLAB to demonstrate 
the problem & analyze the result. 
MATLAB Perception for Rosenblett: - 
i=1;     j=1; 
k=1;    l=1; 
W1(1)=1; 
W2(1)=0; 
x0=input ('Enter Value of X0= '); 
w0=input ('Enter Value of W0= '); 
n=input ('Enter Value of rate of learning n = ');  
x1=input ('Enter Value of First input  x1= '); 
x2=input ('Enter Value of second input x2= '); 
y=input ('Enter desired output Y= '); 
x=1; 
while x 
x=0; 
y1=w0*x0+x1*w1(i)+x2*w2(j); 
 
if y1<=0 
y1=0; 
else 
y1=1; 
end 
 
if y1==y 
x=0; 
end  
  
if y==1 & y1==0 
w1(k)=w1(i)+n*x1; 
w2(l)=w2(j)+n*x2; 
end 
 
if y==0 & y1==1 
w1(k)=w1(i)-n*x1; 
w2(l)=w2(j)-n*x2; 
end 
 
k=i+1;       l=j+1; 
end 
 
disp(' '); 
disp('Perception for Given Data : - '); 
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disp('Final Weight W1 & W2 will be : -'); 
disp(w1(i)); 
disp(w2(j)); 
 
As explained in the program first the value of x0 & w0 
will be entered. Then the learning rate is entered 
followed by the value of input (x0 & x1) & the desired 
output (Either +1 or 0). Then according to the formula 
Y1, it is being calculated that the desired is same as of 
input or not. If yes, that means the weights are correct. 
Otherwise we have to adjust the weight according to 
the equation 2 & 3 and then the algorithm will 
calculate the new weight & put in equation 1 again & 
find the value of Y1. if Y1 is same as desired then it is 
OK. Otherwise repeat the same procedure until we get 
y1 = desired y. 
 
In this paper, I have done some experiments on 
Rosenblatt perception & find the effect of the learning 
rate & the input data on the learning perception. I have 
also find a relation in between the calculated weights 
of the learning perception. 
 
During the experiment it is being assumed that it is a 
two neuron network. Each having single input. 
Network is also single layer. As per the Rosenblatt 
learning perception, it also being confirmed that the 
output is also either +1 or 0. ie. If the output (Y1) is 
more then 0, Y = +1 & if the output (Y1) is less than 0, 
Y = 0. 
 Experiment 1: - 
In the first experiment I have taken as x0 = 1, w0 = -2, 
x1 = 0.5, x2 =0.5 & Y = +1. I have changed the value 
of learning rate η. As per the experiment output is: - 
And  if  we  draw  a  graph  in  between  the calculated 

weights i.e. w1  &w2. 
 
 
 

This graph shows that the relations between the new 
calculated weights are linear. i.e. if we change the 
learning rate η, on the same data x1& x2, it will give  
a proportional changes of the value on both the weight. 
Increase in the learning rate will not make an abrupt 
effect on any of the weight.  
Experiment 2: - 
In  the  second  experiment, I have taken the same 
value of x0 = 1, w0 = -2, x1 = 0.5, x2 =0.5 but  Y = 0. I 
have changed the value of learning rate η. As per the 
experiment output is : - 
 
And if we draw a graph in between the calculated 

weights i.e. w1& w2. 
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Again it has been noted that the output is linear as far 
as the value of w1 & w2 are concern. But one point is 
there which can be also be noticed that, If we keep the 
same input data but the output is zero. i.e. Y=0. the 
weights are constant.  i.e  Rosenblatt  perception  is  
very optimized & linear if the output is assumed to be 
0. It is very important to note that there is no effect of 
the learning rate. Or we can also say that if the output 
is zero, there is no need for the learning rate. It is 
similar to the concept the if any person don’t want to 
do something there will be no effect of the own 
learning rate. 
Experiment 3: - 
I have also done my experiment on some random data, 
which also reflect that the changes in the weights are 

linear. 
 
Experiment 4: - 
Main beauty of this paper is fourth experiment. In this 
experiment, I have taken some small & equal values of 
the input data & initial weights. Collected data for this 
experiment is a follows: - 
 
 
Here, if I consider x0 = 1, w0 = 1, x1 = 1, x2 = 1, 

learning rate = 0.05 & Y=0 (desired). Then as per the 
perception final weights are not true. It gives w1 = 0.50 
& w2 = -0.50. While on the other hand, if I increase the 
learning rate from 0.5 to 1.00, output is true i.e it 
changes the weights from 0.50 & -0.50 to 0 & -1, 

which gives the correct value of Y1 as per the eq. (1). 
i.e. it can learn if the rate of learning of 1 or more then 
1. I also increase the value learning rate from 0.50 to 
1.00 gradually. But I found that the perception does not 
learn till 1.00. On 0.99 learning rate output is false 
while on 1.00 learning rate output is true.  
 

RESULT 
 As we know that that learning rate should be in 
between 0   & 1 for any learning perception. But here, I 
would like to make  some  changes  according  to  my 
experiments. Let us consider an example, that if any 
teacher is taking the class & a student is listening 
his/her lecture, then the knowledge he/she may acquire 
will depend on  his/her  learning  rate.  i.e.  If  his/her 
learning rate is 0 he cannot understand the lecture 
(Even he cannot listen the lecture also). But if student 
pay his full attention towards  the  lecture  then  there  
is  no possibility that he/she cannot understand the 
lecture. As in the human being we can not pay the 
attention more then of our learning rate 1 (i.e. 100 % 
attention).   But in the neural network it is possible that 
we can give the learning rate either 1 or more then1 
also. And we have proved it with our last example also, 
that if the learning rate is small then it might possible 
that system cannot learn over the small data. While on 
the other hand if we increase the learning rate then 
system can learn true over the same data. 
 

CONCLUSION 
1. It  has  been  noticed  in  the previous four 
experiments that the output relation between the final 
weights of the Rosenblatt  perception  is  linear .i.e. 
one weight should not try to put more load on the other 
one, if the desired output is considered to be +1. While 
on the hand both weights are constant & give a linear 
relation between them if the desired output is 0. 
2. It has also been shown that the learning rate 
for generally small value of input should be 1 or more 
then 1. 
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Abstract: Genetic Algorithm (GA) is hybridized with Bacterial Foraging Optimization (BFO) to act as a local 

search (LS) to develop a new variant of memetic algorithm called Approximate Memetic Algorithm (AMA). The 
testing of AMA is carried out with four standard benchmark functions. When compared the MA-with-
population-based LS and the MA-with-gradient-based LS, it is seen the meta-heuristic combination gives better 
results as compared to GA-deterministic searches in terms of consistency in convergence beside speed.  
 
Keywords: Approximate Memetic Algorithm (AMA), Bacterial Foraging Optimization (BFO), Local Search 
(LS) and meta-heuristic.  

 
 

1. INTRODUCTION 
Memetic Algorithm is a population-based meta-

heuristic search method. It is inspired by both 
Darwinian principle of natural evolution and 
Dawkins’ notion of a meme as a unit of thought 
information or cultural evolution capable of 
individual learning [1][2]. In general, MA can be 
defined as a synergy of evolution and individual 
learning [1]. Memetic algorithms first locate a 
promising area in the solution space and then use 
local search technique to enhance the search within 
that region. The best offspring is then selected to 
replace the worst parent. 

The GA or Evolutionary Computing (EC) is able to 
reach the global optimum with high probability and 
at lower cost than a multi-start deterministic search 
[3]. The evolutionary computing is good for finding 
promising regions those can be explored further. But 
it may be slow to converge within those regions and 
may not converge very accurately to the optimum. 
The deterministic methods like gradient search 
converge rapidly near optima. However, these 
gradient-based local searches get trapped in local 
optima. The ability of fast convergence near optima 
is used for local refinement in making MAs [3]. The 
memetic algorithm with analytical gradient achieved 
very good convergence in case of functions with 
unimodality.  But these methods fail for multimodal 
and non-differentiable functions. Population based 
search algorithms have advantages of not getting 
trapped in local optima. Considering this property of 
population-based search methods, it is used for local 
search in the proposed algorithm. So by hybridizing 
two population-based methods of optimization meta-
heuristic approach is used in this work, which shows 
better performance. The rest of the paper is organized 
as follows. Brief information on Evolutionary 
Algorithm is given in section 2. Section 3 and section 
4 discussed about the Memetic Algorithm and the 

Bacterial Foraging Optimization respectively. In 
section 5 the proposed work i.e. Approximate 
Memetic Algorithm (AMA) is presented and in 
section 6 the conclusion is discussed. 

 
2. EVOLUTIONARY ALGORITHM 

The ways of the natural creatures solving their 
problems inspired researchers to mimic it to make the 
evolutionary algorithm. These algorithms simulate 
the natural selection process and blind mutation and 
crossover of genes. Based on this in 1960s, Holland 
invented genetic algorithm (GA) and Rechenberg and 
Schwefel invented evolutionary strategies [4][5]. The 
two methods differ mostly in the representation of 
individuals and use of operators such as crossover 
and mutation. Genetic Algorithms (GAs) are 
stochastic search algorithms modeled on the process 
of natural selection underlying biological evolution. 
They can be applied to many search, optimization, 
and machine learning problems [5]. The Genetic 
Algorithms and Evolutionary Algorithms combined 
are called Evolutionary Computing. So in general 
Evolutionary Computing is same as the natural 
processes and their mimic is stochastic. Every 
solution in the population is a string. These are 
encoded in binary, real, etc. formats [6][7]. An 
evaluation function gives a fitness measure of every 
string, indicating its fitness for the problem. Standard 
GA applies genetic operators such as selection, 
crossover, and mutation on an initially random 
population in order to compute a whole generation of 
new strings. The offspring then evaluated for fitness 
and become part of population in next generations.  

 
3. MEMETIC ALGORITHM 

The hybridization of evolutionary algorithms 
(EAs) with other techniques called Memetic 
Algorithm (MA) can greatly improve the search 
efficiency [1]. MAs are inspired by Dawkins’ notion 
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of a meme [2][8]. As such, the term MA has been 
used to describe a GA that heavily favors local search 
[3]. MAs are similar to GAs, however the elements 
that form a chromosome are called memes and not 
genes. MA scheme improves the new created 
solutions using a Local Search (LS) method. This is 
done with the exploitation in the best search regions 
identified in the global sampling done by the EA. 
MA generates the population randomly in the same 
way as that of GA.  Subsequently, crossover and 
mutation operators are applied in a fashion similar to 
GAs to produce offspring. The best solution then 
subjected to the local search. Local search is applied 
in between the main search iterations for improving 
optimality further. 

 
4. BACTERIAL FORAGING OPTIMIZATION 
In the year 2002, K.M. Passino [9] proposed a new 

algorithm named Bacterial Foraging Optimization 
(BFO). The E. coli bacteria strategy of foraging (i.e. 
searching food) method of locating, handling, and 
ingesting food is followed from the bacteria’s 
behavior [9]. In bacterial foraging optimization, the 
gradient information and the heuristic are combined 
in the search. Hence the possibility of avoiding local 
minima is higher [9].  

 
5. APPROXIMATE MEMETIC ALGORITHM 
 Development of this algorithm is achieved by 

hybridizing the genetic algorithm with the bacterial 
foraging optimization. In AMA, BFO is used for 
local refinement. BFO is also the heuristic search, 
which is used instead of purely gradient-based search 
[3] to enhance its multimodal convergence. For that 
only the food search mechanism of BFO is used as 
local search. This combination of meta-heuristic 
search algorithm is having the feature of better 
exploration capability and exploitation of the search 

space around best candidate solution due to the 
former process. Again the meta-heuristic 

combination gives it the strength to converge in the 
cases of unimodal as well as multimodal functions as 
shown in the Table 1. The GA is an optimization 
technique based on principle of natural selection. 
Adding one more local search in the process of 
convergence of the GA reduces the limitation of the 
GA of late convergence. So the GA is used for 
exploration and local search for exploitation. Hence 
this gives the better converging capacity to the 
algorithm for global convergence as well as better 
accuracy of the convergence beside speed. The 
approximation of crossover operation of GA is used 
to make the MA, hence it is named as Approximate 
Memetic Algorithm (AMA).  

When compared with the gradient-based MAs the 
AMA shows better efficiency in converging in terms 
of speed, accuracy, and consistency. The AMA also 
has the capacity to converge efficiently in the cases 
of multimodal standard benchmark functions. 

In the AMA the GA is used as main algorithm 
having the approximation in the operators such as 
crossover. Here the simple one point crossover of 
traits is applied except the trait at the crossover point 
[7]. At crossover point the traits are exchanged 
partially with the weight of the random number (λ) 
which is arithmetic crossover operator, where λ is in 
the range [ 0 , 1 ]. This is named as approximate 
operator. This algorithm does the optimization of 
functions with an approximate operator used in the 
genetic algorithm, which is named Approximate 
Genetic Algorithm (AGA). The AMA developed is 
also the hybrid of the AGA  
 
 

 
Table 1 - Standard Benchmark Functions and Properties 

Function                       Range             Multimodality 
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The characteristics of the above algorithms are 
tested on four test functions: Sphere, Rastrigin, 
Ackley and Rosenbrock. Table 1 shows a list of all 
test functions and their multimodal property. 
5.1 Pseudo Code of AMA 

1.Initialization: Generate a random initial 
population  

2.Number of generation: G = 0, Glocal=0 
while Stopping conditions are not satisfied do 
3.Evaluate all individuals in the population 
4.Select individuals for crossover  
5.Mutate some of the descendant population 
If Glocal=20 for best individual do 
6.Obtain the population around the best individual 

in Gaussian window 
7.Perform individual learning using a BFO-based 

local search  
8.Glocal=0 
9.Return best individual to population of main 

algorithm 
 end if 
10.G++,Glocal++ 
end while 
5.2 Parameters 
All functions have 10 dimensional inputs. In the 

algorithms, a population of 100 individuals of real-
valued representation is used. The operator used is as 
the one-point crossover or the simple crossover with 
crossover probability set to 0.8. The mutation 
probability is set to 0.05. The local searches are 
applied after a number of generations (Glocal) of 
main algorithm, with Glocal = 20. The algorithm 
uses generational replacement of individuals whereas 

10 elites are preserved. 100,000 evaluations are 
considered for the algorithm. Once the fitness value 
fall below 10-8, the algorithm is considered as 
reached the global optimum successfully. The 
population for local search is generated around the 
best individual within the Gaussian window with 
variance one-tenth the range of population in main 
algorithm. 
5.3 Discussion 
As per reference [3] MA-AG, MA-FD and MA-SPSA 
are Memetic Algorithms using gradient calculation 
with analytical gradient, finite differencing and 
simultaneous perturbation stochastic approximation 
respectively for local searches. In that the MA-SPSA 
usually takes more function evaluations to converge 
than MA-FD. MA-AG and MA-FD are faster for the 
unimodal functions but all the three do not perform 
well in cases of multimodality. Also the above 
methods are not consistent with their convergence 
properties. These limitations of gradient-based 
searches are overcome in the AMA, the meta-
heuristic algorithm. Again, the consistency of the 
performance is checked with the 25 trails of the 
algorithm. The mean and standard deviation of 
number of fitness evaluations are used. For 
robustness, all the trails should give better results, 
convergence success and consistency. These features 
are seen for AMA as shown in the Table 2-5. Table 2 
shows the comparison of AMA performance with 
other MAs for standard benchmark function – Sphere 
with 10 dimensions. Similarly in Tables 3-5 it is for 
Rastrigin, Ackley and Rosenbrock respectively. 

 
 

Table 2 - Number of Evaluation and Success Rate (10 Dimensional Sphere) 
 

Algorithm  Number of Evaluations and Success Rate         
           1st(best)      7th       13th(med)    19th     25th(worst)   Mean            Std           
Success         
MA-AG [3]       1795       2538        2734        3109       3499         2780.72      390.10          
100%  
MA-FD[3]       16973     18475      19392      20785     21805       19556         1443.84        
100%  
MA-SPSA[3]   10533     14103      31038      79129     100000     32034.04    27395.92      
100% 
GA[3]            100000   100000    100000    100000   100000     100000       0.00              0% 
AGA              100000   100000    100000    100000   100000     100000       0.00              0% 
AMA  8318       8384        8422        8476       8556         8431.9        62.9616        
100% 

 
 
 
 
 
 



NCCI 2010 -National Conference on Computational Instrumentation 
CSIO Chandigarh, INDIA, 19-20 March 2010 

121 
 

 
 

Table 3 - Number of Evaluation and Success Rate (10 Dimensional Rastrigin) 
 

 

Algorithm  Number of Evaluations and Success Rate         
            1st(best)     7th       13th(med)    19th      25th(worst)   Mean         Std             
Success         
MA-AG[3]        6471      11276     13048      15233      20765        13526.48   3472.18       
100%  
MA-FD[3]       14931     100000   100000    100000    100000      80676.8     35162.09     24%  
MA-SPSA[3] 100000   100000   100000    100000    100000      100000      0.00             0%  
GA [3]           100000   100000   100000    100000    100000      100000      0.00             0% 
AGA              100000   100000   100000    100000    100000      100000      0.00             0% 
AMA  6042       6094       6137        6176        6239          6139.3       55.3621       
100% 
 

 
Table 4 - Number of Evaluation and Success Rate (10 Dimensional Ackley) 

 

Algorithm  Number of Evaluations and Success Rate         
           1st(best)      7th      13th(med)    19th     25th(worst)   Mean        Std          
Success         
MA-AG[3]     8894      12377     13194      14119       17386       13438.68   1782.47    100%  
MA-FD[3]      81282    100000   100000    100000    100000      99251.28   3743.6      4%  
MA-SPSA[3] 100000   100000   100000    100000    100000      100000       0.00         0%  
GA [3]           100000   100000   100000    100000    100000      100000       0.00         0% 
AGA              100000   100000   100000    100000    100000      100000       0.00         0% 
AMA             6882        7139       7209        7311        7385          7210.0        114.69     
100%   
 

Table 5 - Number of Evaluation and Success Rate (10 Dimensional Rosenbrock) 
 

Algorithm  Number of Evaluations and Success Rate         
            1st(best)     7th        13th(med)    19th     25th(worst)   Mean         Std          
Success         
MA-AG[3]      1159       1791       2597        2911       4679         2488.16      865.92       100%  
MA-FD[3]      13052     17499     19652      21235     25069       19450.92    3100.81     100% 
MA-SPSA[3] 100000   100000   100000    100000   100000     100000       0.00           0% 
GA[3]            100000   100000   100000    100000   100000     100000       0.00           0% 
AGA              100000   100000   100000    100000   100000     100000       0.00           0% 
AMA  5864       5937       5960        5996       6070         5963.6        45.2604     100%   
 

 
6. CONCLUSION 

A new variant of memetic algorithm named as 
Approximate Memetic Algorithm (AMA) is 
developed and the performance is tested with 4 
benchmark functions both unimodal and multimodal. 
This thought based hybrid algorithm performs better 
in term of accuracy of solution and speed of 
convergence. So the Memetic Algorithms having 
meta-heuristic combination using the Approximate 
Genetic Algorithm (AGA) and Bacterial Foraging 
Optimization (BFO) as a local search is better than 

the gradient-based Memetic Algorithms. 
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