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ABSTRACT

Conventional image processing techniques regard the
image merely as data to be processed by the chosen
algorithm. We propose that by treating the image data as a
landscape upon which a large population of agents live,
feature extraction can be regarded as a persistent pattern
resulting from the dynamics between the agents' behaviour
and their environment. We describe a system that both
situates the dynamic agents in their environment and
provides parallel environmental effects, such as erosion and
diffusion. Agents can explore their landscape, be affected in
their behaviour by the landscape, and modify the landscape,
for example by laying a trail, leaving specific marks or
directly changing the landscape 'data'. The agents act
locally and independently in a simple behavioural manner,
reacting to simple stigmergic cues from the landscape
configuration. We demonstrate different 'breeds' of agent
whose behaviour, combined with environmental effects,
produces persistent patterns in the landscape data. These
persistent patterns provide image feature extraction
behaviour. Examples results are shown and the importance
of giving data an active role in its own processing is
stressed, as opposed to being merely treated as 'fodder' to
be processed by a complex algorithm.

INTRODUCTION AND PREVIOUS WORK

Image processing is typically regarded as transforming an
input image data using a specified algorithm giving output
data that contains the desired features. This places a greater
emphasis on the algorithm as opposed to the data. In images
the desired features are usually distributed in nature across
many pixels and finding these features is a non-trivial
problem. Many different algorithms exist to discover
certain features within digital images, such as edges and
lines, regular shapes, and higher level features such as eyes
or entire faces. It is difficult to specify such features in
terms of their basic components, single pixels, as the
features and patterns are distributed in the relationships
between many different pixels. The distributed nature of the
desired data within an image is responsible for the difficulty
in designing image processing/analysis algorithms.

The high level nature of the data patterns stored within
images parallels the behaviour of simple agent based
systems. In this case the agents possess very simple
behaviours and their interactions result in a global pattern
of emergent behaviour that is not specified in their
underlying component behaviours. Much of the research
into simple agent systems comes from studies of social
insects (Deneubourg et al, 1991) and this research has
shown that much of the complexity in the patterns of agent
behaviour come from the interactions between the
individual agents and their environment. One form of the
interactions seen is known as stigmergy (Grasse, 1959), an
indirect communication where the agents receive
behavioural cues from stimuli in their environment. Agents
in turn can also influence other agent behaviour by laying
down their own stimuli in the environment. Stigmergic
communication can be based on the amount of stimuli
sensed, or based upon different types of stimuli sensed
(Holland and Melhuish, 1999).

The use of multi agent systems for tasks such as image
processing/analysis would seem ideal since the image data
‘landscape’ presents rich environmental stimuli for agents.
Although agent behaviours are influenced by the landscape
at the pixel level, any emergent patterns seen from a group
of interacting agents would hopefully be strongly
influenced by the high level patterns stored within the data.
Furthermore, stigmergy is a simple communications
paradigm to implement, eliminating the need for complex
agent-agent communication protocols since the
communication between agents is mediated entirely by the
environment.

The use of simple behavioural multi agent systems (as
opposed to the traditional AI complex knowledge based
agent) in image processing/analysis has been seen in recent
years. Liu and Tang used reproducing agents to reduce the
time to perform image processing and analysis operations
such as edge detection (Liu and Tang, 1997). Ramos and
Almeida developed ant like agents inspired by the Ant
Colony Optimisation research of Dorigo and Gambardella
(1997) to explore group behaviour in pattern recognition
(Ramos and Almeida, 2000). Recently, specific applications
of multi agent feature extraction have been developed.
Guillaud used groups of simple agents to perform edge
detection and ring continuity on fish otolith images
(Guillaud et al, 2002).
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Toffoli also examined the fact that features in images are
macroscopic patterns (lines, shapes etc) in a fine-grained
substrate (pixels). He proposed emergent fine-grained
computation based on the cellular automata paradigm as a
way of making the high level features that are ‘latent’ in an
image apparent. He also espoused the development of
approaches that modelled physical systems, such as
chemical staining, Brownian motion, etching and plating, in
order to achieve feature extraction (Toffoli, 1999).

IMAGES AS DYNAMIC ENVIRONMENTS.

We present a system that uses the concept of multiple
agents habituated in a dynamic environment. The
environment ‘landscape’ (Figure 1) is a digitised grey-scale
image. For an 8-bit image this provides 256 different
possible ‘heights’.

a) b)

Figure 1: Sample input image (1a) and representation of image as
an environment landscape (1b).

The environment is itself a dynamic system that operates in
real time and all areas in the environment update
synchronously. The updating of the environment in parallel
adheres to the cellular automata paradigm and provides
possibilities for increased emergent interactions with the
agents. The environment dynamics available include
erosion (similar to water erosion or wind effects) – where
areas of the environment, trails or marks can be eroded
subject to certain conditions specified by the user at the
start of an experimental run. These conditions can apply
evenly to all cells or can be dependent on certain qualities
of the cells: for example the erosion of marks may be
dependent on the level of mark at a particular cell. This is
analogous to staining or washing where a more ‘stubborn’
heavily deposited mark will be more resistant to erosion
than a more lightly deposited mark. Another example of an
environmental dynamic is diffusion where levels of trails or
marks may diffuse across (subject to user specified
parameters) into other cells.

FEATURES OF BASIC AGENTS

A decision was made not to model the behaviour of the
agents specifically on any single model, such as ant models,
in order keep the system as flexible as possible. The agents
are habituated within the dynamic image environment.
Agents all contain the same basic features: They are able to
move independently in their environment from cell to cell
in any of the 8 compass directions. They can sense their
position and height in the landscape and deposit certain

signals in their environment – trails and a more general
‘mark’, or even modify the landscape height directly. The
agents can sense the presence of other agents and they can
also have the ability to ‘teleport’ to any unoccupied point in
the landscape. Agents do not communicate directly with
one another – all communication is indirect via the
environment using the stigmergy paradigm. Specific breeds
of agent can be extended from this basic agent in order to
provide more specialised features.

EXAMPLE RESULTS OF DIFFERENT AGENT
BREEDS.

Examples of the different ‘breeds’ of agent are shown
below. All different breeds extend the functionality of the
basic agent. The interactions between the agents and their
environment result in emergent patterns being created.
Some of these patterns may persist over time and it is these
patterns which provide the feature extraction behaviour of
the system. The proscribed behaviours of the agents were
made as simple as possible, since by specifying simple
behaviours it would be easier to show the generation of
emergent patterns. By choosing simple behaviours it is also
be easier to ascertain whether or not any patterns formed
were simply due to artefacts of the algorithm.

Walking Agent.

This agent has a very simple proscribed behaviour given by
the following pseudocode:

Take a step forwards in the current direction
If the cell at the FRONT LEFT is less in intensity
than the cell at the FRONT RIGHT:

Turn left 45 degrees
Else if the cell at the FRONT RIGHT is less in
intensity than the cell at the FRONT LEFT:

Turn right 45 degrees

Figure 2 below shows the original image (2a), an image of
600 agents (the dots on the image) moving within their
landscape (2b), the trail patterns left by the agents at 200
steps (2c), and at 2000 steps (2d).

a) b)

c) d)

Figure 2: Sample outputs from Walking Agent experiment

For the walking agent experiment, the 600 agents were
initially placed randomly within their environment and



were sensitive to changes of landscape intensity of 1. It is
possible for the user to adjust this sensitivity parameter. For
example a sensitivity parameter of 5 will ensure that the
agents respond only to environment changes if the
deviation between the current cell and the target cell is
greater than 5 – thus making the agent sensitive only to
large deviations of intensity.

The results show an emergent pattern ‘developing’,
consisting of trails left behind by the agents as they move.
The final output at 2000 iterations of the system clearly
shows latent ‘channels’ that the agents move down that are
not apparent in the original image.

Gravity Agent Experiment.

This example illustrates how edge detection can arise from
an algorithm with no apparent connection to image feature
extraction. The pseudocode for each agent is given below:

Take a step forwards in the current direction.
If there is a neighbouring cell that is lower in value
than the current cell:

Turn to face that cell
Else:

Leave a mark and Teleport to a new
random location

Figure 3 below shows the mark patterns left by 3000
Gravity Agents in 3 experiments, each applying this
behaviour for 1000 iterations, and with different sensitivity
parameters.

a) b)

c) d)

Figure 3: Original ‘Clown’ image (3a), sensitivity value of
10 (3b), sensitivity of 20 (3c), sensitivity of 40 (3d)

DISCUSSION AND FURTHER WORK

We have described a system that performs image feature
extraction (‘higher level’ features which are distributed
among many pixels), seen as a persistent emergent pattern
produced by the interactions between agents and their
environment.  This takes a broader approach to multi agent
systems than the approaches influenced purely by social

insects The system is also influenced by the phenomena
seen in physical systems, the environment dynamics within
a system and the interactions between the agents and their
environment. The system is extensible with many different
agent ‘breeds’ and further work is in progress to explore
more fully the agent-environment dynamics. Experiments
currently being evaluated are based on image
skeletonisation and noise reduction via environmental
influences. Some challenges remain, notably that of
deciding when the image processing has finished –
something that is usually trivial using conventional
algorithms but proves more difficult with emergent
computation approaches.

The component agents in the system are specifically
designed to be simple in nature in order to place the
emphasis on the importance of the data in its processing
and analysis. Since the desired data is stored within the
image in a distributed high level pattern, a suitable means
of achieving the extraction of the data may be to get the
data to drive the behaviour of the agents. By doing so, the
emergence of a persistent pattern left behind will leave a
‘footprint’ that represents the desired result.
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ABSTRACT 
 
A method to determine the up/down orientation of an 
Arabic document is described here. The document consists 
of Arabic characters and numerals. The algorithm assumes 
that the document being substantially text and well 
vertically aligned with respect to the scanner axes. Three 
main zones were identified for the Arabic characters, 
namely: upper, middle and lower zones. The algorithm is 
based on the fact that the Arabic characters are asymmetric 
on these zones, hence producing asymmetric horizontal 
histogram. The algorithm is tested on a diverse sample of 
Arabic documents varying in size, number of lines, font 
style and font size and achieved 100% accuracy. 
 
 
1. INTRODUCTION 
 
Human brain can determine the orientation of a document 
easily, instinctively and intuitively. A mathematical 
algorithm needs to be developed and implemented in a 
program in order to give the computer the capability of 
determining the orientation. 
Inverted documents (i.e. upside down) may arise from 
scanning paper documents into a computer, from faxes 
received via a fax modem or from rotated document images 
for a reason or another. The problem discussed here is a 
subset of the skew detection/correction problem. 
Skew detection is an essential stage for character 
recognition as well as many other applications in pattern 
recognition and image processing. It should be considered 
as one of the earliest steps in the preprocessing stage. The 
problem can be studied from four perspectives: 
 
1. Determining the skew angle if the document is not 

vertically or horizontally aligned. Several methods have 
been proposed by researchers for skew detection (Yu et 
al. 1995) (Chaudhuri and Pal 1997) (Smith 1995). 
However, this level of detection may not look into the 
up/down orientation of the text at the first place. 

 
2. Detecting the vertical/horizontal orientation. Several 

researchers (Akiyama and Hagita 1990) (Farrow et al. 
1994) (Le et al. 1994) successfully solved this problem by 
determining whether the document is fed into the system 
vertically (portrait) or horizontally (landscape). The 
method relies on text having frequent interline gaps of 
similar size to character heights, but smaller and 

‘vertically’ unaligned intraline gaps (Caprari 2000). 
However, this step is not enough for character 
recognition and should be followed by the up/down 
orientation determination. 

 
3. Determination of the up/down orientation, which is the 

scope of this paper and will be discussed in details in the 
following sections.  

 
4. Skew Correction. Once the document is found to be 

skewed, there is a need to correct or deskew it for further 
processing, see for example (Ali 1997). This stage is out 
of the scope of this paper. 

 
A typical character recognition system should have the 
above four stages as part of the preprocessing stage. Most 
of the work was found to be dealing with English and 
European documents and none has been found to deal with 
Arabic documents. This research paper is focused on the 
Arabic characters, and specially the printed ones. 
 
 
2. THE ALGORITHM 
 
This research is based on the work of Caprari (2000) in 
which he designed an algorithm and applied it on English 
characters and Arabic numerals. In this paper, the same 
method is modified and used to determine the up/down 
orientation of the Arabic documents. 
The algorithm operates on a page of scanned text 
represented as an array. The effectiveness of the algorithm 
relies on the document being substantially text. Hence, it 
does not work for non-textual images. 
The method is slightly modified to be suitable for Arabic 
documents. It should work properly for other alphabets as 
well with minor modifications. 
Basically, it is based on studying the shape of the Arabic 
characters and determining the different zones of the 
character. These natural zones will have an impact on the 
horizontal histogram of the document. The algorithm 
assumes that the original document is well vertically 
aligned with respect to the scanner axes; otherwise, skew 
correction process is necessary. 
The distinction between upright and inverted text is based 
on the asymmetry feature of the Arabic character shape 
which is neither horizontally nor vertically symmetric as 
illustrated in Figure 1. 
By looking at the characters in Figure 1, three zones can be 
recognized easily; the upper, middle and lower zone. 
Different fonts have slightly different zone height. 
However, it can be noticed that the upper zone is slightly 
bigger than half of the total height, the middle zone is about  
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Figure 1: The Separated Arabic Characters and their Zones, 
using Arabic Transparent Font. 

 
10% or less, and the lower zone is slightly bigger than one 
third of the total height. 
The middle zone is known as the text-baseline, mainly 
contains the horizontal strokes that connect the characters 
together, it is so small that it can’t contain any character, 
and even sometimes it is represented by a 1-pixel line. 
Extracting the middle zone is extremely useful in character 
recognition because some characters completely fall in the 
upper and middle zone, and some fall in the middle and 
lower. The algorithm is described in the following steps 
through an example: 
 
Step 1: Compute the horizontal projection of the document 
using formula (1), Figure 2(a) shows a sample of an Arabic 
document and Figure 2(b) shows its horizontal projection 
graph. 

 

∑= ),()( jipageip           (1) 
 
The asymmetry attribute of the Arabic text line is clear in 
the graph, the longest spike represents the base-line, and the 
upper zone is slightly bigger and thicker than the lower 
zone. 
 
Step 2: The projection p is differentiated dp by a forward 
difference method formula (Formula 2) and the graph is 
shown in figure (2c). 
 

)()1()( ipipidp −+=         (2) 
 
Notice from graph (2c) that each text line is characterized 
by one large positive spike and one smaller negative spike. 
This verifies that the text up/down asymmetry has persisted 
through to this stage of the algorithm. 
 
Step 3: Squared differentiated projection sdp is computed 
using formula (3), and the graph is shown in figure (2d): 
 

)()( 2 idpisdp =            (3) 
 

Step 4: To restore the sign of dp which was destroyed by 
squaring dp, sdp is multiplied by the sign of dp using 
formula (4) as shown in figure (2e). 
 

))((*)()( idpsignisdpissdp =       (4) 

Step 5: Finally, to know whether the graph is symmetric or 
asymmetric, the sum of ssdp is divided by the sum of sdp 
over all rows using formula (5). The result is a scalar, the 
document will be upright if the scalar is negative and 
inverted if it is positive. 
 

∑
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3. EXPERIMENTAL RESULTS 
 
The algorithm described in this paper was implemented in 
MATLAB® v.6.5 and tested on a diverse sample of Arabic 
documents. Testing was conducted on 31 different 
documents varying in size, number of lines, font style and 
font size. All images were monochrome images. The font 
size ranged between 8 and 72 points. There were 18 upright 
documents and 13 inverted. 
 
No deskewing of page images was undertaken because the 
documents were very well vertically aligned. No noise has 
been added to the images. The orientation of all documents 
was correctly determined. It has been noted that smaller 
font sizes and smaller text region reduce the algorithm 
effectiveness. 
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Figure 2: (a) A Sample of an Arabic Document written in Traditional Arabic Font, Size 12 (b) The Horizontal Projection p  
(c) Differentiated Projection dp (d) Squared Differentiated Projection sdp (e) Signed Squared Differentiated Projection ssdp 
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ABSTRACT
The architectural similarity between two-dimensional
cellular automata and digital images naturally suggests their
use in image processing operations. However, increasing
the number of different colour values, or intensity levels in
grey-scale images, dramatically increases the look-up table
size of traditional cellular automata. We introduce a method
to reduce the rule table size in cellular automata using
relative pixel intensity values, enabling the processing of
images with large ranges of pixel intensity. A genetic
algorithm is used to evolve cellular automata rule tables
using this relative value method. A parameter to increase or
decrease the sensitivity of the image processing automaton
is described and examples of its use are illustrated. Edge
detection results using this cellular automaton are shown in
comparison to the popular Canny operator. Advantages of
this method are that the rule table size is reduced so that it
can easily be stored within the computer memory. This
maintains the operational speed of the processing and
avoids the need to specify rules algebraically. This method
is a fast, efficient and inherently parallel means of
achieving edge detection behaviour. Results and further
possible work are discussed.

INTRODUCTION AND PREVIOUS WORK

Cellular automata as suggested by Ulam and implemented
by von Neumann (von Neumann, 1966) are discrete
dynamical systems composed of a lattice of simple
computational elements. Each element has an internal state
and this state is governed by a transition function. The
transition function considers both the internal state and the
state of the neighbouring elements (‘cells’). Typically, the
cells are updated in a synchronous manner, they obey the
same transition function and the cells are arranged in a
regular lattice.

Although cellular automata may be seen in one, two, and
three dimensional variants, the similarity between the
architecture of a two dimensional cellular automaton and a
stored discrete digital image makes them naturally suitable
for the task of image processing (Preston and Duff, 1984),
(Toffoli, 1999). Each picture element (‘pixel’) in a digital

image has a value, corresponding to the light intensity value
in a grey-scale image, or a colour value in a colour image
(itself consisting of separate colour components such as
Red, Green and Blue values). A digital image, like a two
dimensional cellular automaton, is arranged in a regular
lattice and each pixel is surrounded by neighbouring pixel
‘cells’. Image processing is the process of modifying the
data within an image in order to highlight certain features.
Edge detection is one such procedure, where the edges in an
image (discontinuities in intensity or texture, steps or lines)
are enhanced and a great many different algorithms exist to
perform this operation (Ziou and Tabbone, 1997). Poli has
suggested that all image feature extraction behaviours can
be stated as being filters, for whichever feature is being
enhanced, all other features are being filtered out (Poli,
1996).

The transition function of a cellular automaton can be
implemented in a rule table, or look-up table. The state of
the current cell and its neighbours creates a unique value
corresponding to an entry in the table that determines the
new state of the cell in the next step of the automaton. The
rule table contains every possible configuration of the cell’s
state combined with every possible configuration of
neighbouring states. The size of the rule table is dependent
on both the number of different possible states and the size
of the neighbourhood.

The two most common neighbourhoods in two-dimensional
automata are the von Neumann neighbourhood and the
Moore neighbourhood. The von Neumann neighbourhood
consists of the central cell undergoing the transition
function and its four neighbours, visualised as the main
compass points (N,S,E,W). The Moore neighbourhood
extends the von Neumann neighbourhood by also including
the extra diagonal corners of the neighbourhood (NE, NW,
SE, SW).

Since the neighbourhood of the transition function is
usually fixed, the biggest influence on look up table size
will be the number of possible states per cell. For example,
in a binary (two-state) automaton with the Moore
neighbourhood the number of different possible
cell/neighbourhood configurations will be 29 (512) and the
number of different possible rule tables will be 2512. As the
number of cell states increases, the size of the rule table,
and therefore the space of all possible rule tables, increases
dramatically.
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As the complexity and size of the rule table increases, it is
often simpler to state the cell transition rule algebraically
rather than in terms of an explicit look-up table. For
example, Conway’s popular automaton, Life (2 states,
Moore neighbourhood) may have its transition function
expressed in the following manner (Gardner, 1970):

If a cell is currently alive (1) and has exactly
two or three neighbouring cells that are alive, remain
alive in the next generation, otherwise die (0) in the
next generation.

If a cell is currently dead and has exactly three
neighbours that are alive, come alive in the next
generation, otherwise remain dead in the next
generation.

Describing the transition rule algebraically has the
advantage that the transition rule is more understandable,
certainly more so than reading entries in a binary look up
table. In some respects it is also space efficient, since the
rule table for the Life automaton (512 combinations) need
not be stored in memory. An algebraic encoding of
transition rules has also been used chosen for grey-scale
image processing in cellular automata (Wongthanavasu and
Sadananda, 2003).

Disadvantages to this approach however are that the
operation of an automaton using an algebraic expression
will be slower than one that simply ‘jumps’ blindly to an
entry in a look up table. The second, and perhaps more
pertinent disadvantage is that it is more difficult to optimise
the transition rule for more efficient operation of the
automaton. This must be done in a ‘trial-and-error’ manner
in order to try and achieve different results. The use of
evolutionary algorithms to evolve improvements in
transition function rules is one possibility. Poli used genetic
programming techniques to evolve algebraic image
processing functions, though he was forced to limit the
number of component functions in order to reduce both the
size of the search space and the cost of excessive
computation time (Poli, 1996).

RELATIVE  PIXEL INTENSITY VALUE ENCODING

The use of evolutionary algorithms to evolve simple rule
tables for cellular automata is a simpler process than trying
to evolve algebraic transition functions. The fixed size of
the rule table ‘genome’ enables the use of simpler genetic
algorithms to be used. However there is the problem of the
number of possible states for each cell in the automaton to
contend with.

A cellular automaton look-up table increases in size
dramatically in relation to the number of states possible in
each cell. This imposes a severe memory constraint when
considering even a small range of grey scale levels. A
solution we have devised is to consider the intensity of the
cell not in absolute intensity values, but relative to the
intensity of its neighbours.

This method only requires three states to be stored for each
cell – no matter how large the range of intensity values for
each cell. The only values that need to be stored is whether

the cell is of a greater intensity, a lesser intensity, or has the
same intensity as its neighbouring cells. Figure 1 illustrates
the concept for both the Moore neighbourhood (1a) and the
von Neumann neighbourhood (1b).

Figure 1: Absolute pixel intensity values translated to relative
pixel intensity values

It can be seen that by only encoding the relative changes in
intensity – greater than (‘+’), less than (‘-‘), or the same
(‘0’) – a great economy in the size of the look-up table can
be achieved. This economy is further increased when we
consider that we do not have to include the centre cell in the
rule table. Thus the Moore neighbourhood entries consist of
only eight cells and the von Neumann neighbourhood
entries now consist of only four cells. Because we are only
considering three possible states per cell, the size of the rule
table is further reduced. The look-up table for a von
Neumann neighbourhood will only be 34 entries long (81
entries), and the look-up table for the Moore neighbourhood
is only 38 entries long – 6561 entries. This is a somewhat
larger table than for the von Neumann neighbourhood but
easily within the memory capacity of modern personal
computers. This encoding of relative intensity values
enables us to consider images with many grey scale levels
and even colour images with a great many colour ranges,
for example 32bit colour ranges for each pixel. The output
from each look up table entry, giving the state of the cell in
the next ‘step’, can be of three possible values: an increase
in pixel intensity for that cell, a decrease in pixel intensity,
or no change in pixel intensity. The amount of the
increase/decrease in pixel intensity may be specified by the
user at the start of the experiment.

RELATIVE PIXEL SENSITIVITY PARAMETER

The encoding of the rule table specifies whether the
neighbourhood cells’ intensity differ from the centre cell
(greater, lesser or the same). It is useful to introduce a
sensitivity parameter that specifies how large the deviation
between the intensity values of the pixels must be in order
for the difference to register. For example, a sensitivity
parameter value of 1 means that, if a neighbouring pixel is
greater in intensity by a value of one or more, then that
neighbour will be given the ‘+’ code. However if the
sensitivity parameter is set to 5, a neighbour with an
intensity difference of 1 will not be enough to trigger a
difference, and that neighbour will be given the ‘0’ (same)



code. The sensitivity parameter thus acts to specify the
sensitivity of changes in image intensity values.

It is possible to view the effect of the sensitivity parameter
and its effect on the distribution of rule table entries, if we
consider the von Neumann neighbourhood with 81 different
possible rule table entries and give each entry a different
colour value. Figure 2a illustrates an original grey scale
image (256 possible grey levels). Figure 2b illustrates the
rule table distribution with a sensitivity parameter value of
1 and figure 2c illustrates the rule table distribution with the
sensitivity parameter of 5. It can be seen that this feature in
itself acts as a rudimentary image filtering operation.

a)  b)     c)

Figure 2: a) Original ‘Lena’ image, b) rule-table entry distribution
with sensitivity of 1, c) rule table distribution with sensitivity 5.

EVOLVING RELATIVE VALUED CELLULAR
AUTOMATA FOR EDGE DETECTION.

A genetic algorithm was developed to assess the suitability
of using relative valued cellular automata for edge detection
on images. The algorithm generates a population of cellular
automata whose genomes consist of rule tables. The rule
tables can be either 81 entries long (von Neumann
neighbourhood) or 6561 entries long (Moore
neighbourhood). The initial output values in the rule tables
were generated randomly. The user specifies the sensitivity
parameter, the amount to increment/decrement each cell’s
pixel intensity value, number of CA iterations, number of
generations, CA boundary conditions and neighbourhood
type. A typical run consisted of a population size of 30, a
recombination probability (single point, randomly selected)
of 1, and a mutation probability of .001.

Each CA was given an 8-bit (256 different states) source
grey scale image as an initial input and the outputs from the
CA were compared to an edge detection reference
generated by the popular Canny algorithm (Canny, 1986).
Fitness was assessed by calculating how much the output
from the CA differed from the output from the Canny
operator, i.e. the most fit were those who minimised the
error difference between the CA output and the Canny
reference. Population fitness was ranked and the next
generation was generated by keeping the fittest member
unchanged (elitist strategy) and generating the next
population by recombining the fittest and second fittest
members’ genomes at a random location. The population,
excepting the fittest member, was subject to mutation at the
rate specified by the user.

RESULTS AND DISCUSSION

The results in Figure 3 show one run of the GA after 350
generations. The input image was the 8bit greyscale image
shown in Figure 2a. Figure 3a shows the output from the
Canny operator used to test fitness and 3b shows the output

from the fittest CA (Single iteration, Moore neighbourhood,
sensitivity: 15, intensity increment/decrement: 255, cloned-
edge boundary conditions, recombination probability: 1,
mutation probability: .001).

Figure 3: The output from the Canny operator to test fitness (3a)
and a sample output from one run of the GA (3b).

Our results show that it is possible to evolve a cellular
automaton to perform edge detection operations on images
with a large (effectively unlimited) intensity range.
Furthermore the automaton is fast (operates in a single
computational ‘step’), and space efficient – overcoming the
traditional problem of rule table size in multi-state
automata. The system would be possible to parallelise as
each cell is computationally very simple. The system can
also process colour images by processing each colour
channel separately and combining the results for the output.
The use of a sensitivity parameter enables the automaton to
be tailored by the user for different applications.

Further work in progress includes examining the use of
non-uniform transition rules and to further explore the
effects of adjusting the CA parameters, such as number of
CA iterations, different boundary conditions and variations
in the rule table output levels to increase/decrease intensity
values of the cells.
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ABSTRACT 
 
The melanoma is a form of skin cancer that can causes a great 
number of deaths. The physician community has long relied 
on visual observation of the skin's surface to determine if the 
lesion is malign or benign. A convenient and painless process 
to detect melanoma of the skin can allow a quick diagnosis, 
and give doctors a close-up view about the nature of the 
lesion. The first step to get such tool is to extract the lesion 
from the healthy skin. Five automatic methods for 
segmentation of pigmented lesion images are presented in this 
paper. The methods allow converting a gray-level image into 
a binary one by using the histogram based thresholding 
approach. Thus we will be able to determine efficiently three 
of the four clinical features known as the ABCDs of 
melanoma. 
 
INTRODUCTION 
 
The interest accorded to the image processing is growing 
while the image became an essential support and a privileged 
source of information. The interpretation-quality of an image 
strongly depends on his analysis. The first problem we face is 
that of segmentation. That is, in order to extract valuable 
information from the image at hand, we first need to divide 
the image into distinctive components, which can then be 
further analysed. This is needed, in order to separate the 
"interesting" components from the subordinate ones, since 
computers have much difficulty in performing classification 
compared to human brain. 
A general, and an automatic, segmentation method is difficult 
to conceive because of the several varieties of area-shapes 
that can be presented in one image. Hence we will proove that 
the segmentation by the histogram-based thresholding 
approach is one of the most adapted for the pigmented-skin-
lesion images in dermatology. 
In section 2, a medical-description of the melanomas and 
theirs characteristics is given. This is followed by a brief 
review about the image segmentation. We present in detail the 
segmentation by the histogram-based thresholding approach 
in section 4. The algorithm procedures that we propose will 
be summarized in section 5. The application to pigmented 
skin lesions is illustrated and discussed in section 6.  

MEDICAL DESCRIPTION  
 
Skin cancers are the most common form of human cancers. 
The malignant melanoma is considered as the most deadly of 
them. Its originer cames from the fact that the skin cells, 
melanocytes, produce more than necessary the dark, 
protective pigment called melanin. However, melanoma is 
almost always curable when detected in its early stages. 
Warning signs of melanoma include: changes in the surface 
of a mole, scaliness, oozing, bleeding or the appearance of a 
new bump; spread of pigment from the border into 
surrounding skin. 
These clinical features are known as the ABCDs of melanoma 
[1]: 
- Asymmetry: One half doesn’t match the other half (figure 
1.a). 
- Border irregularity: The edges ragged notched or blurred 
(figure 1.b). 
- Color: The pigmentation is not uniform. Shades of tan, 
brown and black are present. Dashes of red, white and blue 
add to the mottled appearance (figure 1.c). 
- Diameter: The width is greater than six millimetres (about 
the size of a pencil eraser). Any growth of a mole should be 
of cancern (figure 1.d). 
 

  
(a) Asymetry (b) Border irregularity 

  
(c) Color (d) Diameter 

 
Figures 1: ABCDs criteria 

 
Consequently image analysis techniques for measuring these 
features have been developed. Melanoma diagnosis requires 
that the lesions will be detected and localized in image. It is 
essential that lesion boundaries are determined precisely so 
that measurements can be accurately computed. For this, 
various image segmentation methods have been developed. 
Many of them use gray level image to extract the lesion from 
the healthy skin.  



IMAGE SEGMENTATION 
 
Image segmentation is perhaps the most studied area in 
computer vision, with numerous methods. It consists in 
extracting the region of interest in an image. In our case the 
principal region of interest is the lesion and our objective 
consists to delimit it and to determine as precisely as possible 
its contour. A segmentation method is usually designed taking 
into consideration the properties of a particular class of 
images, thus it can be performed in many different ways [3-
20]: 
- One common approach is to perform Edge-Detection, in 
order to find all edges in the image, thus implying the borders 
of shapes in the given image [3-8]. 
- A second approach is to try and detect whole shapes, given 
the fact that these shapes usually tend to have distinctive 
properties as opposed to the background they are aligned 
against: it is the region-growing approach [9-11]. 
- A third approach consists in converting the gray-level 
image into a binary one according to a critical value called 
threshold. This threshold is chosen after an histogram 
processing which can be total or adaptive: The thresholding is 
total if the same critical value is used over the whole image. 
Otherwise, it is adaptive if each area of the image has its own 
threshold [12-20]. 
To get optimal results, these three approaches are sometimes 
combined. 
For the following of this paper, we shall concentrate on the 
third approche. 
 
HISTOGRAM THRESHOLDING  
 
The gray-level histogram of an image is a function which 
gives the appearance-frequency of each gray-level in the 
image. Thresholding aims to segment an image in many 
classes by only using the histogram. Thus, we suppose that 
each class can be characterized by only its own gray level 
distribution. So, to each peak of the histogram is associated a 
class. There are many histogram thresholding methods [12-
20]. These methods were very often developed to treat the 
particular case of the segmentation in two classes. In this 
case, the image thresholding converts a gray-level image into 
a binary one. The two binary levels may represent objects and 
background or, more generally, two classes in an image (in 
our case it consists in extracting the lesion from the healthy 
skin). Pixels whose value exceeds a critical value are assigned 
to one category, and the rest to the other (figure 2). The 
threshold is global if the same critical value is used across the 
whole image. Many algorithms have been proposed for 
automatically selecting the threshold appropriate for a given 
image [12-20]. Some algorithms simply use the histogram of 
values in the image, whereas others use contextual 
information such as gray level occurrences in adjacent pixels. 
Global histogram based algorithms are most commonly used, 
despite the benefits that can accrue from using contextual 
information and allowing the threshold to vary over an image. 
They are simple to understand and implement, and 
computationally fast once the histogram has been obtained.  

  
 

Figures 2: A bimodal- image Histogram. 
 

The histogram will be denoted h(1), h(2), h(3)... h(n-1), h(n), 
where h(i) is the number of pixels in the image having the 
gray level i, and n is the maximum gray-level reached 
(typically n=255). The threshold value is an integer, denoted t 
[13]. The original image is defined by the function I(x, y) 
where x and y are the coordinates of a pixel. The binary 
image Ib is defined by the function: 
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ALGORITHMS 
 
Subsequent algorithms can be computed efficiently if the 
following partial sums are obtained.  
For J = 0...,n : 
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Moments  
 
This algorithm due to Tsai [15], chooses t such that the binary 
image has the same first three moments as the original one. 
Thus, the value of t is such that At/An is the value of the 
fraction closest to the value of x0 where: 
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Entropy 
 
The entropy E of a discreet source of observations, which 
values are in {0...j} is defined by: 

∑
=

=
j

0i
j log(h(i)) h(i)  E   for j = 0,…...,n  (4) 

One of several maximum entropy algorithms, due to Kapur 
and Al [16], consists in evaluating, for any j= 0...n, the 
following expression:  

Ej/Aj–log(Aj)+(En–Ej)/(An–Aj)–log(An –Aj)  (5)  



The value of the threshold t is the j’s one which minimized 
this expression. 
 
Iterative Intermeans  
 
Ridler and Calvard [17], and Trussel [18] proposed an 
iterative method: From an initial guess for t, the mean gray-
levels in the two classes defined by the threshold, that is, 
below and above it, are computed as: 
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The threshold t is recalculated to be half-way between these 
means that is the integer part of (µt + νt)/2. Then µ and ν are 
recomputed, and a new value of t is obtained. This is repeated 
until convergence, which is a repeat of the same value of t on 
two consecutive iterations.  
 
Intermeans 
 
A closely related algorithm to the precedent one, 
INTERMEANS, due to Otsu [19], requires the between-class 
sum of squares 
Xj=Aj  (An -Aj ) (µj-νj )2    (7) 
The above equation will be evaluated for j=0...n-1. The 
threshold t is set to the value of j at which Xj is maximized. 
Although it is not immediately apparent from the algebraic 
formulation, this has the effect of positioning the threshold 
midway between the means of the two classes.  
 
Triangle  
 
This technique due to Zack [20] is illustrated in Figure 3. A 
line is constructed between the maximum of the histogram at 
brightness imax and the lowest value imin = (p=0)% in the 
image. The distance d between the line and the histogram h[i] 
is computed for all values of b from i = imin to i = imax. The 
brightness value io where the distance between h[io] and the 
line is maximal is the threshold value, that is, t = io. This 
technique is particularly effective when the object pixels 
produce a weak peak in the histogram. 
 

  
 

Figure 3: Triangle algorithm. 
 

D: y=a*x+c     →     D: a*x-y+c=0 

D passes by the two points whish coordinates are (imin, MIN) 
and (imax, MAX) thus: 





−−=
−−=

)/()..(
)/()(

minmaxminmax

minmax

iiiMAXiMINc
iiMINMAXa

 (8) 

So the distance d between the point (i , h(i)) and the line D is:  
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The threshold t takes the value of i which maximized d. 
 
RESULTS AND DISCUSSION  
 
To validate the methods previously presented we applied 
them on 62 images lesions. The visual evaluation of these 
methods is presented in figure 4 for four different images. For 
each method we superpose the contour of the segmented 
image (white edge) on the original image. The Table 1 
gathers the threshold values t for the five methods tested on 
the four images of lesions. 
According to these results, we can classify the five methods 
previously presented in two categories. To carry out a such 
classification, we chose the two following criteria: the 
produced threshold value, and the obtained quality of the 
segmentation (psycho-visual criterion).  
A first class gathers the two following methods: Intermeans 
[19], and Intermeans Iterative [17,18]. Indeed they give a very 
close threshold values which are lower than those produced 
by the three other methods. The obtained thresholds allow a 
good extraction of the lesion from its background.  
For the second category in which we classify the three 
methods Triangle [20], Entropy [16], and Moments [15], we 
note similar results, and threshold values higher than those of 
the preceding class. For this category, the shape extraction of 
the melanoma in the produced binary images is less precise.  
Thus, it is abvious that the methods of the first class are better 
for the lesion-image-segmentation.  
 
CONCLUSION  
 
In this paper we were interested in the histogram-based-
thresholding techniques. Five methods were presented and 
applied on sixty-two images of melanoma. Although these 
methods are relatively simple and that we have not recourse 
to complex techniques, we obtained very satisfying results 
especially those which we gathered in the first class. We 
estimate that we have contributed to the first links of a 
medical help for diagnostic-data-processing tool dedicated to 
the classification of the melanoma. It is thought that the use of 
the color melanoma can give another dimension to this work. 
Thus we will be able to define a color space which will be 
better adapted to the segmentation. 
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Table 1: Threshold values t for the five methods tested on the four images of lesions. 

 

 Image 1 Image 2 Image 3 Image 4 

tmoments 175 167 147 198 

tentropy 192 182 148 217 

t iterative intermeans 154 151 117 196 

tintermeans 152 149 115 194 

ttriangle 187 185 141 221 
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Figures 4: Results of segmentation 
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Abstract 
 Digital watermarking is the unique 
solution that can be used for protecting all 
the digital multimedia data from any 
illegal use.  In this work, we present a new 
method as blind watermarking to embed 
data into digital images, digital audio and 
scanned text.  The method is based on the 
lower and the upper bit sequences.  Each 
pixel in the digital media keeping the 
quality as it is.  The new technique is very 
simple for embedding and extractions of 
the hidden data. 
 
1. Introduction 
 Over the last view years, many 
different watermarking algorithms schemes 
have been developed for a large variety of 
digital data types [1] [2]. New digital media 
has improved, with existing new hardware 
and software dealing with the multimedia 
application have increased the demand not 
just for producing new digital media (such 
as images, audio, movies, et..) but also 
increased the demand for protections of all 
these new products from unknown 
customers or illegal users[3][4].  Digital 
watermarking comes to the front as new 
application to give the protection needed in 
the world of digital multimedia.  Digital 
watermarking is the process of embedding 
particular information (watermark 
message) into or onto the digital media and 
retrieving it from other digital data.  The 
theory of the digital watermarking have 
been investigated [5][6][7].  The reliability of 
the digital watermarking information is 
dependent on the texture of the original 

digital image or audio [8].  In this paper, we 
present a new method of embedding the 
watermarking into the digital image based 
on the lower and upper bit sequences of 
each pixel.  The proposed method is 
presented in section 2.  in section 3, we 
explain the basic idea behind the structure 
of the lower and upper bit sequences and 
the reference database table for the 
embedding method.  In section 4, we 
introduce the embedding and extraction 
(detection) system and how it works. In 
section 5, we give some examples 
experimental results as test for the new 
blind watermarking technique and show 
how to deal with it.  In section 6, we show 
some results of using the new method of 
the blind embedding and extraction of the 
watermarks under some common attacks. 
In the last section, we concluded our 
presentation work. 
 
2. Proposed Method 
 Digital watermarking uses one of 
the following two methods to embed a 
payload. One way involves special 
algorithms that can change the intensity or 
luminance of individual pixels of a digital 
picture to encode a predetermined number 
of bits of embedded, but imperceptible 
data. The other method involves changing 
the image in the frequency domain, by 
slightly altering the discrete cosine 
transform (DCT) coefficients (at the heart 
of the compression algorithms used in 
MPEG and JPEG).  Our work based on the 
special domain, the pixel of which is the 8-
bits length.  Some work has been done 
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using the least significant bits [11], and 
others used some other method such as 
flappable and shuffling [9] [10].  In this 
research work, we looked closely to the 
sequences of all the bits that represented 
each pixel in the digital image or the 
digital media.  By dividing (portions) the 
bits sequence into two parts, the lower bit 
sequence (part 0) which  starts from bit 
number 0 to bit number 3 and the upper bit 
sequences (part 1) which starts from bit 
number 4 to bit number 7 right to left 
direction which is from the lower to the 
higher bit order. 
direction which is from the lower to the 
higher bit order. 

The database (table) divided into five parts 
directed from left to right.  Part one is the 
level-no. That indicates the lower value 
and the upper value in each level.  Part two 
is the replacing value for each data pixel to 
calculate the watermarking message.  Part 
three is the lower bit sequences.  Part four 
is the upper bit sequences and part five is 
the range between each level. 
 
4. Embedding and Extraction Systems 
 This is a new method is known 
blind digital watermarking method.  This 
method is different from others [2] [9] [10] [11] 
such that it does not require the original 
digital image or media to extract or detect 
the hidden data (watermark message). 

                
           7   6    5   4    3   2   1   0  
          Upper-bits  Lower-bits 
    
Figure 1: The bit sequences of the pixel.  

4.1 The Embedding Algorithm  
Figure 1; illustrate the lower and the upper 
bits sequences.  By splitting the data pixels 
into two parts, the lower and the upper 
parts, in fact we divide the digital image 
into two levels.  The low level is the data 
pixel of the digital image or media valued 
from 0 to 8 in real data.   The upper level is 
the digital image or media valued from 16 
to 255 in real data.   By introducing these 
two level, we construct a database (see 
Figure 2) based on these levels or 
sequences to build up the embedded for the 
digital watermark. 

Based on the database from Figure 2, 
the embedding algorithm is described as 
following: 

1) For each data pixel from the 
original image, extract and replace 
with equivalent number from the table 
that exists between its lower or upper 
data value. 
2) Add the all the equivalent numbers 
and then take the average. 
3) Extract the watermark number 
(value) from the table that exists 
between the lower and upper data 
value of any level. 3. Data base structure 

 To evaluate each data pixel of the digital 
media, we have constructed a database table as 
shown in Figure 2. 

4) Add the watermark to the original 
data pixel of the image. 

  
Range Upper-

bits data 
Lower-

bits Data 
Value Level 

–No. 
15 15 0 0 0 
15 31 16 1 1 
15 47 32 2 2 
15 63 48 3 3 
15 79 64 4 4 
15 95 80 5 5 
15 111 96 6 6 
15 127 112 7 7 
15 143 128 8 8 
15 159 144 9 9 
15 175 160 10 10 
15 191 176 11 11 
15 207 192 12 12 
15 223 208 13 13 
15 239 224 14 14 
15 255 240 15 15 

Figure 3, shows the embedding system.  
The embedding system uses a 
straightforward process and uses a 
segmented 8x8 data pixel of a digital 
image (original image) as sample to 
explain the procedure of the new 
embedding system.  Each data pixel in the 
digital image, there is a cross-pounding 
value number that can be computed from 
the database-table (see Figure 2).  After 
completing the replacements of all the data 
pixels, the embedded computes the digital 
watermark by summing up all these value 
numbers then taking the average value and   Figure 2: The Database (Table) structures 

 



extracting again the cross-pounding value 
from the table to get the watermark number 

(value) that is to be added to the original 
segmented digital image(marked image). 
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Figure 3: The Embedding System. 
 
4.2 The Extraction-Detection Algorithm  
 After embedding the digital 
watermark, which is a very small data 

value, it is range from 0 to 15, such that it 
does not affect the quality of the marked 
image or media. 
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Figure 4: The Extraction (Detection) System. 
 
Figure 4; illustrated the extraction 
algorithm for the hidden watermark which 
is very simple and the description of the 
algorithm is as following: 
1- For each data pixel of the marked 

image, replace it with its cross-
pounding valued number from the 
database or the table. 

2- Sum up all the valued numbers and 
then take the average. 

3- Extract the equivalent valued number 
from the database or the table and 
i.e., the marked message (hiding 
data) if exist. 

4- Subtract the watermark from the 
marked image to obtain the original 
digital image (data value). 

 

In Figure 4, the extraction system also 
employs a straightforward process for the 
extraction of the watermark from the 
marked image or media.  Except that after 
computing and getting the valued number 
from the database or the table, the system 
subtracts the valued number from the 
marked image to get back the original 
digital data. 
 
5. Applying the New Method 
 As result of blind digital 
watermarking technique, the embedded can 
embed the watermark message to a 
particular location or the entire image 
itself.  After applying the new method over 
different types of digital images, we have 
got a good quality marked images.  Figure 
5; Shows some results after applying the 



new method using only one random 8x8 
segmented block to be as watermark 
(hidden) in the target image. 

 
(a) Original Image 

 
    (b) marked Image 

 
     (c) Original Image 

 

 
             (d) Marked Image 
 
6. Experiments 
 The blind watermarking based bit 
sequences system was tested on 2000 
images using reference mark image of size 
8x8 pixels taking from the original image.  
The message embedded was in range [0 – 
15] that is obtained from the table 
illustrated in Figure 2.  The message 
obtained was small compared to other 
existing techniques.  Since the message is 

bounded the system had a measured of 
over 99%.  
  
7. The new method with common attackers 
 The new method has given good 
results of recognizing the watermarks after 
applying some attackers such as JPEG 
compression where the compression ratio 
was 20:1 and another attacker such as 
adding noise (Gaussian).  This is because 
of the range capacity available from the 
data base or the table (see Figure 2).  For 
each level has a range from 0 to 15 of 
valued number; and that will help either for 
the embedded or for the extractor to 
recover from most (any) attacker.  The 
capacity level is one of the best advantage 
exist in this blind digital watermarking 
method. 
 
8. Conclusion 
 In this paper, we presented a new 
blind digital watermarking scheme using 
the lower and the upper bit sequences to 
embed and extract the watermark message.  
The new method has given good quality of 
marked images or media after embedding 
the watermark message.  The new method 
can allow embedding the watermark into a 
segmented part (i.e. only 8x8 block size) or 
into all images and it can extract the 
marked message anywhere in the image 
target.  The new method has survived from 
most common attackers such as standard 
JPEF compression [20:1] and additive 
noise. 
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Summary: 
Existing watermarking schemes try, in general, to maximize the robustness or to reduce the signature visibility. In this 
paper, we present two new approaches in the embedding scheme that release both of these constraints. In one hand, we 
assure a great robustness, on the other hand, we guarantied  the imperceptibility of the embedded mark. Both of these 
approaches represent the new steps added to the classic embedding scheme of image watermarking in the frequential 
field. This will characterize the object of the present paper where we present these ameliorations with the obtained 
results. 
keywords: watermarking, Image, DCT, Robustness. 
 
1. Introduction 
With the recent growth of networked multimedia 
systems, techniques are needed to prevent the illegal 
copying, forgery and distribution of digital images. It is 
also desireable to determine where and by how much 
the multimedia file has been changed from the original. 
One way to improve one's claim of ownership over an 
image, is to place a low-level signal directly into the 
image data. This signal, known as a digital watermark, 
uniquely identifies the owner and can be easily 
extracted from the image. Our goal has been to develop 
a robust digital watermark scheme for images. 
In this paper, we present a new approach of image 
watermarking in the frequential field. It is based on  
two steps that allocate to obtain both a great robustness 
and a great imperceptibility of the embedded mark.  
We have to precise in this step, that the embedded 
mark will be different from the classic mode of 
embedding signatures in the known watermarking 
schemesIn fact, in our proposed method, we'll not 
embed the mark itself. We'll embed the ratio between 
the original image and the mark.  
 
2. Method Principle 
the proposed method of image watermarking is based 
on the classic scheme of embedding a mark in the 
frequential field using the additif scheme. The 
extracting scheme is non blind one. The proposed 
method will modify the embedding scheme.  
At a first step, we'll try to carry out a sorting  between 
the elements of the original image and that of the 
embedded mark in order to optimize their 
correspondance. On the other hand, we'll try to embed 
their ratio instead of embedding the mark in the image. 
At this stage, we have to optimise by choosing which 

ratio to embed (the ration between the mark and the 
image or the inverse).  We have so to choose between 
embedding the ration image/mark or mark/image. 
This last modification on the embedding scheme will 
maximize the robustness of the watermarking action. In 
fact, when retrieving the embedded "mark", the hacker 
can't discover the real mark because the found "mark" 
is the ration and not the real one.  
The first modification that concern sorting the elements 
of the image and that of the mark between the 
embedding scheme is a pre-step in the embedding 
scheme. Its objective is to minimize the mark 
perceptibility. In fact, when proceeding with this 
method we'll be sure that the elements of the mark 
won't influence that of the original image. They will be 
corresponded and have the same magnitude order. 
 
2.1 Perceptibility Minimization: Arrangement 
procedure and  blocks rebuilding:  
In this paragraph, we propose to arrange the mark 
pixels and that of the original image in order to 
minimize its imperceptibility when inserted on the 
image. In fact, given the image to watermark and the 
mark to embed, we decompose the original image and 
the embedded mark into 8x8 blocks and we apply on 
them the DCT operation. At this step, we obtain two 
matrixes of N*N values, that designate respectively an 
image block and a mark block. These matrixes will be 
transformed on vectors of n*n columns. A sorting 
operation of every block elements will be effected in 
order to classify them in a increasing order for the 
image elements and a decreasing order for the mark 
ones.  An indices table will be established in order to  
assist the block rebuilding operation in the extracting 
scheme. 



 

 

 
2.2 Robustness Maximization: Optimizing the ratio 
between the image and the embedded mark:  
In this step, we propose to optimise the embedded ratio 
by effecting a comparison between the PSNR when 
inserting the ration image/mark and that when inserting 
the ratio mark/image. 
 
2.2.1 1st method : Ratio: Signature / Image  
The signature (Wi) will be on this method a vector of 
elements that represent the ratio of the Image/signature. 
This vector will be sorted and arranged.  
 
2.2.2 2nd method : Ratio: Image /Signature  
The signature (Wi) will be in this method a vector 
containing the ratio signature/image.  
 
3. Watermarking Steps: 
3.1 Embedding Step 
In this step, we'll try to correspond to each element of 
the vector representing the sorted original image, its 

homologue in the vector representing the mark to 
embed by applyin,g the following formula:  
 

yi = xi(1+α wi) 
with : 
yi DCT coefficient of the watermarked image. 
xi DCT quantified coefficient TCD of the original 
image 
α  : Visibility coefficient. 
wi : The mark to embed. 
 
When finishing from the association between the image 
pixels and those of the mark, come the embedding step.  
In this step, the embedding scheme will be modified 
because we'll insert the the ration instead of inserting 
the mark.  
The resulting vector will have the same size of that of 
the original image.   
 

 

 
Figure 1: Proposed Embedding Scheme 

 
3.2 Extracting Step : 
This step is very important in the image watermarking 
process. It allows extracting the introduced signature 
and demonstrate the effectiveness of the used method. 
This can be done by the quality of the obtained image 
after mark extraction and by comparing the extracted 
signature with the original one.   
Detection Scheme: The developed scheme in the 
detection process is based on a sequence of the inverse 
of the operations adopted in the embedded process. In 
fact, having the original image and the watermarking 

one, we apply the DCT on each one of them. The next 
step try to substrate the transformed coefficients of the 
watermarked image from the original one.  
The extracted mark will be the ratio between the mark 
and the original image.  
 
4. Results & Evaluation  

 
The attacks 

The essential objective of our method is to obtain a 
procedure both robust and with imperceptible mark. 
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For this, we have developed a test procedure based on a 
success of different attacks: JPEG compression, 
Gaussian noise, Speckle noise, Cropping, Rotation, 
histogram equalisation, …). For each attack, we 

evaluate the quality of the watermarking process by 
measuring the PSNR between the original image and 
the watermarked attacked one. 
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 1st Stage: optimising the ratio between the Image and the Signature: 
 

inserting image / signature inserting signature / image 

  
PSNR = 12.661 PSNR = 78.801 

  
PSNR = 12.567 PSNR = 80.854 

  
PSNR = 12.306 PSNR = 78.892 



 

 

  
PSNR = 14.461 PSNR = 78.736 

 
 
 
Interpretations: 
When trying to insert the ratio 
signature/image and image/signature we 
have conclude that the last method 
decrease the PSNR and the image quality. 

So that, it will be necessary to choose the 
first ratio :signature/image. The PSNR 
with this embedding type will increase 
and exceed in all cases 78db.  

 
 

 2nd  Stage: Robustness Test of the approach: Signature/ Image 
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Image watermarked attacked  by cropping Evaluation of the robustness after a cropping  
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Image watermarked attacked  by rotation Robustness Evaluation after a rotation 
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5. Conclusion 
This paper present a new method of image 
watermarking in the frequential field by adding some 
modifications in its embedding scheme. These 
modifications have allowed us to obtain a robust 
watermarking algorithm in the frequential field having 
both the advantages of the robustness and the 
invisibility of the embedded mark.  A robustness test 
have been done and have demonstrate the efficacy of 
the proposed method. 
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ABSTRACT 

In this paper, a novel audio watermarking technique is 
proposed. This technique uses wavelet transformation 
to embed a watermark signal in wavelet domain. A 
novel technique is used to generate audio signal 
dependent watermark patterns. These patterns are 
scaled and filtered to ensure high fidelity. Correlation 
is used to detect the embedded watermark. Original 
audio signal is not required in detection process. 

INTRODUCTION 

Digital watermarking is the process of embedding an 
imperceptible message (watermark) into multimedia 
work. This message should be recoverable in 
detection stage to provide a proof for the ownership of 
copyright. The watermarking algorithm has to satisfy 
two conflicting conditions. First, the embedded 
watermark must introduce as less as possible 
distortion to the multimedia work. Second, the 
embedded watermark must be robust against removal 
process. A number of audio watermarking algorithms 
have been proposed. These algorithms exploit 
different techniques to realize these conditions. 
Embedding process can be classified according to the 
domain where the watermark is embedded. There are 
four domains for watermark embedding (Alsalami 
and Al-Akaidi 2003): time domain, frequency 
domain, compressed domain and wavelet domain. 

In time domain watermarking, the watermark is 
embedded directly into digital audio signal (Bassia et 
al. 2001). No domain transform is required. 
Frequency domain watermarking techniques need to 
transform the audio signal to frequency domain where 
the watermark embedded (e.g. (Arnold 2000)). Fast 
Fourier Transform (FFT) or discrete Cosine 
Transform (DCT) can be used for this purpose. Other 
audio watermarking techniques hide the watermark in 
compressed audio (Neubauer and Herre 2000) to 
avoid going through costly decompressed and 
compress process to embed the watermark. Wavelet 
Transform is also used in audio watermarking to add 
the watermark in Wavelet domain. 

The discrete Wavelet Transform (DWT) is a 
technique for extracting information about non-
stationary signals like audio. It was developed as an 
alternative to the Short Time Fourier Transform 
(STFT) to overcome problems related to its time and 
frequency resolution properties. In Fourier Transform, 
the signal is expressed as infinite sum of a series of 
sine's and cosines. This sum is referred as A Fourier 
expansion. The problem with Fourier Expansion is 
that it has no time resolution. This means that 
although we might be able to determine all the 
frequencies present in a signal, we do not know when 
they are present DWT provides time-frequency 
resolution. In Wavelet Transform, signal is 
decomposed to two parts, approximation and details. 
Approximation part contains the low frequency 
components while the details part contains the high 
frequency components the approximation part can be 
decomposed again to low and high frequencies. Data 
obtained from these decompositions are called DWT 
coefficients. The original signal can be reconstructed 
by applying inverse DWT on the coefficients. More 
information about wavelet transforms can be found in 
(Daubechies 1992 and Burrus 1998). 

Kim et al (Kim et al. 2002) proposed an audio 
watermarking technique using wavelet transform. 
Their technique uses patchwork algorithm to embed a 
watermark in wavelet domain by changing some 
statistical value related to the DWT coefficients. This 
technique modifies audio signal regardless the 
properties of audio signal being watermarked. By 
other words, the watermark signal is audio-
independent and depends only on the watermarking 
key.  Consequently, fidelity of watermarked audio 
might be seriously affected. 

In this paper, a new technique for wavelet based audio 
watermarking is proposed. A novel technique is used 
to generate signal dependent watermark patterns in 
wavelet domain. Correlation is used to detect the 
embedded watermark pattern. Unwatermarked audio 
is not necessary in detection process. 

The rest of this paper is organized as follows. The 
proposed embedding technique is explained in next 
section. Then the detection technique is shown. In 
Robustness Test section, some of attacks results are 
shown to demonstrate the robustness of the proposed 



technique. We conclude with conclusion and future 
work. 

WATERMARK EMBEDDING 

Audio signal is broken to blocks; each block is used 
to embed one watermark bit. Watermark embedding 
process consists of four stages. At the first stage, 
audio signal is decomposed using wavelet transform. 
The decomposed audio signal is used in second stage 
to generate a signal dependent watermark patterns 
using a novel technique used in this work. At the third 
stage the watermark is added into audio signal. And 
finally we reconstruct the decomposed audio signal to 
get the watermarked signal.  

Suppose we have a watermark W = {w1, w2,…,wn} 
where wi ∈ {0, 1}, i = 1,2,…,n. each bit in the 
watermark W will be embedded in one audio block S. 
the embedding process will be parameterised by a 
watermarking key Kw. The four stages of 
watermarking will be performed as follows: 

1. The signal S decomposed using 
wavelet transform to level k, so we 
have Ak, D0, D1,…,Dk. The 
watermark will be embedded into 
approximation Ak and details Dk. 

2. Two watermark patterns WA and 
WD are generated. First we 
compute the standard deviations of 
Ak and Dk, S1 and S2, respectively. 
Then two sets of indexes I = {i1, 
i2,…,in1} and J = {j1, j2, …, jn2} are 
generated using the watermarking 
key Kw. Then after, the 
watermarking patterns WA and WD 
can be computed as follows: 

If watermark bit being embedded   
wi = 1 then 
         WA (k1) = S1 

WA (k2) = – S1 
WD (k3) = S2 
WD (k4) = –S2  

Otherwise  
WA (k1) = – S1 
WA (k2) = S1 
WD (k3) = – S2 
WD (k4) = S2  

Where k1and k3∈ I and k2 and k4∈ J. 

3. The watermark patterns are added to 
Ak and Dk as follows: 

A’k  =Ak + WA 
D’k = Dk + WD 

4. The components of audio signal 
A’k, D1, D2, …, D’k are used to 
produce the watermarked audio by 
implementing inverse wavelet 
transform to reconstruct the signal. 

Watermark patterns are generated depending on 
information extracted from audio signal being 
watermarked. This helps the watermark to be 
inaudible. Further shaping operations can be made. 
Watermark patterns can be scaled using audio signal 
itself (WA = WA * Ak and WD = WD * Dk). Filtering 
the resulting watermark patterns shows very good 
results in maintaining watermarked audio signal 
fidelity. Simple smoothing filter can be useful for that 
purpose. Figure 1 shows watermark generating, 
scaling using audio signal and smoothing using third 
order moving average filter. 

 
a. Original Audio Signal 

b. Original Watermark 

c. The Watermark after Scaling 

 
d. The Watermark after Filtering 

Figure 1: Watermark Shaping 

In order for the embedded watermark to be secure, 
watermarking key is used. Watermarking key is 
involved in generating two sets of indexes that are 
used to specify where the watermark will be buried. 
Parties those are interested in watermark removing 
will not be able to do so, as they don’t know the 
location of the embedded watermark (they don’t know 
the watermarking key). 



WATERMARK DETECTION 

Correlation is used in detection process. The 
watermarked audio is used to regenerate the 
watermark patterns and correlation is used to measure 
the similarity.  First, audio signal is decomposed by 
wavelet transform, and then watermark patterns are 
computed and correlated. The following steps 
summarise detection process: 

1. The signal S decomposed using 
wavelet transform to level k, so we 
have Ak, D0, D1,…,Dk. The 
watermark will be detected in 
approximation Ak and details Dk. 

2. Four watermark patterns (W1, W2, 
W3 and W4) will be computed. 
Patterns W1 and W2 are for 1 and 
W3 and W4 for 0. These patterns 
will be computed as bellow: 

S1 = standard deviation of Ak 
S2 = standard deviation of Dk 

       W1 (k1) = S1 & W1 (k2) = – S1 
W2 (k3) = S2 & W2 (k4) = – S2 

W1 (k1) = – S1 & W1 (k2) = S1 
W2 (k3) = – S2 & W2 (k4) = S2 

 Where k1 and k3 ∈ I and k2 and k4 ∈ 
J. J and I were generated using the 
watermarking key. 

3. Correlation is used to detect the 
existence of the watermark. 

Let 
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      represents a correlation function.  

Then we compute: 

C1 = corr(W1, Ak)  
C2 = corr(W2, Dk) 

 C3 = corr(W3, Ak)   
  C4 = corr(W4, Dk) 

C1 and C2 are used to measure the 
similarity between watermark 
patterns of 1 and the decomposed 
audio signal, and C3 and C4 are used 
to measure the similarity between 
watermark patterns of 0 and the 
decomposed audio signal. Each two 
values will be involved in 
computing two values CW1 and 
CW0 used in deciding the 
watermark: 

CW1 = C1 . 0.7 + C2 . 0.3 
CW2 = C3 . 0.7 + C4 . 0.3 

4. The final decision can be made as 
follows: 

If CW1 – CW2 < T then 
      No watermark is embedded. 
Else if CW1 > CW2 then 
       1 is embedded. 
Else  
        0 is embedded. 

Watermark patterns are regenerated from the 
watermarked audio signal without significant error. 
So, the unwatermarked audio is not necessary to be 
presented in detection stage. The watermark patterns 
must be shaped before correlation is made. The same 
way of embedding process shaping is used. The 
correlation result of approximation part is more 
significant than that of details part. That is because 
that the most significant components of audio signal 
lie in approximation. So that, the correlation result of 
approximation is weighted by 0.7, while 0.3 will 
weight the correlation of details. 

Further criteria can be added to enhance watermark 
detection. In detection process four correlation values 
are computed. Two of them for the watermark 1 in 
approximation and details part and the other two for 
watermark 0. If the embedded watermark was 1 then 
both C1 and C2 must be greater than C3 and C4, 
respectively. Regardless that C2 and C4 do not have a 
significant difference. And the reverse must be 
happened in case that 0 is embedded. If that logic 
cannot be held, this leads us to conclude that no 
watermark is embedded that was just false positive 
detection. For example, if we have C1 greater than C3, 
but C2 was less than C4. It is clear that C1 and C3 
values indicate 1 is embedded in approximation but 
C2 and C3 values indicate that 0 is embedded. While 
the two comparisons indicate different watermark 
patterns, this means that no watermark is presented. 
For purpose of computing probability distribution 
function for watermarked and unwatermarked audio, 
detection values that do not satisfy the criteria above 
will be decreased by an amount S. 

Figure 2:  Probability Distribution for Detection 
Values of Watermarked and Unwatermarked Audio. 



Figure 2 shows probability distribution function for 
the detection values computed from 1000 
watermarked audio blocks and 1000 unwatermarked. 
Solid curve represents the probability distribution for 
detection values of watermarked audio while the 
dashed one represents the probability for detection 
values of unwatermarked audio. 

The figure above gives us a clear idea about the 
performance of the proposed watermarking technique.  
The probability distribution of detection values of 
watermarked audio is isolated from that of 
unwatermarked. This enables the algorithm to detect 
the embedded watermark without false positive 
detection. 

ROBUSTNESS TEST 

The proposed watermarking algorithm has been 
subjected to a number of attacks in order to test its 
robustness. In this section we show some of the result 
we obtained from applying lowpass filter, high pass, 
filter, addition of random noise, and compression 
attacks. These results were as follows: 

1. High pass filter attack: the cut-off 
frequency was 9 KHz. The affect of the 
attack can be demonstrated by showing 
probability distribution of 1000 high pass 
filtered watermarked audio as shown in 
Figure 3. 

The high pass filter does not have a serious 
affect on the watermarked audio, while it 
targets the high frequency components of 
the signal. That is because detection 
process considers only 30% of the 
correlation value of details part. 

2. Low pass filter attack: the cut-off 
frequency was 200 Hz. The affect of the 
attack is shown in the Figure 4. 

As shown in Figure 4, the attack pushes 
down the curve of watermarked audio 
detection values distribution, but still we 
have the two curves isolated. 

3. Addition of random noise attack: in this 
attack a random noise ranged from 0.01 to 
0.1 (normalized values) is added to the 
watermarked audio. The affect is shown in 
Figure 5. The addition of random noise 
affects the fidelity of the watermarked 
audio, so we cannot consider it as an 
affective attack. On the other hand, adding 
a small amount of noise does not affect the 
watermark seriously. 

4.  Compression attack: MPEG III model is 
used to compress and decompress 
watermarked audio samples. The result of 
this attack is depicted in Figure 6. The 
watermark detector fails to detect the 

watermark in a very small number of audio 
blocks. 

More attacks are conducting to proof the robustness 
of the proposed watermarking technique and very 
encouraging results obtained. 

 
Figure 3: Probability Distribution for Detection 
Values of Watermarked after high pass filtering. 

 
Figure 4: Probability Distribution for Detection 
Values of Watermarked after low pass filtering. 

 
Figure 5: Probability Distribution for Detection 

Values of Watermarked after addition of random 
noise. 



Figure 4:  Probability Distribution for Detection 
Values of Watermarked after Compression Attack. 

 

CONCLUSION AND FUTURE WORK 

In this paper, a novel audio watermarking technique is 
proposed. This technique uses wavelet transform to 
embed a watermark in wavelet domain. We proposed 
a novel technique to generate audio signal dependent 
watermark patterns. These patterns are scaled using 
the audio signal itself and filtered by moving average 
filter to smooth the resulting watermark. Experiments 
show that the process of watermark patterns 
generation is able to produce a watermark signal that 
does not affect the fidelity of watermarked audio 
signal. Original audio signal is not required in 
detection stage, while the watermark patterns can be 
recomputed from the watermarked audio without 
significant error. The generated watermark patterns 
correlated to the audio signal to detect the existence of 
the watermark. 

To test the robustness of the proposed technique, 
StirMark benchmark attacks (Steinebach, 2001) have 
been applied to a watermarked audio. Encouraging 
results are obtained and some of these results are 
shown in this paper. Further work is required to 
develop this technique to eliminate the need to the 
watermarking key in detection stage (Public key 
watermarking).  
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Abstract 
 
Hierarchical Cell Structure (HCS) or multi-tier has become 
a major trend in the design of 3G systems networks in order 
to support the high capacity demand required for 
multimedia traffic in 3G systems. In this type of network an 
efficient cell assignment scheme is required to improve the 
Quality of Service (QoS) of the system in terms of dropping 
probability, blocking probability, and channel utilisation. 
In this paper we propose a new channel assignment scheme 
which exploits the delay insensitive property of the non 
real-time data service to admit users to the preferred cell 
layer. We believe the new scheme is anticipated to improve 
the QoS of the real-time voice users for both blocking 
probability and channel utilisation parameters. 
 
1. INTRODUCTION  
 
The 3G wireless network integrates different types of 
multimedia traffic such as voice, data, and compressed 
images and videos. The implementation of broadband 
features on the wireless medium is one of the most difficult 
encountered problems to handle, as a large bandwidth is 
required to offer such services with QoS similar to these of 
wired networks. Therefore a major trend in the design of 
wireless networks is to use Hierarchical (multi-tier) Cellular 
Structure (HCS). In HCS more than one cell's size type are 
employed to provide high coverage and capacity. 
Depending on the traffic density area, wireless cellular 
systems are partitioned into two cellular categories: small 
cells of a few hundred meters which is called microcells and 
larger ones called macrocells covering few kilometres area. 
Another category could be added to serve indoor users of an 
area as large as an office which is called picocells.   
Macrocells provide cost efficient coverage and are used in 
low density areas. On the other hand microcells are used to 
achieve high spot traffic in urban areas. There are two 
principal benefits of a two-tier design. The first is, if a 
macrocell covers an area, it is not necessary to cover the 
same area with a microcell. In rural areas with low overall 
demand and scattered high demand points, this means that 
fewer resources need to be spent on providing adequate 
service. Instead of covering the entire service area with 
microcells, a macrocell can be used in combination with 

microcells at high demand points. The second being if there 
are mobile phone's users that are travelling at high speeds, 
these users can be serviced by the macrocell and there by  
Reduce the need for handoff of the calls. When a handoff is 
avoided, the risk of call dropping due to channel shortage in 
the handoff service area is eliminated. 
 
Trend in cellular networks is to shrink cell size in order to 
accommodate more mobile users in a given geographical 
area. This results in more frequent handoffs, and makes 
connection-level QoS more difficult to achieve. Some 
important connection-level QoS parameters are the 
probability of blocking newly-requested connections and 
the probability of dropping handoffs due to the 
unavailability of channels in the new cell, and channel 
utilization. Dropping a call in progress is generally 
considered to have more negative impact from users' 
perception than rejecting (blocking) a newly requested call. 
Therefore, one of the key design goals is to minimize the 
call dropping probability by giving priority to handoff calls. 
This, however, usually comes at the expense of high call 
blocking probability and potentially poor channel utilization 
by admitting less new calls; therefore there is a trade-off 
between these two probabilities. Basically, there are two 
ways to prioritise handoff calls for reducing dropping 
probability: guard channel and queuing. Many variation or 
combination of the above two schemes have been proposed 
[1-3]. Reserving a number of channels exclusively for 
handoff will improve dropping probability at the expense of 
higher new call blocking probability. Handoff queuing is an 
alternative scheme that employs a handoff queue for storing 
temporarily unacceptable handoff attempts. However 
dropping would not be totally eliminated due to the limited 
size of the handoff queue.  
 
In order to achieve high QoS performance in terms of the 
aforementioned parameters within HCS environment good 
admission control and channel assignment policies should 
be utilised. These policies should be able to assign users to 
the appropriate cell layer such that minimum number of 
handoff occur and at the same time preserving good channel 
utilisation. Much works have been done regarding this 
issue. One method to do this is by classifying users 
according to their speeds so that fast moving users will be 
assigned to the macrocell layer while low speed and 



stationary users will be assigned to the microcell layer. The 
other method used in this respect is to transfer users 
between cell tiers in case of no channels available at the 
preferred tier, this is called overflow as shown in Figures 1, 
and 2. 
  

 
Figure 1. Call overflow 

 
We have proposed a cell assignment management policy for 
HCS radio systems that aims to reduce dropping probability 
and at the same time preserving good channel utilisation by 
exploiting the time delay tolerance characteristic of the non 
real time users. In our policy, real time user that cannot find 
free channel at either cell layers can be admitted to the 
preferred tier by delaying a non real-time user. This paper is 
organised as follows: In section 2, the cell assignment 
policies in HCS in the literature are reviewed. In section 3, 
the new proposed scheme is presented, and the performance 
of the scheme is evaluated in section 4. Section 5 presents 
the conclusion.  
 
2. HCS ASSIGNMENT POLICIES 
 
To provide higher capacity in 3G systems, cells in 
hierarchical networks are being designed with smaller size. 
However such a trend may result in increased number of 
handoff requests and the corresponding increase in 
signalling load. Among the other problems raised in HCS 
that of how to assign a mobile to microcell or a macrocell 
has attracted a lot of interest [7-10]. Mainly there are two 
schemes for assigning calls to cell's layer in HCS these are: 
the overflow scheme and the speed-sensitive assignment. In 
the overflow scheme all types of traffic users will be 
assigned to a default cell layer (normally the lower layer). 
Calls that cannot find a channel at the default layer will be 
handed up (overflow) to the higher layer (the overlaying 
macrocell) as shown in Figure 1. The overflow could move 
in both directions i.e. from microcell level to macrocell 
level and vice versa.  
 
On the other hand, in the speed-sensitive assignment 
scheme calls are required to be classified according to their 
speed. Moving fast or slow this decision will be made either 
by the mobile terminal which is able to evaluate its own 
speed, or by the base station which measures the dwell time 
of a mobile and compares it with a threshold [11-12]. If the 
dwell time of the mobile user lower than the microcell dwell 
time threshold, this user will be considered fast user and 

assigned to the macrocell layer otherwise it is considered as 
slow user and assigned to the microcell layer. The threshold 
can be adjusted dynamically by either the network or by the 
mobile terminal. 
 
   

 
Figure 2.  Two-way overflow 

 
Only single type of service was considered in the above 
schemes that is real time voice service. We present our new 
scheme in the next section, which differs from these 
schemes by considering the non real-time service as well 
and exploiting the delay insensitive characteristic of this 
service to reduce dropping and blocking probability for the 
real time services.  
 
3. THE PROPOSED SCHEME  
 
 A. System description  
 
An FDD-WCDMA [13] system employing two-tier 
hierarchical cell structure is proposed in this paper. 
Therefore the resources in this system are the codes which 
in combination with the frequency band represent the user's 
channels. We have decided to consider one macrocell 
cluster overlaying N microcells and we consider a 
homogeneous cellular network. That means, all cells of the 
same hierarchical level are assumed statistically identical so 
that we can focus on one particular cell in each layer. Each 
macrocell can support Co users while a microcell can 
support Ci users. Values of N, Co and Ci are selected to meet 
the requirements of our system. Two types of users are 
defined according to their mobility: slow users such as 
pedestrian denoted as S, and fast users such as vehicles 
denoted as F. Classifying new arriving users as fast or slow 
is performed by the cellular system. We assume that new 
slow users and new fast users arrive according to Poisson 
process with mean arrival rate λs and λf respectively. The 
call holding time is defined as the time that a call would last 
if it could successfully complete without forced termination. 
The two mobility types have an exponentially distributed 
call holding time of l/µs and l/µf respectively. The call 
sojourn time represent how long a call can be maintained in 
a cell, it follows an exponential distribution with mean l/ηsi 
in the microcells and mean 1/ηso in the macrocells. For the 
fast users at the macrocell, sojourn time is also supposed to 
be exponentially distributed with mean 1/ηfi and l/ηfo at the 
microcell. 



Two classes of services are considered here: real-time voice 
service and non real-time data service. Data users are 
assumed to have only slow mobility with a rate of arrival 
according to Poisson process λd. Data traffic is buffered 
upon arrival to the microcell layer and they are served in a 
FIFO queuing discipline to fill their reserved capacity CD. A 
data call can occupy an idle channel at the range (Ci-CD), 
with pre-emption priority to the voice calls; the pre-empted 
data call will join the head of the buffer. The difference in 
the QoS requirements of the two classes will be exploited to 
favour the real time service when admitting users to the 
network as it will be shown next. 
 
B. Scheme description  

 
A new call that originated by a user will be assigned to 
microcell or macrocell depending on its mobility. We 
assume that knowledge of user mobility criterion is 
provided at the time of new call request [14]. Hence when a 
new connection arrives, it first declares its mobility 
criterion, and its class of service, to inform the network of 
the user class request. High bit rate data users require high 
transmission power for reliable QoS performance. 
Therefore we assume data service is only associated with 
slow users.  
 

 
 

Figure 3.  System model 
 
A new call request of slow voice user, denoted as S type, is 
first served at the microcell level if there is idle channel. In 
case there is no idle channel available this request will be 

served by the overlaying macrocell level. Again if there is 
no channel available at the macrocell level the scheme will 
try to find data user at the microcell level that could be 
served at lower rate or even drop that user in order to 
accommodate for the voice user. The selection of data user 
for this purpose can be done based on different criteria such 
as selecting the one with highest transmission power or the 
one that is at the cell boundary or the one who is been 
connected for long time, etc.  Finally if no such a user can 
be found the connection is blocked and cleared out. For 
handoff request the algorithm process in the same manner 
as for the new request. Slow data users type will arrive to a 
buffer of length L according to Poisson process. Data calls 
at the head of the buffer will be served at the microcell until 
these calls fill the channels reserved for them (CD), after that 
they will wait to be served if there is available channel in 
the range of (Ci-CD), as shown in Figure 3 otherwise if no 
idle channel available at this range the connection blocked 
and cleared out after waiting time td..  
 
When a fast user denoted as F type, request a call, it will 
first served at the macrocell level if there is an idle channel. 
Otherwise the F type user will be assigned to the microcell 
level. If once more no channel available at the microcell the 
connection is blocked and cleared out. If an F type user is 
being served at the microcell level the scheme tries to move 
it back to the macrocell as it crosses the microcell boundary 
during handoff. If a channel is still not available at the 
macrocell level the F type user will continue on the 
microcell level if there is channel available. Otherwise it 
will be dropped and cleared out. The scheme works in the 
same way for the handoff request. 
 
4. PERFORMANCE EVALUATION   
 
Performance evaluation of our policy is carried out in terms 
of blocking probability for both voice and data compared 
with two other schemes: the first is the same proposed 
scheme but with only single type service, we denote this 
scheme as scheme I. The other scheme is the fixed resource 
allocation, denoted as scheme II In the fixed resource 
allocation scheme a fast user is assigned to the macrocell 
layer and it will be accepted if there is available channel, 
otherwise the call is blocked. New connection request or 
handoff request originates by slow moving user will be 
served at the microcell level. If there are no channels 
available the request will be either blocked or dropped 
whichever is applicable. 
 
The simulation result for scheme I is shown in Figure 4. 
Blocking probability at both layers for the fast and slow 
voice calls is depicted.  
 



 
 

Figure 4. Blocking probability of Scheme I 
 
 
Figure 5, shows the simulation result for scheme II in terms 
of blocking probability for voice calls at the macrocell and 
microcell layers. The result shows higher blocking 
probability than scheme I. this is expected result since 
scheme II does not allow overflow between layers. 
 

 
 

Figure 5. Blocking probability of Scheme II 
 

Figure 6 shows lower blocking probability for the voice 
traffic in the proposed scheme. This is due to the 
introduction of data service introduced at the microcell 
layer. By pre-empting the data calls at the micocell the 
voice traffic experience a lower blocking probability at the 
expense of a greater time delay for the data service.   

 
 

Figure 6. Blocking probability of proposed scheme 
 
5. CONCLUSIONS 
 
A cell assignment scheme for integrated voice and data 
services in which a pre-emption priority is given to voice 
over data is proposed in this paper. The performance of the 
proposed scheme in terms of blocking probability was 
compared with two other traditional schemes. The results 
show lower blocking probability of the voice traffic for the 
proposed scheme. This is due to the introduction of the pre-
emption policy given to the voice traffic over the data 
traffic. Although not shown this improvement comes on the 
expense of longer delay periods of data traffic when the pre-
emption policy is used. 
 
Therefore there is always a chance to exploit the time 
insensitive delay of the non-real time data service to 
improve the QoS of the real time service. In practice there 
are many types of non real time service, such as interactive 
and background, hence the degradation in the QoS of the 
non-real time service cannot go on for long, and there 
should be an upper limit for this degradation. Furthermore 
some data services are considered as real time, such as 
streaming and conversational services, thus priority over 
these services are not allowed.  
 
From the results and what have been said above we 
conclude that, the problem of achieving good QoS for all 
types of services supported in the 3G system simultaneously 
is not easy to achieve, however an algorithm that can 
achieve  fair resource sharing to guarantee adequate QoS for 
all types of service is not difficult to attain.   
 
Further work will be conducted to extend the scheme to 
include data service at the macrocell, and the ability of 
voice users to pre-empt data users at both cell layers. 
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ABSTRACT  

 
 In the forward link of synchronous DS-CDMA 
systems using orthogonal spreading codes (like 
TDMA/CDMA LEO satellite systems), the multipath 
propagation channel destroys the orthogonality of the 
spreading codes and therefore causes multi-user 
interference (MUI).  
  
MUI can be suppressed by orthogonality restoring 
equalizers proposed in literature. However, many of 
these receivers can only deal with slow fading multi-
path channels. To track fast fading multipath channels 
with reasonable complexity, compatible with mobile 
terminal design, the system may require a continuous 
training sequence (pilot).  In this paper, we evaluate a 
pilot-aided adaptive fractionally-spaced chip equalizer 
receiver, that is suited for fast fading multipath 
channels. The continuous pilot signal that is provided 
in forthcoming third generation cellular and LEO 
satellite communication systems is exploited to 
continuously update the equalizer, using the simple 
NLMS adaptive scheme. Moreover, using the pilot 
signal for training and updating the equalizer 
coefficients at the symbol rate, enables a low 
complexity design, independent of the number of 
active users. This solution is therefore suitable for 
mobile terminals. We provide extensive simulations 
demonstrating that our equalizer leads to a significant 
performance enhancement and outperforms the RAKE 
receiver with prefect channel knowledge for a wide 
range of vehicle speeds and realistic satellite channel 
models. 
 
1- INTRODUCTION 
 
In the downlink of a code division multiple access 
(CDMA) system, users are multiplexed by use of 
orthogonal spreading codes. All user codes are 
transmitted over the same multi-path channel, which 
causes multiple user interference (MUI) by destroying 
the code orthogonality. The code orthogonality can be 
restored by equalization. For a mobile terminal, where 
power consumption and size are crucial, the equalizer 
must have a low computational complexity. Several 

adaptive algorithms with different levels of 
complexity have been proposed [1-6]. 
 
A low-complexity equalizer suitable for the downlink 
of a CDMA system was proposed in [7]. It is a pilot-
aided adaptive fractionally-spaced chip equalizer, 
which exploits the presence of a continuous pilot 
signal. Either a normalized LMS or RLS algorithm 
can be used to train equalizer coefficients. Because 
the coefficients are updated at the symbol rate rather 
than the chip rate, the equalizer complexity is 
independent of the number of active users, and this 
solution is relevant for low power applications. The 
proposed receiver out-performs the RAKE receiver 
with prefect channel knowledge over a wide range of 
normalized Doppler spreads [7]. 
 
In this paper, the performance of this equalizer is 
further analyzed for the specific cases of a rural and 
urban satellite communication channel. In section 2, 
the equalizer structure is presented in detail. Section 3 
describes the rural and urban channel models used in 
the simulations. The simulation setup is described in 
section 4, as well as the effects of multi-user 
interference (MUI), pilot power level, and terminal 
speed, which are considered independently. Finally, 
optimal equalizer parameters are determined for 
practical load scenarios in both rural and urban 
environments. Based on these results, a complete 
equalizer algorithm suitable for satellite 
communications is recommended. Finally conclusions 
are presented in section 5. 
 
2-SYSTEM DESCRIPTION 
 
A schematic diagram of the fractionally spaced chip 
(FSC) equalizer is shown in figure 1. The data model 
for the equalizer is detailed in reference [7]. The 
equalizer consists of two main parts: the adaptation 
part, and the equalization part. 
 
 The adaptation part adaptively updates the equalizer 
coefficients at the symbol rate instead of the chip rate 
which otherwise would be difficult to be employed in 
real implementations. Adapting the equalizer 
coefficients at the symbol rate was made  

 

 
.  



 

 
 

 
.  

 
 
 
 
 
 
 
            
 
 
 
 
 
 
 
 
 
 
                                             Figure 1: schematic diagram of the chip waveform equalizer 
 
 
possible by reversing the order of the despreader and 
the FIR filter, as both of them are linear operations. 
The size of the equalizer (number of taps in the FIR 
filter, see figure 1), was optimized for both the rural 
and urban channel models, as will be shown in 
section 3.  Due to the channel, the outputs of the 
despreader are correlated values. These values are 
then passed through the FIR filter, which coherently 
combines them to obtain an estimate of the 
transmitted pilot symbol.  
 
 In the equalization part, the coefficients generated by 
the NLMS algorithm are continuously and 
simultaneously employed to update another FIR filter 
in order to equalize the signal and restore 
orthogonality of the user codes, before despreading. 
The equalized chips are despread with the desired 
user code and fed to the detection device, to detect the 
transmitted symbols.  
 
3-CHANNEL MODELS  
 
We developed a tapped delay-line channel model 
whose parameters are determined by measurements 
reported in literature. The parameters are based on the 
wideband measurements performed for the satellite 
link of the third generation UMTS and IMT2000 at 
frequency of 2 GHz, collected by the DLR institute 
for communications in Germany [8,9] and adapted to 
the 20 GHz case. This adaptation is an educated guess 
based on newly reported measurements performed by 
the same institute at higher frequencies (40 GHz) [9]. 
From these measurements, we estimate the delay 
spread to be in the range of 100 nsec. In both rural 
and urban environments, the line of sight (LOS) case 
is modeled by Rice distribution, while the Non-line of 
sight (NLOS) case is modeled by Rayleigh 

distribution model. Typical channel parameters are 
given in table 1.  
 

 4- PERFORMANCE EVALUATION  
 
In this section, the performance of the proposed 
receiver using the adaptive chip equalization is 
examined. Subsection 4.1 describes the simulation 
environment, and the subsequent subsections discuss 
the simulation results.  The overall goal of this study 
is to investigate the performance of the adaptive 
equalizer in different reception conditions; ranging 
from a line of sight rural area, fixed mobile terminal, 
and clear weather condition to a non-line of sight 
urban area, rainy weather, and a mobile terminal at a 
maximum speed of 200 km/h.   
 
4.1 Simulation Setup 
 
We consider a CDMA downlink using QPSK 
modulation with K active users, each assigned a 
Walsh-Hadamard code of length N. The combined 
signal is then scrambled with long overlay PN Gold 
code. The signal is sampled at 4 samples per chip and 
filtered by a 30-tap square root raised cosine (SRRC) 
filter with a rolloff factor of 0.33. 
 
The receiver consists of a matched SRRC filter of 30 
taps, the FSE equalizer, despreader and data detector. 
The receiver performance was tested in a time-varying 
statistical channel generated using the parameters 
described in the previous section. In the upsampling 
case, the maximum excess delay is divided into time 
bins which equals to T-chip/sampling factor, and the 
multipath components within each time bin are 
unresolvable. We have assumed a stationary channel 
during the transmission period of one symbol, which 
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means that the channel coefficients do not change 
throughout that period. Perfect synchronization is 
assumed.  
 
 Chip rate of 20 Mchip/s, carrier frequency of 20 
GHz, and different vehicle speed (0-200 km/hr) are 
used in simulation. As explained in section 2, a 
continuous pilot signal is used to train the equalizer 
coefficients. In order to ensure convergence, the error 
counting starts after reception of 500 symbols from 
the beginning of the transmission process. For each 
average probability of bit error (Pe), 50-100 channel 
iterations were considered, and in each iteration 
10000 symbols are transmitted with independent 
channels for each symbol. SNR is given in terms of 
Eb/N0, where Eb is the bit energy (i.e. half the symbol 
energy Es) and N0 is the noise power spectral density.  
 
In order to eliminate any source of degradation in the 
equalizer BER performance, the adaptation parameter 
∆ of the LMS algorithm as well as the length of the 
equalizer have been optimized in advanced. The 
optimization is done for two loading scenarios; 
scenario 1(best case) and scenario 2 (the worst case), 
see table 2. The optimal ∆ parameters ranged between 
0.01-0.26 for the rural model, and 0.20-0.45 for the 
urban model. A one-tap equalizer was found to give 
the best results for the rural channel, while a 27-tap 
equalizer is needed in the case of the urban channel.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
  
4.2-Effect of Reception Environment  
 
The equalizer performs sufficiently and equally well 
for both rural and urban channels as long as a direct 
line of sight is maintained. Better performance was 
achieved with LOS than NLOS for both channels. This 
is probably due to the fact that the received power 
from the first tap is substantially higher for the LOS 
with narrower amplitude distribution than the NLOS. 

Recall that the LOS uses Rice and the NLOS uses 
Rayleigh distribution, which undergoes wider 
amplitude variations.  In both cases the chip equalizer 
performs better than the RAKE receiver. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Although the rural channel model is almost a perfect 
one with one strong and one very weak path (see table 
1), the terminal speed does have a significant influence 
on the BER performance, as demonstrated by figure 3. 
For both channels, the performance degrades with 
higher terminal speed. The equalizer may lag behind 
channel variations at higher speeds, which gives rise to 
an enhancement of the residual error signal (MSE), 
and consequently resulting in performance 
degradation. The equalizer out-performs the rake 
receiver even at speed of 300 km/h. 
 
4.3-Performance Under Interference 
 
To examine the capability of the adaptive equalizer to 
combat multi-user interference (MUI), both rural and 
urban environments with a mobile receiver at a speed 
of 50km/h and equal power users were simulated. The 
equalizer uses the LMS adaptation scheme with the 
optimal values of ∆ as has been found earlier.  
 
The impact of multiple users depends highly on the 
channel, (see figure 4). In the rural case, multiple has 
a marginal negative effect on the BER performance 
(figure 4a). In contrast, the number of interfering 
users does substantially influence the BER 
performance for the urban channel model, (figure 4).  
 
At about 6x10-2 BER, there is a 4 dB SNR 
degradation between a one user and a full load case. 
 
 

            Figure 2: Equalizer performance for the urban  channel 
              using scenario 2 and terminal speed of 50 km/h. 

 
      Figure 3: Equalizer performance for different terminal  
      speeds for both channel models and using scenario 2.  
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 In the rural case, the transmitted signals experience 
small amount of channel induced interference (ICI), 
and the orthogonality of the different user codes are 
maintained, therefore, de-spreading is sufficient to 
effectively eliminate the other user’s signals. In 
contrast, for the urban channel model, the more 
interfering users, the more ICI and the harder it is for 
the equalizer to restore the code orthogonality and 
alleviate the MUI. 
 
Compared to the rake receiver, the equalizer has 
exhibited less sensitivity to the MUI  
 

 4.4-Effect of Pilot Power 
 
The BER performance analysis has shown a strong 
influence of the pilot power (with respect to the power 
of the desired user). Figure 5 shows the bit error 
performance for the urban channel at different pilot 
power levels. For both of the above BER curves, only 
two codes were transmitted: the desired user code and 
the code containing the pilot. No additional MUI was 
added to the signal. In the simulations, the pilot power 
level was set to 16 dB, 12 dB, 8 dB, and 0 dB below 
the desired user power level. The optimal performance 
is achieved when the pilot power is set equal to the 
desired user power.  
 
This behavior can be explained by noting that in the 
case of the urban channel which contains spectral dips, 
equalizer coefficients will converge to different values 
for different pilot signal to noise ratios, because the 
effect of noise enhancement is more pronounced for 
low SNR than for high SNR. Therefore, the equalizer 
will minimize the mean squared error (MSE) for the 
pilot signal, but may not minimize it for the user signal 

when both signals are transmitted at different power 
levels. In order to ensure the coefficients minimize the 
MSE for both the user and pilot signals, the level of 
their power signals have to be equal. Since these 
power levels are almost never the same in the 
downlink of a practical CDMA system, this might be a 
drawback of this scheme. In such cases, channel 
estimation based equalization may be more 
appropriate. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Better performance is noticed for higher pilot power 
levels in the case of the rural channel, (see figure 6). 
This can be explained by noting that the rural channel 
has a flat frequency response. Thus, there is no noise 
enhancement and the equalizer coefficients converge 
to the optimal value for the pilot and user signal.  
Furthermore, the higher pilot power does not increase 
MUI as the signal received in the second path is so 
weak. Therefore, performance improves for higher 
pilot power levels.  
 
 
 
 

 
 
 
 

 
 
 
 
 
 
 

 
 
 
 

 

       Figure 4: Error performance of the adaptive equalizer  
      in the rural environments under MUI. Terminal  
      speed of 50 km/h is used  

 
Figure 5: BER for pilot powers less than the desired 
                user power (urban model) 

Figure 6:  BER performance for increasing pilot powers  
                (rural channel) 



 

  Table 1 channel parameters for the rural and urban environments  
 

Tap number tap delay [nsec] Tap distribution Parameter of amplitude distribution 
Rural channel model 
1 0 LOS:     Rice 

NLOS: Rayleigh 
10logc [dB]=      6.3 
10log Pm [dB]= -9.5 

2 100 Rayleigh 10logPm [dB]= -24. 
Urban channel model  
1 0 LOS:     Rice 

NLOS: Rayleigh 
10logc [dB]=      5.2 
10log Pm [dB]= -12.1 

2 60 Rayleigh 10logPm [dB]= -17.0 
3 100 Rayleigh 10logPm [dB]= -18.3 

 
  Table2: the best the worst scenario used in the simulations 
 

Scenario User Power (dB) Pilot Power (dB) Interfering User 
Power (dB) 

Percentage of 
codes used 

1 -6.8 3.5 None - 
2 7.97 3.5 8.5 50 

 
 

5- CONCLUSIONS  
 
We have presented extensive results and analysis 
demonstrating the performance of the fractionally 
spaced chip waveform equalizer for CDMA downlink 
satellite system in real world scenarios. The BER 
results show the capabilities of this receiver in 
restoring orthogonality among the user signals and 
minimizing the effect of interference resulting from 
multipath. The analysis has shown a strong correlation 
between pilot power (with respect to the power of the 
desired user) and the equalizer BER performance. The 
best performance was achieved with the power of both 
the pilot signal and that of the desired user set equal, 
especially for a channel with nonlinear frequency 
characteristics. The simulation shows clearly that the 
rate of mobile channel changes is extremely important 
in terms of the degree to which an adaptive equalizer 
can improve system performance. The equalizer 
outperforms the RAKE receiver and mitigates MUI. 
The results presented are useful in predicting the 
equalizer specifications (the adaptation scheme, the 
size of the equalizer, the pilot power level) in different 
reception environments.  
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