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Abstract

This report explains the comparison of different models for the packet loss. The Research
builds on packet loss models whereby Bernoulli model and Gilbert model were
compared. Based on result of the experiments the research further elaborates the use of
these models for the multi-path diversity. Multi-path diversity is a better approach. Hence
Gilbert model was modified to account for missing parameters in the original model. The
research strengthens the fact that modeling of packet loss directly affects the performance
of the FEC. The emphasis of research is on the efficiency of Forward Error Correction by
the modeling of packet loss and dele;)ll in the real time commuhication and to make it
more useable to recover the lost packets. An experimental result shows that our packet

loss is much closer to real world data and gives accurate results.
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Chapter ] Introduction

1. Introduction

Voice over Internet Protocol (VoIP), IP Telephony and Broadband Phone is
basically the voice packets or mostly the UDP packets that are routed over the IP
based network to provide the voice conversation-in the form of packets to the end
users through any IP-based network [1]. Since the voice connection between the end
users in IP based network is not based on the circuit switching technology and only
relying on packet switching technology, therefore packet loss on the node or within
the certain links effect the voice quality, which sometimes become a reason for short
duration calls. Therefore, the quality of voice in IP based networks is highly reliant on
Packet loss and delay. The delay of packet in reaching the destination also distresses
the voice quality by producing dead air or white noise. If the delayed packets exceed

the time required to reach the destination, they create the packet loss within the

network [1, 2].
1_.1 Overview of VolIP Network

Voice over Internet protocol (VoIP) is the term used to illustrate the analog
signaling conversion into digital signal communication that is voice or modem calls.
These digital converted packets of data transmission are then broadcasted over the
public internet or intranets. The protocols used to carry digital voice signals over the
P network_ are commonly known as Voice over IP or VoIP protocols [1]. VoIP
technology is still under the in-depth research to find out and work on the current
drawbacks which creates problem in the voice quality of the conversation using IP as
medium. Fixed delays are not easy'to be controlled but the variable delays can be
minimized by marking voice packets as being delay-sensitive. VoIP is predisposed to
network behaviors, which is referred to as packet delay and jitter, which can humiliate
the voice traffic to the point that is not satisfactory to the average user. VolIP is sent in
a similar manner as that which is use to send streaming audio or video over the
internet [1]. The advantage of voice network over the IP based platform is that it does
not need to use whole circuit for its communication, like the circuit switching network
use for the TDM traffic. It only sends the voice packets and work on packet switching

environment for the transportation of packets.

Modeling of Packet Loss using Multi-Path Diversity
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1.1.1 Packet Loss

Packet loss is the loss of packet that occurs when certain voice or data packets
that are moving across a network fails to reach their destination [3]. The cause of
Packet loss can be due to a number of factors, including poor signaling quality over
the network medium, abnormal congestion on the network links, corrupted packets

rejection when they reach the destination or faulty hardware [3].

Packet loss is a normal phenomenon on packet networks. Transport layers
such as TCP account for loss and allow packet recovery under reasonable loss
conditions [4, 5]. Audio Codec’s also take into account the possibility of packet loss;
especially since RTP data is transferred over the unreliable UDP layer [3, 4]. Mostly,
the voice Codec is used to perform one of its several functions that make the small
length of packet losses unnoticeable to the end user. For example, a CODEC may
choose to use the packet received just before the lbst packet instead of the lost one, or
perfdrm more sophisticated interpolation to eliminate any clicks or interruptions in the
audio stream [3, 4, 5]. Most of the times, the loss of packet starts to be a major
threatening problem when the loss of the continuous packets burst cross the certain
percentage of the packet loss from the sent packets to the destination(roughly 5% of
the packets), or when packet losses are grouped together in large packet bursts. In
those situations, even the best Codec’s will be unable to hide the packet loss from the
u.ser, resultihg in degraded voice quality. Thus, it is important to know both the

percentage of lost packets, as well as whether these losses are grouped into packet

bursts [3, 4, 5].

Some network transport protocols such as TCP provide for reliable delivery of
packets. In the event of packet loss, the receiver asks for retransmission or the sender
automatically resends any segments that have not been acknowledged. Protocols such

as UDP provide no recovery for lost packets. Applications that use UDP are designed

to handle this type of packet loss [3, 4,5].

1.1.2 Delay

Delay is the time taken from point-to-point in a network. Delay can be

measured in either one-way or round-trip delay [5]. One-way delay calculations

Modeling of Packet Loss using Multi-Path Diversity 2



Chapter | Introduction

require expensive sophisticated test gear and are beyond the budget and expertise of
most enterprise customers. However, measuring round-trip delay is easier and
requires less expensive equipment. To get a general measurement of one-way delay,
measure round-trip delay and divide the result by two. VoIP typically tolerates delays
up to 150 ms before the quality of the call is unacceptable [4, 5]. But the same delay

creates the packet loss within the network if exceeds the play out time.

1.1.2.1 Types of Delay

There are many delay components in voice networks. In voice networks, a
single component might not cause problem, but the combination of the components
can cause considerable delay in the network. These components include fixed delay
and variable delay. Once the components are known, delay budget is calculated to

determine the effect on the voice traffic.

There are three fixed delay components. Propagation delay, Serialization
delay and Processing delay. Propagation delay is the delay incurred as a packet travels
between the two points. Serialization delay involves the process of placing bits on the
circuit. Higher the speed, less the serialization delay. The processing delay is the

delay, which occurs during the coding, compression and decompression.

1.1.3 Jitter

Jitter is the variation in delay over time from point-to-point. If the delay of
transmissions varies too widely in a VoIP call, the, call quality is greatly degraded.
The amount of jitter tolerable on the network is affected by the depth of the jitter
buffer on the network equipment in the voice path. The more jitter buffer available,

the more the network can reduce the effects of jitter [4, 5].

a

1.1.4 Post Dial Delay (PDD)

The Post dial delay is the time between Ipres.sing the last digit of a telephone
number and receiving a ring or busy signal at the receiving end. The post dial delay is
highly dependent on the delay among the nodes [6]. If the network has high post dial
delay, then the source user will hear the tone of the phone ringing on the destination

side after very long delay, which could be more then seven to eight seconds.

Modeling of Packet Loss using Multi-Path Diversity
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1.1.5 Latency

Latency is a measure of the delay in a call. It is the measurement of both the
round-trip delay between when information leaves point A and when a response is
returned from point B, and the one-way delay between when something was spoken
and when it was heard. The largest contributor to latency is caused by network
transmission delay. Round-trip latency affects dynamics of conversation. One-way
latency is used for diagnosing network problems. With round trip latencies above 300

mSec Or SO, users may experience aﬁnoying talk-over effects [4, 5, 6].

1.1.6 Average Length of Call

The average length of a call is the sum of all the duration of all the calls
divided by the number of calls made. The advantage of ALOC is that the result of this
test can tells the quality of the network. If the ALOC is less then four minutes then the

network is below standard to take extensive calls.

1.1.7 Flutter

The Flutter is the rapid change of the electrical signals during the flow of
voice packets. The flutter really nc-_:gds to be ensured during the test of any kind of
voice network, If there are rapid changes occurring in the network, it affects the
quality of the network and generates voice breaks at the destination side. Flutter also

occurs either due to the packet loss or because of the extensive delay of packets to

reach the destination.

1.1.8 ASR

Averagé Success Rate is the average of total number of calls which are
successful. The ASR is calculated by dividing the total number of calls which are
made by the total number of successful calls. Thé ASR is important for the analysis of
the quality of any kind of network. If the ASR is below fifty percent then that means
the network is below average and it will discard most of the calls that are made into
the network. The ASR of a very stable network can also be less then fifty percent, if
the calls coming to the network are not properly routed to the destination. In this

scenario, the coming calls degrades the ASR, hence affects the analysis of network.

Modeling of Packet Loss using Multi-Path Diversity
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1.2 Modeling Algorithms

As stated earlier while designing a network we must be taken regarding modeling

techniques. In this section various loss models are have been described.

1.2.1 Bernoulli Model

The Bernoulli loss model is based on a geometric distribution. It is the most
widely used model and based on simple independent losses. It is very basic modeling
algorithm for estimating packet loss. Therefore, often use in modeling of packet loss
for IP voice and multicast systems [7]. As in the figure 1.1, the probability of packet
loss in the Bernoulli model is represented by p. If there are large number of packets n
to be transmitted over a network then the expected number of lost packets is n*p.
Bernoulli loss model is a two-state process. The one state (State 0) symbolizes a
packet loss, and the other state (State 1) stands for a packet reaching the destination.
The mean loss probability p represents the probability that the current packet is lost
given that the last packet was also lost. q is the probability that the current packet is

arrived provided that the previous packet was also arrived [7].

Figure 1.1 The Bernoulli Model

‘ The Bernoulli model gives an estimation of loss probability by calculating the
total number of packets that were lost and then dividing the result by the total
transmitted packets. In Bernoulli model, each packet transmitted on a network has
fixed and independent loss probabi]ity with constant loss rate of the link [4, 6].
Networks in which tim.e interval between the packets is very short, the loss of packets

can not be estimated properly by a Bernoulli model [7].

Modeling of Packet Loss using Multi-Path Diversity
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1.2.1.1 Bernoulli Loss Model

The estimation of Bernoulli loss can better be analyzed by designing a
complex network which comprises of both data and voice traffic from different nodes
to the destination nodes. Assign stgrting and .ending time to extract relevant data
during specific time. Dispense starting and ending time to all the nodes which are
generating the packets. Start sending the packets and then calculate the sent time,
received time and the total delay that packets required to reach the destination.
Calculate the total voice packets sent by specific source to destination, the actual loss
of voice packets for the above mentioned link and the actual length of bursts of packet

loss. Bernoulli algorithm is then be used to calculate the mean Probability.

n-1
M- /i
i=1
Where

- Li is the loss bursts numbers with length i.

- - The value of i=1, 2, 3.......... n-1. i=1 means that single packet loss whereas n-1

is the longest burst of packet loss.
- Lo is the total number of packets sent from source to the destination [7].

Now as we have the Mean Probability using Bernoulli model, we need to
approximate the Probability of losing the packets for the different lengths of bursts

using following probability formula.

k-1

TL=IT* (- ID

Where

- Hk is the actual probability for estimating the packet loss.

Modeling of Packet Loss using Multi-Path Diversity
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- k is the length of burst of packet loss. e.g. If k=1 that means H, is

calculating the probability of single packet loss [1].

The result of probability of packet loss will lead us to the estimation of packet loss by

using following algorithm.
L(est) =“Total packet loss * Hk
Where

- Hk is the probability taken from the above step.

- L(est) is the estimated packet loss using Bernoulli model of packet loss.

1.2.1.2 Bernoulli Trials

The Bérnoulli trials process, named after James Bernoulli, is one of the
simplest yet most important random processes in probability [7]. Essentially, the
process is the mathematical abstraction of coin tossing, but because of its wide
applicability, it is usually stated in terms of a sequence of generic trials that satisfy the

following assumptions:

1. Each trial has two possible outcomes, generically called success and failure.
2. The trials are independent. Intuitively, the outcome of one trial has no
influence over the outcome of another trial.-

3. On each trial, the probability of success is p and the probability of failure is 1
-p[7]

Mathematically, we can describe the Bernoulli trials process with a sequence

of indicator random variables: I, b, I...

An indicator variable is a random variable that takes only the values 1 and 0,
which in this setting denote success and failure, respectively. The j'th indicator
variable simply records the outcome of trial j. Thus, the indicator variables are

independent and have the same density function:

Modeling of Packet Loss using Multi-Path Diversity
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PUi=0)=p, P(;=0)=(1-p)

Thus, the Bernoulli trials process is characterized by a single parameter p [7].
In a sense, the most general example of Bernoulli trials occurs when an experiment is
replicated. Specifically, suppose that we have a basic random experiment and an event
of interest 4. Suppose now that we create a compound experiment that consists of
independent replications of the basic experiment. Define success on trial j to mean
that event A occurred on the j'th run, and define failure on trial j to mean that event 4
did not occur on the J'th run. This clearly defines a Bernoulli trials process with

parameter p = P(4) [7].
1.2.1.3 Tests in the Bernoulli Model

Suppose that 1, 12, ..., In is a random sample from the Bernoulli distribution
with unknown parameter p in (0, 1) [7]. Thus, these are independent indicator
variables taking the values 1 and 0 with probabilities p and 1 - p respectively. Usually,

this model arises in one of the following contexts:

a. There is an event of interest in a basic experiment, with unknown probability
p- We replicate the experiment » times and define /; = 1 if and only if the event
occurred on the 7'th run.

b. We have a population of objects of several different types; p is the unknown
proportion of objects of a particular type of interest. We select n objects at
random from the population and let /; = 1 if and only if the i'th object is of the
type of interest. When the sampling is with replacement, these variables really
do form a random sample from the Berﬁoulli distribution. When the sampling
is without replacement, the variables are dqpendcnt, but the Bernoulli model

may still be approximately valid.

1.2.2 Gilbert Model

The most widely known burst model is the Gilbert Model and a variant known
as the Gilbert-Elliott Model. These are both two state models that transition between a
“good” or gap state 0 and a “bad” or burst state 1 according to state transition

probabilities PO1 and P11 as mentioned below [7]. In Gilbert Model State 0 is a zero
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loss/error state and state 1 is a lossy state with independent loss probability Pel. In
Gilbert-Elliott Model State 0 is a low loss state with independent loss probability Pe0

and state 1 is a lossy state with independent loss .probability Pel [7].

It is often assumed that the Gilbert Model lossy state corresponds to a “loss”
state, i.¢. that the probability of packet loss in state 1 is 1, however this is incorrect (it
would be more proper to describe this as a 2-state Markov model). This leads to
analysis of packet loss burstiness in terms solely of consecutive loss which misses the
effects of longer periods of high loss density. As illustrated below [7,8], these long

periods of high loss density can have significant effect on Voice over IP services.

For example, consider the following -

Loss pattern  000001100101010110110000000000000000000  Correct
application of Gilbert Model — burst length 15, burst density 60% Incorrect
application of Gilbert Model — mean burst length 1.5 bits [7,8].

1.2.3 Extended Gilbert Model

The Be.moulli model maintains the record of all past n number of losses to
calculate the probability of losing the next packet, where as Extended Gilbert model
consider only last n number of consecutive loss of packets to calculate the probability
of the next packet to be lost. Therefore the probability calculation and loss estimation
are in the vicinity of the actual loss of packets. The extended Gilbert model needs n+1

state to remember n events [7].

The Extended Gilbert Algorithm is used with a structure that maintains a
counter I, which is the number of consecutive packet loss. But it is reset whenever the
packet is received [7). The extended Gilbert model is the extension of two-state
Gilbert model which calculates the burst state with almost the same transition
probability as.- of Bernoulli algorithm by considering burst state as 1 and then
according to state transition probabilities PO1 and P11 is the probability for the burst

length of packet loss as shown in figure 1.2 [7].
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Figure 1.2 The Extended Gilbert Model
1.2.3.1 Extended Gilbert Loss Model

The estimation of Extended Gilbert loss can better be analyzed by designing a
complex network which comprises of both data and voice traffic from different nodes
to the destination nodes. Assign starting and ending time to extract relevant data
during specific time. Dispense starting and ending time to all the nodes which are
generating the packets. Start sending the packets and then calculate the sent time,
received time and the total delay that packets required to reach the destination.
Calculate the total voice packets sent by specific source to destination, the actual loss
of voice packets for the above mentioned link and the actual length of bursts of packet

loss. Extended Gilbert algorithm is then be used to calculate the mean Probability.

n-1 n-1 ’
p-1- (% L* G-D) AT Leo* G-1))
= , U=
Where
- Lj is the loss bursts numbers with length j.
- The value of j=1, 2, 3.......... n-1. j=1 means that single packet loss whereas n-1 is

the longest burst of packet loss.
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- Now as we have the Mean Probability using Extended Gilbert model, we need to
approximate the Probability of losing the packets for the different lengths of

bursts using following probability formula.

e = (1= pono) *

Where

- Mk is the actual probability for estimating the packet loss.

- k is the length of burst of packet loss. e.g. If k=1 that means |11 is calculating the

probability of single packet loss [7].

The result of probability of packet loss will lead us to the estimation of packet

loss by using following algorithm of extended Gilbert Model.
k-1
Lestk= ), Lj* M
=
Where

- W« is the probability taken from the above step.

- L(est)x is the estimated packet loss using Extended Gilbert model of packet
loss.

- k is the length of packet loss for which estimation has been calculated.

1.2.4 Markov Model

A Markov model is a general multi-state model in which a system switches
between states i and j with some transition probability p(i, j). A 2-state Markov model
has some merit in that it is able to capture very short term dependencies between lost
packets, i.e. consecutive losses [8]. These are generally very short duration events
(say 1-3 packets in length) but occasional link failures can result in very long loss
sequences extending to tens of seconds. By combining the 2-state model with a
Gilbert-Elliott model it is possible to capture both very short duration consecutive loss

events and longer lower density events [8].
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1.3 Multi-Path Diversity

In Multi Path diversity, the copies of identical packets are sent over a network
to achieve the advantage of uncorrelated packet loss and delay [9]. The advantage of
multi-path diversity over single path is that there is less probability of losing the
packet. If certain packet is lost from one path, still it has positive probability of
reaching the destination from the second path. Another advantage of multi-path
diversity is that the extent of the packet loss burst is relatively diminutive. The major
shortcoming of multi-path diversity is that it needs superfluous bandwidth on both
source and-the destination links. In addition the destination node needs further
processing to discard the already received packets. Therefore, it creates some extra

delay in the arrival of voice packet to the destination, but it is better then losing the

packets [9].

The destination node needs to either check that the arrived packet is coming
first time towards the destination and it is not already been received. If the arrived
packet is already received then the destination node discards the arrived packet.
Another very interesting scenario in the multi-path diversity is that one stream has
less congestion and the packets are arriving at the destination at very high speed,
while the other stream has either long path or have congestion among the nodes. All
of a sudden certain packet is lost from the faster stream and again the packets start
a-rriving. The lost packet is later received by the other slower stream. Now the
destination node will ensure that the arrived packet is within the playing time, if the
packet crosses the play out time, the destination node discards it. If the arrived packet
reaches at the destination before the play out time then the destination node does extra

processing to place the packet in a buffer at its appropriate location.

i.4 Forwérd Error Correction

FEC is accomplished by adding redundancy to the transmitted information
using a predetermined algorithm. Each redundant bit is invariably a complex function
of many original information bits. The original information may or may not appear in
the encoded output; codes that include the unmodified input in the output are
systematic, while those that do not are nonsystematic. There are two main categories

of FEC, which are block coding and convolution coding {15].
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Block codes work on fixed-size blocks (packets) of bits or symbols of
predetermined size. Convolutional codes work on bit or symbol streams. of arbitrary
Iéngth. A convolutional code can be turned into a block code, if desired.
Convolutional codes are most often decoded with the Viterbi algorithm, though other
algorithms are sometimes used. There are mariy types of block codes, but the most
important by far is Reed-Solomon coding because of its widespread use on the
Compact disc, the DVD, and in computer hard drives [15]. Block and convolutional
codes are frequently combined in concatenated coding schemes in which the
convolutional code does most of the work and the block code (usually Reed-Solomon)

"mops up"” any errors made by the convolutional decoder.

1.5 Issues in Single Path
The different issues regarding scalability and performance in single path are as

follows:
1.5.1 Reliability

The single path phenomenon does not provide reliability of packets to reach
the destination. As if certain packet is lost from the stream, it is very difficult to
recover within play-out time. Although there are few algorithms like Forward Error
Correction to recover the lost packets, but the voice packets are time dependent. So
FEC needs some time to recover the packets in time, which creates delay in delivery

of packets to the destination.

1.5.2 Loss Burst

In single path, the length of the packet loss burst increases because of the
unavailability of any other path. This creates difficulty to forward error correction in
the recovery of the packets. Recovery in forward error correction is highly dependent
of the next coming packet. Therefore, if consecutive packets are lost from the stream,
forward error correction algorithm does not have the solution to recover the
consecutive lost packets. Because the forward error correction mechanism is based on
the recovery of packets from the next coming packet. The information in lying in the
header of the packet, so it sends the request to the sender to resend the lost packet. But

is is not possible in very bursty network.
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1.5.3 Voice Quality

In the single path, voice quality of the network is one of the major issues.
Because if the delay exceeds the limit then the listener can only have white noise or
dead air. Also, if the packets are lost or reach the destination after the playout time
then there is break in voice for both the sender and the listener. This deficiency is
covered in the multi-path diversity phenomeﬁon because of the multiple packets

streams availability for the receiver.

1.5.4 Jitter Buffer

Another disadvantage in the single path is that if the network is very congested
at the destination node then the Jitter buffer remains bottle neck on most of the
occasions. The Jitter buffer is use to store the arrived packets into some buffer and
then play the packets before the play out time. The advantage of Jitter buffer is that
the voice distortion and voice gap within the communication becomes very less. But if
the Jitter buffer is full most of the time because of sudden arrival of the packets then
the use of buffer becomes minimal. As the newly arrived packets start dropping due to

unavailability of their place in the buffer.

1.6 Issues in Multi-Path
The different issues regarding scalability and performancé in multi path are as

follows:

1.6.1 Overhead

In the multi-path diversity phenomenon, the major disadvantage is the
overhead in the packets. As the packets are moved from the source to the destination,
they have to keep track of the packets from source to the destination to discard the

redundant packets if arrived at the destination. This produces an extra overhead at the

destination node.

1.6.2 Processing Delay

The other major disadvantage in the path diversity is that the destination node

has to do some extra processing. The processing needs to be done at the receiving
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node to observe any packet that is either earlier received or the earlier lost packet is
recovered from some other stream. If the arrived packet is already been received then
the destination node discard the arrived packet. If the arrived packet is the recovery of
earlier lost packet then the packet is placed in its appropriate place in the playing
queue. Therefore, this creates an extra processing delay at the destination. But still
this processing delay at the destination is better then losing most of the packets at the

destination.

1.7 Objective

The main objective of thesis is to provide better quality of service in the IP
based network by introducing better model in multi-path diversity. As in multi-path
diversity, if certain packet is lost from one link, it has fair chance to reach the
destination from some other stream. Our goal is to provide some advantage to
Forward Error Correction. The first goal is to get better model for packet loss and
delay among Bernoulli model and Extended Gilbcrt Model for the single path. We
then evaluate the better loss model from the results of single path architecture, which
will then be used for the modeling of packet loss for multi-path diversity
phenomenon. The present research aims to increase the efficiency of Forward Error
Correction (FEC) by the modeling of packet loss and delay in the real time

communication.
1.8 Motivation

The reason for selecting the research on the modeling of packet loss and delay
is that in very near future the whole communication structure will be transferred from
TDM traffic to.the IP communication. Although the VolIP is already very advance and
completely deployed in most part of the world. But the implementation of VoIP over
Mobile wireless like Wimax is still under standardization. Once the Standards will be
set for the VoIP will be fully implemented on Wimax. At that point of time, they need
to estimate and find the probability of the traveling packets to reach the destination to
achieve the better quality of the service to end user. Also for the end to end.voice
communication using the VPN with controlled and better quality they need to send

the voice packets from the two streams.
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The Aim was to the provide the research based schema to the next coming
service provider so that they will not need extra efforts to get the better modeling of

algorithm to provide services like Voice over the IP with wireless medium.
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2.1 Modeling Algorithms

It is proposed that the real time communication is very sensitive as far as
packet loss and delay is concerned. Generally this delay is handled and modeled using

different algorithms.

2.1.1 Modeling of Packet Loss and Delay and Their Effect on Real-Time

Multimedia service quality

Wenyu Jiang and Henning Schulzrinne gave a unique concept of modeling of
packet loss and delay in real time with an integration of Inter-loss distance. Their
main emphasis and concern was the loss of voice packets in lengthy bursts. According
to them, if n packet is lost then n+1 can also be lost; therefore this creates loss of
packets in bursts hence really effect the quality of the IP based network. They
proposed and worked on the joint use of extended Gilbert Model and Inter-loss
distance. They used inter-loss distance scheme for the temporal loss dependency. The
integration models and flow of packets with FEC recovery is shown in figure 2.1.
These models were then applied on the internet packets and they have used traces to
identify the effectiveness of different mbdeling algorithms. The modeling of packet
loss is done using Bernoulli model, Gilbert model and extended Gilbert model. The
comparative results have shown that extended Gilbert model is much better then the
Bernoulli and 2-state Gilbert model [7] for the modeling of packet loss. They have not
proposed anything regarding the introduction and usage of forward error correction

with the multi-path diversity phenomenon.
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Fig 2.1 Flow of voice packets with FEC [7]
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They have also discussed the basic flow of the voice packet over the internet
along with the coding and decoding of the packets and the implementation of forward
error correction. After the voice codec are applied to the packets, they are sent with
the implementation of forward error correction technique by sending the redundant
packets fonﬁ the same path. At the destination, there is recovery mechanism ready for
the recovery of the packets, and try to recover the lost packets before delivering to the
end user. But the FEC fails to recover the lost packets, if the packets are lost in
lengthy bursts. The recovery of the packets in the forward error correction is highly
dependent on the next coming packet. Therefore, if the packets are lost in continuous

sequence, FEC is unable to recover those packets [7].

The drawbacks in the research of this paper are that they have used the trace
having very less packet losses and t}le network ;Jvas not very bursty. The packet losses
were very minute, therefore they were unable to identify and show the importance of
the Bernoulli model. The Bernoulli model has an advantage of over estimation in
most of the burst lengths and loss burst cases. Therefore, they were able to identify
the over estimation of the Bernoulli model but were unable to identify the advantage

of Bernoulli model in case of estimation for modeling of packet loss in bursty network

[7].

Secondly, the modeling of packet loss using different algorithms is done using
single path. They have not introduced any concept of modeling of packet loss using

multi-path diversity, which really effects positively in routing of packet loss [7].

2.1.2 Authentication Streamed data in the Presence of Random Packet Loss

Philippe Golle and Nagendra Modadugu worked on the authentication of
packets in the presence of random and conseéutive packet loss forming a lengthy
burst. Their research was also based on the assuring of UDP packets to reach the
destination in real-time. Their major emphasis was on the efficiency of packets
authentications, so that the overhead of authentication does not affect the packets to
reach the destination by adding extra delay. They formed signature scheme that
allows sending and receiving parties to exchange voice and video streams with

guarantees of integrity and no repudiation [10].
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This paper also explains the importance of robustness during the assuring of
packet delivery by making the signature scheme, robust enough that authentication
remains possible even if some packets are lost. Existing authentication schemes that
resist packet loss have been designed to resist worst-case packet loss. Any number of
packets may be lost anywhere in the sequence, without interfering with the receiver’s
ability to authenticate the packets that arrived. Studies conducted on packet loss in
UDP suggest that resisting worst-case packet loss is overkill. The focus should be
instead on resisting random packet loss. They proved that their construction is
optimally resistant to bursty packet loss given the resources available to the sender ‘

and the receiver, and has the lowest possible communication overhead [10].

2.1.3 Reducing Packet-Loss by Taking Long-Range Dependencies into Account

J. Ignacio Alvarez-Hamelin and Pierre Fraigniaud worked on the reduction of
packet loss in the real-time. They have shown that the “fractal” behavior of Internet
traffic can be efficiently and practically employed to significantly reduce in packet
loss. They defined the probabilistic congestion of a link, based on an estimated
computation of the packet-loss probability over the specific link. This congestion
parameter allows valid predictions on the future behavior of the network, on which
the sending and receiving ends can form efficient routing strategies. They have shown
in their research how to implement the computation of the probabilistic congestion,
and illustrated several applications for improving unicast and multicast protocols [11].

The packet flow and the loss of packets on specific node are shown in figure 2.2.

This research paper also explains that the Packet-loss is the cause of important
performance degradatibns in packef networks, for it is fundamentally related to all
“standard” Quality of Services (QoS) measures: latency, bandwidth, jitter, etc. Using
TCP, it is necessary to resends packets, with time-consuming effects. Because in the
TCP network, the packets are mostly data packets which are’ not time dependent,
whereas, the packets coming in the UDP are mostly the voice packets, which are time
dependent and we cﬁn not afford to have the delay in sending the packets to the
destination. Using UDP, packet-loss has a significant impact on the user-perception
for certain applicationé. IPv4 allows the use of a Type-of-Service (ToS) field in the

[P-headers, for choosing the route vyith minimum packet-loss {11].

Modeling of Packet Loss usihg Muliti-Path Diversity 20



Chapter 2 Literature Survey -

i

Fig 2.2 Reducing Packet-Loss by Taking Long-Range Dependences into Account [11]

The major drawback in their research paper is that they have not discussed
about the type of service for choosing the route with minimum packet loss. Also,
through the research paper, it is still unclear how much the global traffic would
improve in terms of packet-loss. Indeed, the behavior of the network traffic depends
heavily on TCP which dynamically adapts to the congestion of the routes. They have

left this for the future enhancement and research [11].

2.1.4 Modeling End-to-End Packet Delay Dynamics of the Internet using System

Identification

Hiroyuki Ohsaki, Masayuki Murata and Hideo Miyahara worked on the
modeling of end-to-end delay of the packets for both real time communication and
non-real time communication. They also elucidated that the delay of the packets to

reach the destination directly affects the quality of service [12].

They have proposed the modeling of packet delay using Novel
approach. The approa;:h for the modeling of end to end delay is by sending the
packets from specific source to specific destination to find out the exact delay
dynamics for the internet packets using system identification. The end to end delay is
modeled as single input single output model (SISO). The input to the system is the
packet inter-departure time from the source host. They have calculated inter-departure

time of the packet from network layer of source host to the network layer of
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destination host, which is also shown in figure 2.3. Then they calculate the variation
of end-to-end delay to making several experiments. The output from the system is the
calculated variation in the delay of the packet, while traveling from source to the
destination.. They have also used ARX (Auto-Regressive eXogenous) model and its

coefficients are determined using system identification [12].

packet inter-departure time - end-to-end packet delay variation

l 4

netwark layer

data-link layer

physical layer

natwork layer

data-link layer

physical layer

LDP packet
Cn——

source host : destination host

Fig 2.3 Modeling end-to-end packet delay dynamies as SISO [12]

Their major emphasis is to make a mathematical model that can be used, in
particular, to design a delay-based congestion control mechanism. Their idea was to
initially, develop a suitable model to estimate the end to end delay and then apply the
optimal control theory to design an efficient delay based congestion control
mechanism. The implementation is based on the simulation of TCP and UDP packets
from the source to the destination. The inter-departure time is randomized using
exponential distribution. The host is either sending UDP packets only or both TCP
and UDP packets simultaneously.' But in either case, the destination host is only

calculating the end to end delay of the UDP packets as shown in figure 2.3 [12].

In this research paper, they did not calculate the delay of those packets which
reach the destination after the play-out time. This creates the loss of the packet ate the
destination. In this specific case, the packet does reach the destination, but the delay is
so huge that the reached packet is of no use. The research -has also missed the
modeling of packet loss using any mddeling algorithm, i:heréfore the dynamic delayed

packets which turns into the loss of packets can not be modeled for the better quality

of service [12].
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2.2 Multi-Path Schemes

The multi-path phenomenon or the packet path diversity is the major and very
sensitive implementation for the better quality of service. The multi-path diversity is
important and_increases the efficiency of voice and video packets to reach the

destination by providing extra path.

2.2.1 Real-Time Voice communication over the Internet using Packet Path

Diversity

Yi J.Liang and G.Steinbach worked on the quality of the.network, specifically
voice network, because voice networks are more sensitive as compare to pure data
networks. They discu§sed that the receiving side mostly have different kinds of
buffers to store the packets in case of congestion at the delivery point. But these
buffers sometimes take too much time to store and process the buffered data that they
create late loss of the packets. They propose to improve the transaction among delay,
late loss rate, and speech quality using multi-stream trahsmissi’on of real-time voice
over the internet. They have introduced the phenomenon of sending the redundant
packets over the internet using different independent network path with the

comparison of FEC stream also shown in figure 2.4 [13].

moC
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Fig 2.4 Comparison of MDC and FEC [13]

They have used the Lagrangian cost function to operate delay versus loss. The
results from the conducted experiments over Internet suggest largely uncorrelated
packet erasure and delay jitter characteristics for different network paths which leads
to a noticeable path diversity gain. Their results have also shown significant
reductions in mean end-to-end latency and loss rates as well as improved speech
quality when compared to FEC protected single-path transmission at the same data
rate. In addition to Internet measurements, they scrutinize the performance of the

proposed multi-path voice communication scheme using the ns network simulator for

different network topologies [13].
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This research is based on the use of the Lagrangian cost function for the multi-
streaming using packet-path diversity. They did not work on the modeling of packet
loss and delay using different modeiing algorithms. This research was based only on
the cost analysvis for quality of service in real time communication using Lagrangian
cost function. They have not analyzed that which modeling algorithm is better for the
modeling of packet loss in single path phenomenon and multi-path phenomenon in the

real time communication [13].

2.2.2 Path Diversity and Multiple Descriptions with Rate Dependent Packet

Losses

Jagadeesh Balam and Jerry D. Gibson researched on the path diversity and
the integration of multiple descriptions for the packet loss which are rate dependent.
In their research, they have heavily considered the wireless standard 802.11 which is
mostly use for the wireless LAN and ad hoc networks. The packet loss phenomenon
use in this research work is that if the single bit of a packet is having any error, as a

result the packet loss probability is directly proportional to the packet size [14].

They have compared the average packet distortion per symbol achieved at the
receiver for simple path diversity methods against MD coding. The pattern of
encoding and decoding of packets' are shown in Figure 2.5. Their accent is on the
overheads of the packets that sometimes dominates the packet size in the case of small
packets. Firstly, they have compared the performahce of the packets that consists of
only source information and then they have shown the effect of packet overheads on

the performance of each of the methods. [14]

'« Descfpont D -
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Channal 1
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Fig 2.5 A two-description coder having two independent channels [14]

The research implementation is based on different scenarios to get the better
results for the comparison. The specific scenario of their work is based on on-off

parallel channels. They have assumed that in this kind of scenario, the MD coding
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should outperform a (éingle description) SD method because the packet size in each
description for the multiple description is smaller then the single description packets.
They have proved that when the payload is small (Which is mostly in the voice
communication) then the packet header can dominate the packet size and the
bandwidth efficiency that is achieved in the multi description coding is insignificant

[14].

2.2.3 Path Diversity Based Techniques for Resilient Overlay Multimedia
Multicast

Matulya Bansal and Avideh Zakhor worked and researched on the congestion
at the node or failure/drop of a link. They have analyzed and reported that the packet
loss mostly occurs either due to link failure among the two nodes or the congestion of
the packets at any node. The congestion mostly occurs due to the sudden arrival of the
packets at speéiﬁc node. In this paper, they have proposed and evaluated two new
techniques. In the first scheme, each receiver streams an independent multimedia
stream, such as the Forward Error Corrected (FEC) bit-stream or a Multiple
Description Coded (MDC) description, from a parent, depending upon the existing
error conditions in the network. This simplifies the receiver implementation as no
packet pértitioriing is required. In theA second scheme, they have constructed multiple
interior-node disjoint k-DAGs, and stream mutually exclusive stripes of content on
each k-DAG. This improves tolerance to node failures as any node is an interior node
in at most one of the k-DAGs. Our results show that the proposed techniques are very
effective in dealing with packet losses in the network, improving FEC good put by
20-35% and MDC connectivity by 15-20% [16]. '

In this paper, they have presented three overlay multicast techniques for
improving the performance of Forward Error Corrected (FEC) and Multiple
Description Coded (MDC) media under conditions of congestion and node failures in
the network. All these proposed techniques are based on the K-DAGs (Directed
Acyclic Graphs) as shown in ﬁgure‘2.6. In the first scheme that is called ROM, the
receiver streamed simultaneously from multiple different parents, thereby decor
relating losses and mitigating the effect of node failures. In the second technique that
is called SPS (Simple Parent Selection), the receiver streams an independent

multimedia stream. Such as the Forward error correction coded bit stream or multiple
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description coding from the parent. The third technique known as Multiple Interior
Node disjoint k-DAGs (MINK), constructs multiple interior node disjoint k-DAGs,

and streams mutually exclusive stripes of content on each [16].

Figure 2.6 A 2-DAG. Unlike a traditional multicast tree [16]

2.3 Network Architecture

The importance of network architecture for the modeling of any kind of

algorithm cannot be negligible. The best results can be get only when the architecture

is really strong;

2.3.1 Path Diversity with Forward Error Correction (PDF) System for Packet
Switched Networks

Thinh Nguyen and Avideh Zakhor worked on the end to end delay and packet
loss over the packet switch network that is internet. They ha?e described that the
Delay sensitive applications such as video streaming and conferencing are challenging
to deploy over the Internet due to a numbér of factors such as high bit rates, delay,
and loss sensitivity. They have also enlightened that the Transport protocols such as
TCP are not suitable for delay sensitive applications since they retransmit lost packets

resulting in a long delay. They have.also referred to their earlier research for proving
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that the packet loss can be controlled by sending the packets at specific rate and

sending those packets from different hosts and through disjoint paths [17].

In this paper they have prdposed to use the multi-path diversity with the
forward error correction system for delay sensitive applications over the internet in
which the packets re sent over the network with disjoint paths using the collection of
relay nodes. In the following figure 2.7, they have also introduced the redundant paths
between the sender and the receiver and achieved significant reduction in the packet

loss by differentiating actual path and the redundant path [17].

Fig 2.7 Edge Server Architecture.

They have described that the RON dynamically determines the best path for
the packets to be sent on, while the PDF system sends the packets simultaneously on
different multiple paths. Detour is similar to the PDF, but there is small difference
between them and that is Detour selects the path ate the network layer that is having a
router, whereas the multi-path works over the application layer of the OSI layer as

shown in figure 2.8 [17].
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Fig 2.8 System Architecture [17].
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2.4 Problem Domain

In the earlier research, most of the algorithms are used to calculate the packet
loss and delay for the single path. They worked mbStly to calculate the delays using
different algorithms, but no body has compared them to find the better among them.

If we summarize the researches, which we had discussed earlier in the
research, the researchers examined applications using the old method for the
calculation of adaptive quality of service. The algorithm used was Markov two state
models. In one research they used the Bernoulli model for the modeling of packet loss
and delay. They implenhented it only on the single path; the concept of multi-path was
not introduced by them in this research. They did the modeling of packet loss to
estimate the get the better quality of service. In another research which was based on
the multi-path diversity phenomenon, the researchers worked on finding the cost
function of the network using Lagrangian cost function. In another extensive research,
the authors examined the link failure between the two networks. The problem was
based on the passive measure that in passive measurements alone cannot provide

results on the quality of the voice calls.

The Problem in all these research is that no body has ever aimed to get the
better algorithm for the single path and muiti-path phenomenon by comparing the
algorithms. They have either used single path for the modeling of packet loss or they
have used the multi-path structure for calculating the cost function. So in all these
research they never seek to use the multi-path to calculate the packet loss in
comparison with the single path. So the efficiency of Forward Error Correction was
not compared and its better work ei‘ﬁciency was not used for the multi-path diversity

phenomenon.
2.5 Proposed Solution

As we have discussed about the certain problems in the real time
communication. So we have propéSed a solution to have better quality of service
using the muitiple paths. The other major factor for the packet loss and delay during
the transmission is the burst ness of the packets, which leads to the congestion. So this
delay and packet loss degrades the quality of service for the real time communication.

Therefore, it requires a technique to recover the lost data. The technique mostly use is,
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Forward Error Correction (FEC) to recover the packets for the single path. The
problem in FEC for the single path is that, if one packet is lost then all the interlinked

packets will be lost.

The model for the packet loss and delay and their effect on the real time
communication is done by the extended Gilbert model. We are going to compare the
extended Gilbert model with Bernoulli model for the single path. The best is going to
be implemented on the multi path diversity. The multi path diversity is use to send the
same packets from different paths, so if the certain packet is lost on the one stream,
the second packet will still be able to reach the destination. We are going to calculate
the better algorithm for the single path and then implement it on the multi path
diversity phenomenon to model the packet loss and delay. Earlier, the communication
was mostly done on the wired network, so there was less chance of losing the packet,
because in the wired network, the dedicated stream for the packets is set before the
transmission. Now in the wireless communication, the packets are sent without the
determination of the stream, so there is more chance for losing the packets. We have
introduced the FEC for the recovery of the lost packets for the better wireless real
time communication. For the recovery of lost packets, few extra bits are added for the
encoding of the packets. The encoding technique will be the soft decision encoding
technique. In the soft decision encoding/decoding, the packets are not send on the
ﬁredeﬁned path, rather the packets are send on the best possible path. So we will be
able to overcome the problem in the hard decision encoding technique. The problem
in the hard decision encoding/decoding is that the packets are sent on the predefined
path. So any link failure creates the loss in the packets. The whole emphasis is on the
efficiency of Forward error correction by the modeling of packet loss and delay in the
real time communication and to make it more useable to recover the lost packets. By
the implementation, we are also going to check that if there is any change in the

efficiency of forward Error Correction (FEC) by the introduction of multi path

diversity.
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3. System Analysis and Design

The design phase is the first step moving towards the prdblem solution. In the
system design phase all the processes of the proposed system are designed. This
means how these processes will be implemented and interacts with each other. The
design of the system is the best if a system built from it, completely satisfies the

requirements specified in the requirement specification document

This chapter describes the design and implementation of object oriented
programming and aspect oriented programming based applications, and comparison
of both applications. The application is basically a simulation of packets to get the
appropriate results. The idea about this application is that an opportunity to practice

analyzing designing and implementing using network simulator.

3.1 The Basic version

This section describes the actual object-oriented software development process
that solves the problem domain of the network simulation of packet loss and delay

system requirements.

When designing an OOP application, the following steps should be taken:

3.1.1 Basic Analysis

Find the basic business objects needed to get the basic functionality running,
in accordance with the problem domain. Detect any sub-objects that are needed by the
basic business objects, for instance a connection object will probably need the header
files, packet type and some operation objects. One easy way to do is to write down
what the system must do and turn the nouns into entity classes and the verbs into
operations on the entity classes. It will not make a perfect model, but a good starting
point. Objects are added to class diagrams in UML. Once this has been completed, it
is extremely important to review the class diagfam to see if the existing objects are
cleanly encapsulated. If not, make the proper changes until there is a modular, clean-
cut architecture. For now, focus should not be on object interaction, rather the types of

objects needed and what basic services they should offer.

The analysis phase started with identifying the basic objects and functionality of the

system, based on the problem domain. The basic idea is to make the application that
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can simulate the packets from the source to the destination and the application should
store the starting, ending time and the delay of the packets. An extra processing is
required to get the estimated packet loss and delay for the specific algorithm and
specific scenario (Single Path and Multi-Path).

The TclClass is a general purpose class and it is a public class that holds a
information regarding the network objects, which are basically provided by the
network simulation nodes and data type. TclClass corresponds to the base class for all
library objects; it creates the Tcl object, and returns new class which is created by the
Tcl base class. This construction satisfies the assignment requirements, and also
promotes reuse. Note that TclObject is the object that holds a Tcl object reference,
and creates an object of type Tcl as shown in figure 3.1. The sendmsg is virtual
function which interacts with the object of network simulator. It then gives the

information to Tcl.

The general purpose, simple common header foundation was already designed
and implemented, and therefore reused. The actual construction of this part was not
included in measurements of packet header information, as it was already available
according to the hdr_cmn as shown in figure 3.1. Therefore, analysis of the packet
header itself was not needed; but an analysis was required on how to use it. The
common header file also stores the type of packet within the UDP packet, which is
RTP in this case. It also stores the sequence number of the packet, the flag status and
the time stamp of each packet. The packet type from specific node which connects to

the Tcl object and then sends information to the Tcl object was analyzed as below:

hdxr_cmn ~ mUdpAgentC
’ - lass
Spenfile
fgiClass"
seqno ns—2 flags
Fig 3.1 The Tcl Objects
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The bind is a function that is use to bind the packet size of the UDP packet
with the already feed size in the IP header file of the Tcl. The mUdpAgentClass is

the base class for the calculation and analysis of the simulated packets.

The mUdpAgentClass is analyzed and described below in figure 3.2:

mudpSink

-i : mudpSink

- : mudpSink

-n : mudpSink

-totallost : mudpSink

-gTotal : mudpSink

-Pi : mudpSink

-upper : mudpSink

-lower : mudpSink

IclClass y, -BPk : mudpSink

£GPk : mudpSink

-EPk : mudpSink

-BEstLoast : mudpSink

-GEstLost : mudpSink

-eEstlost : mudpSink

mude | recv(Packet* pki, Handler*)()

== ==1-command(int argc, const char*const® argv)() : mudpSink
+print_status() : mudpSink
+closefile() : mudpSink

The variables to store the timing of packets ﬁ +openfile()

The base class for the main working class Iﬁ

+doCalculations() : void
+checkPacket() : Int

Fig 3.2 The Base Class Description

The system and the interaction of classes with the ns-2 simulated packets
should be in a way that the corresponding object oriented file get the packet
information whenever any node send the packet from the source to the destination.
The information that needs to be store in the file for the further analysis and should be
extracted from the header of the packet is the sending time that is the time when
certain packet is originated from the source. The destination time needs to be stored in
the file along with the round trip delay. These all information is added using the
created object with the type File.

3.1.2 Basic Design

This is where the idealized base model from the base analysis is made more
concrete. The design phase is divided into following phases and mentioned in figure

3.3:

i. System design, where decisions are taken about the qualities of the system as a

whole, to a certain level of detail (variable according to taste).

ii. Object design, which is about adding details to the objects of the analysis phase.
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The base class for the main working class
mudpAgent

-local_time : double

IciClass -Packet *p

-char buf{100]

+bind("packetSize_", &size_)()

+sendmsg(int nbytes, AppData* data, const char* flags)() : void
+command(int argc, const char“const* argv)() : int

mUdpAgeniClgss

P — - —

The Classs from the Tcl Class B’

Fig 3.3 The mUdpAgent Class Description

3.1.2.1 Object design

The basic view of the packet modeling design is shown in figure 3.4:

RS - : Works after NS-2
. o o, ‘
A
%Q%o
Packet Type ' P NS-2 - » Create File
ot

art working on cla: Write into

Node to mUdpAgentClass > -t

Monitor file

Fig 3.4 Analysis model of the Simulation

The rd is a packet information object which stores the data coming from the
mUdp class. The storage of the packet information is in a file that holds the record of
the packets that are sent over the network. The function of ns set_filename is use
to first create the file and then get the information from the integrated file through
openfile command for opening the file first. The file then stores all the events that
packet generates during flow from source to destination. When the last packet is
arrived or lost at the destination the file close itself using command closefile and we

can view the results of the file accordingly.
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3.1.2.2 System design

The application is divided into three sub-systems; the ns-2 simulated file, the
UDP application, the Udp Sink application. The latter is merely to sink the udp
calculation file with the network simulated packets, such as string to make
connection, store the packet information in file, and the proper calculation of packet

loss estimation using different algorithms.

3.2 Network Architecture

The network architecture consists of different network scenarios to get the better
results for the estimation of packet loss and delay. It is mainly based on two types of

network phenomenon.
¢ Single Path Phenomenon
e Multi-path Phenomenon

3.2.1 Analysis of Network for Single Path

The network should be in a way that it should give the best possible ways of
getting the information for different kinds of networks. The network should be able to
analyze the best case and the worst case that is needed to formalize the better

algorithm for any kind of network architecture.

The source of the network should be able to generate TCP and UDP traffic. As
the network mostly have data traffic and voice traffic most of the time. So the network
should be designed having complete simulation of TCP and UDP packets from most
of the nodes to the specific or non-specific destination. The routing of the packets
must be static to formalize and get the complete path of the packet in observation. At
the application layer for both TCP and UDP packets, we have to formulate certain
application. It could be CBR for the UDP packets and FTP for the TCP packets. The
network delay among the nodes needs to be set almost equivalent to the real network
link delay. The capacity of node has to set for getting the results. The queues that are
used in the links could be SFQ, the Stochastic Fair Queue or Drop tail queue. If we
will use the stochastic fair queue, we will have an advantage that the stochastic fair
queue treats every packet very fairly and then put or drops the packet in or out of the

queue. While the drop tail queue does not treat every coming packet fairly.
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Now during the packets communication from the source to the destination
within different nodes and links, we will have all different types of the packets, But
we need to monitor only the UDP packets that are traveling between specific source
and destination. Because there will be both tcp and udp packets coming in and out of
the network. It should be make sue that unnecessary packets will not be monitored as
they will effect the results. Therefore, to make sure that only specific packets are
monitored, the file which is created and storing all the records of the packets should

only be created in the udp specified node.

3.2.2 Design of Network for Single Path

We designed a network which was based on static routing. The sources of the
nodes were generating either TCP packets or TCP packets. The TCP based network
was having FTP at the application layer, whereas the CBR was running at the
application layer of the UDP based sources. The delay among the nodes was
approximately identical to the real communication networks. The links were all
having the capacity of E1 that is 2MB. The capacity of the links was capable enough
of handling huge voice and data traffic.

The queues used in the links were SFQ, the Stochastic Fair Queue. The
advantage of SFQ over DropTail Queuing is that it does fair queuing therefore there
will be similar number of TCP and UDP dropped packets. The size of the packets of
UDP is similar to the original voice packets. The packets were sent in random but

with stable rate.

The file will be created which will only store the packets which are firstly the
udp packets and they are traveling within the specific source and the destination. The
file will now store the sending time of the packet and the receiving time of the packet
at the destination. The udp type of the packet will be attached to the node, so that it
will only send the udp packet. In the end, the starting and ending time of the packet
will be set for every node, so that the node will start sending the packet at that specific
time and stops it when the limit time for ending will come. The nodes having attached
source type will also make sure that the rate of sending the packets will be according

to the user specified time.
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3.2.2.1 Network Examplel

The design of the network is based on average type of network, comprises of
data rate of the packets up to 1Mb. The packet size of this network is 1000 bytes. The
total nodes in this network are 15. The total links among these nodes are also 15 and
only 14 links are up. We have used only specified links just to make it similar to the
real network environment, where few links are up and some of the links are down
either administratively or physically. The delay among the links varies from 10ms to
30ms. The delay among the node varies on the basis of the load on specific link and
the bandwidth available to handle certain amount of packet at the same time. The

bandwidth is 2MB. The simulated packets are as below in figure 3.5:

car Receive ihe
packets and

Swnt: 2237 ( N
Recelved: 1848

L . 4Bms

e - |

Fig 3.5 Network Architecture Design Data rate IMB

3.2.2.2 Network Example2

The design of the network is based on very bursty type of network, comprises
of data rate of the packets up to 2Mb. The packet size of this network is 1000 bytes.
The total nodes in this network are 15. The total links among these nodes are also 15
and only 14 links are up. The limited numbers of links that will be used are to make it
similar to the real network environment, where few links are up and some of the links
are down either administratively or physically. The delay among the links varies from

10ms to 30ms. The delay among the node varies on the basis of the load on specific
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link and the bandwidth available to handle certain amount of packet at the same time.

The bandwidth is 2MB. The simulated packets are shown in figure 3.6:

Receive ihe
packels and
monitor VDP

Sent: 4475 K n3
Recsived: 3041 -

Fig 3.6 Network Architecture Design Data rate ZMB

3.2.3 Analysis of Network for Multi Path

The multi-path phenomenon or the multi-path diversity is the procedure to
send the identical packets from two different streams. Therefore, utilizing the
advantage of receiving identical packets from two different paths at same time.
Therefore the network should also be designed in a way that there will be two
different paths from the source to the destination for the specific voice communicating
nodes. The identical voice packets stream from the specific node should start at the
same time, so that the departure or the sending time of the identical packets should be

same. The fid of the packet should be same as that of its identical packet.

The above analysis for the network architecture determines that if there will be
no packet loss during the flow of packets from the source to the destination. Then the
destination node will receive two packets with same fid, which means that the
destination node will receive every next packet as identical packet of the last arrived
packet. This needs to work out during the design of the network that the receiving

node should never pass on the identical packets.

The network should be in away that the node which is going to be monitored

for the udp packets need to generate the duplicate packets. The packets should follow
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two different and separate streams from the source to the destination to achieve the
advantage of multi-path phenomenon. The network needs to be designed to have same
sequence number for the duplicate packets, so that the destination node knows that the

coming packets are the same packets.

3.2.4 Design of Network for Multi Path

The major change in designing the network architecture for the multi-path
diversity over single path was that we designed a network in which there were two
streams from the source to the destination for the specific voice communicating link.
Now as soon as the network gets up it sends the flooding packets to exchange the
information among the nodes. At the end of flooding all the nodes are having their
routing table updated with the routing information to route the packets and if there
will be congestion in the link or there will be some link failure the nodes will
automatically find the other route to transport the packets to the destination. The
sending time and the packet fid of duplicate packets are same. Therefore, if there will
be no packet loss in the two streams that means the destination node receives every
packet twice. So there is a need of discarding the packets which are already arrived
from the other stream. When any packet is arrived to the destination, its unique id will
be compared with all earlier received packets. If the id of the packet is matched with
any of the earlier received packet’s id that means it is already received and there is no

need to receive that packet again.

The network should be in away that the node which is going to be monitored
for the udp packets need to generate the duplicate packets. The packets should follow
two different and separate streams from the source to the destination to achieve the
advantage of multi-path phenomenon. To achieve the above mentioned statement, the
fid of the packets will be same for both the sources coming from the same node. That
means, the source node and the destination node will be one. But the source attached
to the initializing node will be having double packets, having same data and header

information.

The following code shows the function that is use for the packet recovery or

duplication. It is the responsibility of this function that if the packet coming is
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duplicate packet and already received then discard it. If the coming packet is recovery

of some earlier lost packet and its playout time is not expired then uses it for recovery.

TRLELELEE[RPRLEERPEPEEEPEPEPEEEPEEPRPEPEEPESE SRR TR 5 KRR 5 5]
//FUNCTION TO CHECK THE PKT RECIEVED FOR DUPLICATION OR
RECOVERY//
IX[XPRLRJEJEJRJR]RLELEH$ 5[5 [XEEEEEEEEEPEES S5 E S KRR

int mUdpSink :: checkPacket()

{
int status = 1;// STATUS OF CURRENT PKT, 1 = ACCEPT THE PKT, 0 =
DISCARD THE PKT
int statusl = 0;
// IF NOT THE FIRST PKT
if (i>0)
{ // CHECK THOUGH ALL THE BRUSTINESSES
for(j=1;j<21;j+)
{ // LOST PKT RECIEVED
// TOO OLD PKT
if =1 && (tempID < que[j]))
{ status = 0; // DISCARD THE PKT

break; // TERMINATE THE CHECKING
PROCEDURE
}
// TF PKT ID ALREADY IN THE HISTORY QUEUE
if (tempID == que[j])
{ // PRINT THE STATUS TO THE OUTPUT
FILE
fprintf{tFile, "Duplicate Packet: %d\n", tempID);
status = 0; // DISCARD THE PKT
break; // TERMINATE THE CHECKING
PROCEDURE

}
// A LOST PKT HAS BEEN RECOVERED
// IF THERE IS A DIFFERENCE OF MORE THAN ONE IN
HISTORY QUEUE PKT IDS
// AND CURRENT PKT ID WAS LOST PREVIOUSLY
if (> 1) && (que[j]-1 = que[j-1]) && (tempID > que[j-1])
&& (templD < que[j]))
{
// INSERT THE RECOVERED PKT INTO THE
HISTORY QUEUE
insertIntoQueue(templD, j);
// INCREMENT THE BRUSTNESS LENGTH
pktLost[que[j-1]-que[j-2]-1] +=1;
pktLost[que[j]-que[j-1]-1] +=1;
status = 0; // DISCARD THE PKT
break; // TERMINATE THE CHECKING
PROCEDURE
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}
}
return status; 4/ RETURN THE STATUS OF THE
RESPECTIVE PKT
}

3.2.4.1 Network Examplel

The design of the network is based on average type of network, comprises of
data rate of the packets up to 1Mb. The packet size of this network is 1000 bytes. The
total nodes in this network are 15. The total links among these nodes are also 15 and
only 14 links are up. The delay among the links varies from 10ms to 30ms. The
bandwidth is 2MB. There are two paths for the communication of voice packets from
the source to the destination for the communication of identical packet flow. The

simulated packets as per above scenario are shown in figure 3.7:

FTP"
N some
TCP, nD P
If identical
Fre Discard, eise
TCP| n6 }_D_L_)I{C?UEUE
N’ n3 >

Fig 3.7 Network Architecture Design Examplel
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3.3 Modeling Algorithms

The application is divided into two phases and both the phases are further
divided in the analysis of two different algorithms to find the better algorithm for the

estimation of packet loss and delay.

3.3.1 Analysis of Bernoulli Algorithm

The basic classes to capture and store the sending time and receiving time are
made very similar; there are no obvious differences on the surface. The general
thought is to keep all basic classes modular, to the extreme in fact, not considering
where the base class is to fit in. That is thought better handled using introduction, and

composition of functionality through the weaving process.

As an example, the base classes’ mudp and mudpsink are both created from
the tcl base class Tc1Class. The agents in both the classes are made in a similar way.
They are also tightly coupled to elements packet type, packet size and sequence
number of the packet. This needs to be closed together because all the time capturing

needs to be the same in both the files for specific period.

The next thing that needs to be done for the estimation of packet loss by the
Bernoulli model is to capture the total number of packets that are received. The
Bernoulli model needs to get the probability of the next packet lost for getting the

estimation of packet losses in the future.

With Bernoulli Model, it is quite possible to get the estimation of packet loss
very close to the actual loss of packet in the case of very bursty network. If the
network is an average kind of network and the packet loss burst is not very lengthy

then the Bernoulli packet loss estimation under-estimate the packet loss.

3.3.2 Design of Bernoulli Algorithm

The estimation of packet loss using Bernoulli model can be calculated by
defining a procedure having different required variables. This implementation was
based on sending the packets form source to destination for some specific period of

time and then calculating total number of packets sent. Then, we start the calculation
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of actual number of lost packets within the specific stream and the specific packet
type for the specified source and the destination. Furthermore, we need to calculate
the exact probability of packet loss using Bernoulli model. The result of the
probability leads us to the estimation of the packet loss using Bernoulli model of
packet loss. Now we need to calculate the length of the burst for specific packet lost.
The result of the packet loss estimation will be received by the calculation of
Bernoulli probability and the total packets that are lost. Figure 3.8 shows the sequence

of model flow for the estimation of packet loss.
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i
Tolal Packets Recaived Calculation Object Probabifty by Bemoul
7
H 1
! :
! ]
! )
! I
! 1
: 1
! I
' '
H 1
i |
o (Probabily Object) Message2 |
6— ________________________________ J
' < Tl Retuming Value
Burst Length “ lossEventOccured 7 ~3| PBacket Los! (:: "™ Calculation at every Lost Packet
] € mm oo o Pifor every Length------- T
- - i ~~~~~~~~ e ~ - :
(el ! > PiforeveryLengh <. i
\\\\ | Rt . S :
wwww ~ 1
Eim IEM !ﬂm lessage T -
| ST 'f . 1 ~> Bi

Fig 3.8 Sequence Diagram for Bernouili Model
3.3.3 Analysis of Extended Gilbert Algorithm

The extended Gilbert model is normally the better model for the estimation of
packet loss. The advantage of the extended Gilbert model over any other model is that
it estimates the packet loss not on the basis of all the packets sent, or lost but it always

estimates the packet loss on the bases of new probability for the upcoming packet.
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Therefore every new coming packet has equal probability on the basis of past record.

This gives extended Gilbert algorithm an edge over any other model.

For the calculation of packet loss using extended Gilbert model, we need to
store the total packets sent and the total packets that are received on the destination.
The loss of packet burst having length equal or less then three will be estimated using
Gilbert model, the rest of the packet loss bursts will be treated using the extended
Gilbert model of packet loss and delay.

3.3.4 Design of Extended Gilbert Algorithm

The estimation of packet loss using the extended Gilbert is calculated very

differently as compare to the packet loss of any other packet loss model.
ATATATAIAVATANANAVAYAVANAVAVAVAVATATANANANAY ATAVANATAI I

// EXTENDED GILBERT MODEL IMPLEMENTATION //
ATATAVAVAVATAVANANAVAVATAVAVAVANAVAVAVAVAVAIANAVAVAI ATV
upper 0.0;

lower = 0.0;
for (j = 3; j < 21; j++)
{
upper += pktLost{jl * (j-1);
lower += pktLost{j]l * j:
}
g=1-( (1.0 * upper) / (1.0 * lower) );
for (j = 3; j < 21; j++)
{
gTotal = 0;
for (int k = j; k < 21; k++)
{
gTotal += pktLostl[k];
}

pow = 1.0;
for (int k = j; k > 1; k--)
pow *= (1 - q);

GPk{j] = (g * 1.0) * pow;
gEstLost[j] = GPk([j] * gTotal;

}
//*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*/*///
// EXTENDED GILBERT MODEL IMPLEMENTATION END //
ATATATATATATAVATAVAVATAVAVAVATANAVAVANATATAVAVAFAVATAI I

Fig 3.9 Extended Gilbert Model Code

In the figure 3.9, the calculation of packet loss starts with the calculation of the
length of every burst. We have to calculate and find the number of times the single
packet are lost. It needs to be store because the packet loss estimation will also be
done for every burst length. After all the burst length and their frequency will be

calculated, we have to calculate the value of pie. The next step is to find the
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probability of packet loss using the extended Gilbert model. The probability using
extended Gilbert model for every burst length can be calculated by the value of
already found probability multiply by the times of power for which the probability
needs to be calculated. For example: If we need to find the estimation of packet loss
for the packet loss burst of length three that means the power of the earlier found

probability is three, which means the result is multiplied by itself for three times.

The specific estimation of packet loss now can be calculated by the resulted
probability for packet loss. This is the estimated packet loss for the specific burst
length of lost packets. The sequence diagram of Extended Gilbert model for the

estimation of packet loss is shown in figure 3.10.
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Fig 3.10 Sequence Diagram for Extended Gilbert Model
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4.0 Implementation

The modeling of packet loss and delay using multi-path diversity was
implemented on simulation using Network Simulator (ns-2.27) which provides

following benefits simulating wireless simulations

4.1 Ns-2 and Wireless Simulations

Ns-2 provides a framework for simulation of wired and wireless networks,
including some facility for emulation. The ns-2 simulator is written in C++ with a Tcl
shell front-end that uses oTcl (object-oriented Tcl) libraries Scenarios are run by
feeding an oTcl script to the ns-2 executable. The output can be read directly or post-
processed by an interactive graphics viewer called NAM. NAM does not allow
changing parameters on the fly; it is for post-viewing of a simulation dump (a .nam

file).

As of this writing the graphics viewer NAM is not advertised to work with
wireless simulations, but there is apparently work-aroundsl. Generally ns-2 has a
different architecture for wireless and wired node simulation. This report will only
examine wireless and wired simulations, the code can be adapted for mixed
wired/wireless environments. A community of users and designers has grown around
the ns-2 software. The website has pointers to the latest code and documentation, and
additional modules submitted by the developer community. There are several mailing
lists for users and developers, and these are conveniently archived on the site. The
design section will delineate the specifications for the Bernoulli and Extended Gilbert
algorithms, and describe how design decisions were made. The implementation
section walks through the functionality of the code. The conclusion should tell what

this module looks like, what it can be used for, and the scope of its utility.

4.2 Path Routing in NS-2

The implementation of the path routing in the NS-2 provides both static and

dynamic routing. If the route is selected as the static route with in the specific network
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topology then it means that the packets are going to flow through this specific route
and they will not change their path even if certain link is down within the traveling
path. In this scenario the packet loss may be huge because if there will be any
congestion or link failure the packets cannot change their path. But the advantage of
the static path is that they don’t need to use any dynamic algorithm to reach the

destination.

The dynamic routing in the NS-2 gives support in the lesser number of packet
loss and even reduces the packet delay in reaching the destination. We have used the
combination of dynamic routing in the multi-path diversity along with the static
routing to set the packets to move from the specific source to the specified destination
because the multi-path diversity phenomenon needs dynamic routing at the top to
generate duplicate packets from certain source to the destination using different

streams.
4.3 Modeling of Packet Loss

Modeling of the packet loss has been implemented using two better algorithms
that are Bernoulli model and Extended Gilbert Model. These are implemented on the
single path and better one was planned to be used for the multi-path diversity. But the
results from the single path using very complex network gave us a chance to use both
the models for the multi-path diversity. The results from the single path for the
modeling of packet loss using the Bernoulli model and Extended Gilbert Model
proves that both the algorithms are equally beneficial for the modeling the packet loss
in different cases. If the network is too bursty and the number of lengthy packets loss
is high then the number of single packet loss then Bernoulli estimates it better because
it always over estimates the packet loss for double packet loss and above that, it also

under estimate the single packet loss.

In most of the networks, the single packet losses are the most loss packets and
then the double packets and so on. Specifically, in the case of multi-path diversity
phenomenon, the number of single packet loss is very high, therefore Extended

Gilbert model estimates it better.
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4.4 System Requirements

This project was developed under Linux Fedora Core 2. The ns-2 version was
"ns-allinone-2.27", which is a single tar ball with all the requisite packages that easily
installs with one command. The link to the package of C++ based coding is done with

the link creation between C4++ module and ns-2.
4.5 Design of the Packet Loss Modeling for ns-2

The network design is based on static routing. The sources of the nodes
generate either TCP packets or UDP packets to the destination. The TCP packets
generating node is having FTP at the application layer, whereas the CBR is running at
the application layer of the UDP generating node. The delay among the nodes is same
as that of the actual voice and data networks. The bandwidth capacity of the links is
either IMB or 2MB on the basis of requirement. The capacity of the links is capable

enough to handle massive voice and data traffic.

The queues used in the links are SFQ, the Stochastic Fair Queue. The
advantage of SFQ over DropTail Queuing is that it does fair queuing. Therefore, the
dropping of TCP and UDP packets will be same. The size of the packets of UDP is
similar to the original voice packets. The sample network design and packet structure

and flow are shown in figure 4.1.

Firstly, we need the implementation of packet loss modeling using Bernoulli
and Extended Gilbert Model in single path environment. The implementation is based
on sending the packets form source to destination for specific period of time and
calculating total number of voice packets that were sent over the network in single
stream. The next step is to calculate the sending and receiving time of every packet.
This information is used to calculate total delay each packet incur to arrive at the
destination. The calculated delay is the single side delay from source to the -
destination. The next target was the calculation of actual number of lost packets along
with the calculation of the exact probability of packet loss using Bernoulli model. The
result of the Bernoulli probability leads to the estimation of the packet loss using

Bernoulli model. Repeating the above steps results in the calculation of probability
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by using Extended Gilbert model and the estimation of packet loss using Extended
Gilbert Model.

TCP

UDP 1
Fig 4.1 Network Diagram of Single-path

The results clearly shows that Bernoulli model over estimates the single
<& packet loss and under estimates the loss of lengthy bursts of packets, which means
that if the length of packet loss is greater then equals to two packets then it normally
under estimates the packet loss. That creates terrible probability calculation of packet
loss and leads to the incorrect calculation in estimating packet loss using Extended
Gilbert Model.

The Extended Gilbert model on the other hand, estimated the single loss very
close to the actual calculated loss. The results showed us that the extended Gilbert
model estimates the packet loss very close to actual loss when there is single packet
loss and almost calculated equally right when there are lengthy bursts of packet

losses.
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So using the results of above mentioned scenario, we took the Extended
Gilbert model and implement it in multi-path diversity mechanism. The Multi-path

Diversity is basically based on sending the same packets from two different streams.

The advantage of Multi-path is that if there is a loss of packets from one
stream then there is fair chance of receiving those packets from the other stream.
Therefore, there will be less probability of losing packets in burst and the length of
burst of lost packets will be very small as well. The probability of estimating the
packet loss to the actual loss will also be well estimated. As these algorithms finds the

estimation very accurate when the length of loss packets is diminutive.

So we made two streams of voice traffic (Figure 4.2) having same packets
coming out of them. The source and the destination were same but the path of the
streams was different. In this regard the major advantage was that there was positive
chance that the packet will reach the destination through at least one of the paths.
Although the disadvantage of multi-path is that sometimes it needs some extra time
and bandwidth to discard and receive the packets respectively but still it is better to
have little delay and cost of more bandwidth then losing the packets or resending the

packets from the start.

Data Rate 1Mb
%
2 Mo Packet Lost

uUDP

Fig. 4.2 Network Diagram of Multi-Path Diversity
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4.6 Overview of the code

The code consists of C++ code which was converted into objects files that

need to be used in the tool command language. That can be simulated in the Ns-2.

The combination of C++ files consists of headers and .CC files as NS-2
supports .CC files not the .C or .CPP files. The main headers files are listed below

with some of its description

Some of header files (.h) are listed below

e agent.h

e stdio.h

e udp.h

e rtp.h

e mudp.h

e address.h
e iph

Some of .cc files are listed below

e mudpsink.cc
e mudp.cc
e packet.cc

e ip.cc

4.6.1 agent.h

This header file (Shown in figure 4.3) is responsible for implementing the
source type at every node. It selects the source type at application layer that could be
FTP for TCP and CBR for UDP. It aiso includes dependency graph which are used

during the implementation of resulting graphs.
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Tatdiibh?  memory.h! [ asser.hi_ {string.h,

eh] 7 A
< , // -
[ 2pp.h]
Fig. 4.3 agent.h

4.62 udp.h

This header file (Shown in figure 4.4) is responsible for implementing the udp
packet at transport layer. This protocol stores and keeps track of all udp packets from

source to destination,

trafgen.h

timer-handiech |

Fig. 4.4 udp.h

4.6.3 rtp.h

This header file (Shown in figure 4.5) is responsible for implementing RTP

which is inside UDP. It is use for the voice communication over IP.
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‘memory.h- i stdibh. asserth string.b

Fig. 4.5 rtp.h

4.6.4 mudp.h

This header file is responsible for implementing the modeling of packet loss

and stores all the header files required for the implementation.

4.6.5 address.h

This header file is responsible for storing the IP addresses of the nodes or the

devices.

4.6.6 ip.h

This header file is responsible for implementing the ip for the routing of the

packets, in which the routing protocols are defined.

4.7 Tcl Code

The tcl implementation of modeling of packet loss and delay is given as

follows.

4.7.1 Single Path

The single path implementation for the estimation of packet loss and delay for

getting better model is comprised of two phases. The first phase is the introduction of
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Bernoulli model for the modeling of packet loss to judge that whether Bernoulli
model estimates the packet loss close to the actual loss of the packets. The second
phase is the implementation of the above mentioned procedure using the extended

Gilbert model.

The network implementation is based on different network scenarios to get the
better model in each case. So the resulted model should be efficient in the estimation
of packet loss of average based network having lesser packet loss and the network

should be equally efficient in the estimation of packet loss in bursty networks.

We first check the total number of packets that are sent to the destination.
When the last packets are received to the destination, the modeling algorithm starts
estimating the packet loss and the loss probability using the Bernoulli model. The
formula and the patch of specific implementation of this model for the packet loss is

illustrated below in figure 4.6 :

if (id[i] == 4475)
{
int n = id{i]+1; // TOTAL PKTS RCVD
// PROBABILITY
P = totalLost / ({(n * 1.0) - totalLost);
// CALCULATE q
for (j = 1; j < 21; j++)
{
upper += pktLost[j] * (3-1):
lower += pktLost[j) * j;
}
qgq=1~ ( (1.0 * upper) / (1.0 * lower) );
// CALCULATE Pi
Pi = (1.0 *P) / ( (P *1.00 + (@ * 1.0) );
for (j = 1; j < 21; j++)
{
for (int k = j; k > 1; k--)
pow *= Pi;
BPk(j] = (1 - Pi) * pow;
bEstLost[j]l = BPk[j] * totallost;
pow = 1,0;

Fig. 4.6 Code for Bernoulli for Packet Loss

The second phase starts with the implementation of Gilbert model and the extended
Gilbert model (As shown in Figure 4.7)for the probability of packet loss and the

estimation of total number of single, double and other consecutive packet losses.

for (j = 1; j < 3; j++)
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{

gTotal += pktLost[jl;
}
upper
lower
for (3 =1
{

.
’

0
0;

0.
0.
j < 3; j++)

upper += pktLost(j] * (j-1);
lower += pktLost{j] * j;

q=1- ( (1.0 * upper) / (1.0 * lower)
for (j = 1; j < 3; j++)

pow = 1.0;
for (int k = j; k > 1; k—-)
pow *= (1 - qg);

GPk([]j] = (g * 1.0) * pow;
gEstLost[j] = GPk[j] * gTotal;
}

upper 0.0;

lower 0.0;

for (3 = 3; j < 21; j++)
{

upper += pktLost[j] * (j-1):;
lower += pktLost[j] * 3
}
q 1 - ( (1.0 * upper) / (1.0 * lower)
for (j = 3; j < 21; j++)
{

gTotal = 0;
for (int k = j; k < 21; k++)
{

gTotal += pktLost(k]:
}

pow = 1.0;
for (int k = j; k > 1; k--)
pow *= (1 - q);

GPk[j] = (g * 1.0) * pow;
gEstLost[j] = GPk[j] * gTotal;

Fig. 4.7 Code of Packet Loss using Gilbert Model

4.7.2 Multi-Path

)

)i

The major change in the multi-path diversity phenomenon as compare to the

single path architecture is the network simulation of the packets.

The network

simulation and its implementation start with the code “Node set multiPath_ 1”. This

specific line is use to send the duplicate packets from two different paths. Now when

we are going to send the duplicate packets, this line of code use different streams (if

available) to send the packets to the destination. The implementation of sending the

duplicate packets from diversified paths is dependent on the fid of the packet. If the
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fid of the packet is same then the sent packets from the source are treated as similar
packets, hence two packets are always sent from the source to the specified

destination over the network having similar information.

The important implementation starts when the packet reaches the destination.
Therefore we are implemented the code which can detects the arrival of duplicate
packets at the destination and if it happens the destination node has to do an extra
functionality in discarding the second received duplicate packet from the other stream.
If the single packet is received and the other was lost then the packet is placed in the
buffer and played out before the play-out time is expired. The destination node also
have to keep an eye on the packet which was lost from one stream and received to the
destination through other stream with late arrival but before its play out time
expiration to place in the playing buffer and play it at its time, hence reducing the

packet loss of the packets.

4.7.3 packet.cc

In this specific file (Shown in Figure 4.8), the size of the packet’s header is set
which will be added in the actual data size of the packet. The static offset of common

header size and the static offset of flag header are set in this code file.

{memory.h [ stdlinh: . string. asserth’
T — N
™~
config.h heap.h
—— \\
— \,
/ scheduisrn
lib/bgd-list h object.h
— P -
i
[paciet.h]

Fig. 4.8 Packet.ce
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4.7.4 ip.cc

In this code file, the multicast and time to live of the packet is set. In this
O source file whose flow of communication is mentioned in figure 4.9, the type of the
packet that whether it will joint some multicast or not is also set. This class file takes

the relevant data from the ip header.

(e ] [san

libfbsd-list.h

s ) , packet—stamp.h]
ip.h
ip.cc
Fig. 4.9 ip.cc
Pos
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5.0 Testing

Testing phase is the most phase in the of the software development cycle, it sorts out
the bugs in the software and the negatives of the software that is why the software’s
being developed are tested taking double as time required by implementation. There
are different techniques with which software can be tested but the major are described

as under.

5.1 Black Box Testing

Test type: Black Box Testing Developed by :
Asad

Description: In black box testing, the user interface is exercised over a full range of

inputs and the corresponding outputs are observed for correctness.

Environment: ns-2.27 running under Linux Fedora core 2

Steps Performed for Test

1. Specified the links of the nodes

2. Specified the data rate of the network

3. The tcl file was compiled which successfully generated the trace file

4. The user opens the trace file.

5. The result can be viewed by plotting the graph out of values obtained after

simulation.

Result :

E/ Pass O Fail
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5.2 White Box Testing
Test type: White Box Testing Developed by :
Asad

Description: This testing technique do structure analysis, branch coverage,
functional coverage, boundary conditions checking, and input generation are used

and run against the static code.

Environment: ns-2.27 running under Fedora core2

Steps Performed for Test

We specifies the number of node for a large network with a very small bandwidth
and checked the results it was very congested

Result :

E/ Pass O Fail
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5.3 Unit Testing

Test type: Unit Testing Developed by : Asad
Description: In unit testing, different modules of the developed system are tested
independently. The purpose is to determine that each module is functioning

properly and to locate errors in the modules.

Environment: ns-2.27 running under Fedora core2

Steps Performed for Test
We have done the unit test of each individual unit. An example test of module
function parsing is given below,

As modeling of packet loss is a combination of different modeling algorithms

we implemented tested the individual protocols and got the correct results.

Result ;

B/ Pass ] Fail
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6.0 Results

The major advantage of Extended Gilbert model over Bernoulli model results
is that the probability distribution of every packet depends upon only the n
consecutive loss packets, whereas in the Bernoulli model of probability distribution
the future probability loss of the packet is depcndent on all n packets. Therefore, the
probability in Extended Gilbert model is well calculated to the actual loss of the
packets as compare to the Extended Gilbert model [7].

6.1 Packet Loss measurements

The implementation. of packet loss modeling in single path and multi-path
using Bernoulli and Extended Gilbert model ensures that the quality of service can be
extendable and the voice quality over the packet network can get better and it can be
estimate able better. The measurement has also shown that if the voice packets are
sent over the network ﬁom two different streams as redundant packets, they have very
positive chance to reach the destination. The simulation has proved with the results
shown in Table 6.1 that if certain packet is lost under the multi-path diversity
phenomenon, it most'ly reaches the destination through other voice stream, utilizing

the basic advantage of multi-path diversity.

Table 6.1 Single Path Network Structure

Trace Data Packet Size Total nodes Total Links Total Links | Delay Band Packets Packels Packets
Rate up width *Sent Received Lost
Tmb K 15 15 4 30ms/10ms 2mb 237 1646 391
tmb 1K 15 15 15 30ms/10ms 2mb 237 1605 632
Imb IK 15 15 15 30ms/10ms 1.5mb 2237 1572 665
Imb 1K 15 15 15 30ms/10ms Limb 2237 1690 547
2mb 1K 15 15 14 30ms/10ms 2mb 4475 3041 1434

All the measurements from the traces are having either 1mb or 2mb data rate
with packet size 1k. The results from the traces differ on the basis of bandwidth
within the links. The numbers of packets that are sent to the destination are also
dependent upon the number of links up for the packcts and the bandwidth available at

each node. -
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Table 6.2 Multi-Path Network Structure

Trace Data Rate Packet Size Total Total Links | Total Links | Delay - Band width | Packets Packets Packets
nodes upP Sent Received Laost

1 Tmb 1K 15 15 14 30ms/10ms 2mb 2237 2115 122

2 {mb IK 15 15 15 30ms/Mims 2mb 2237 24} 196

3 1mb IK 15 15 15 30ms/10ms 1.5mb 2237 1973 064

4 imb 1K i5 15 5 30ms/10ms Limb 2237 1865 3n

5 2mb 1K 15 15 15 30ms/10ms irnb ) 4475 3158 1317

4 2mb K 15 15 4 30ms/10ms 2mb 4475 321t 1264

All the measurements from the traces are having either 1mb or 2mb data rate
with packet size 1k, which is also shown in Table 6.2. The results from the traces
differ on the basis of bandwidth within the links. The numbers of packets that are sent
to the destination are also dependent upon the number of links up for the packets and

the bandwidth available at each node.
6.2 Determining the Packet Loss Model

The under mentioned graphs prove that if the total packets lost in each burst
are having length of one or two packets then Extended Gilbert Model accurately
estimates the packet loss to the actual loss of the packets. The Extended Gilbert model
estimates the packet loss every time with a probability of collective consecutive lost

packets. Therefore it estimates very close to the actual loss of the packets.

Modeting of Packet Loss Modeling of Packet Loss
. .
600 600 -
p .v
500 W 500 4,
| ’ —e— Actual
5 400 £ 400 4 Packet Loss
2 . . ~—e— Actual Packet s i
Q Loss - e e i e e e e,
= 300 300
2 » g .
3 @ 200 {- Gilbert
@ 20 Estimation
100 4-
. . 0 4 T
oA T e n e 1 4 7 1013 16 19
" Packet Loss in Each Burst Packet loss in Each Burst
Graph 6.1 Bernoulli Loss Model Graph 6.2 Extended Gilbert Loss Model
in Single Path ' in Single Path
(Trace 1) ' (Trace 1)
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On the other hand, the Bernoulli loss model over estimates the number of
packet loss in every burst, therefore gives results far away from the actual loss of
packets. We have also seen after the results that if the network is bursty network and
having packet loss of lengthy bursts' more then the short length bursts then Bernoulli
calculates the packet loss better the extended Gilbert model. The only reason gain is
that the Bernoulli model over estimates the loss of the packets hence luckily gives

better results then the extended Gilbert model. The results regarding the comparison

are also mentioned in Graph 6.1 and Graph 6.2.

6.3 Comparison of Single and Multi-path

It is seen with the results that multi-path give better results as compare to the
single path phenomenon. The muiti-path diversity provides flexibility to the packets
to reach the destination in time. The packet loss in s single path are always more then
the multi-path. Also the length of packet loss burst is short in case of multi-path
diversity as compare to the single pa'th phenomenon. Another advantage of multi-path
diversity over the single path is that there is small number of lengthy burst during the

flow of packets from the source to the destination.

Multi-path diversity provides an extra edge to the packets for the recovery.
The efficiency of the forward error correction can be better with the combined use of
multi-path. Because in forward error correction the recovery of the lost packet is
highly dependent of the next coming packet and if the next packet is lost then the
recovery of two continuous lost packets are depending on the next arriving packets.
Therefore if the network is very bursty and the packets are lost in lengthy bursts then
the recovery of the packets is very difficult. The multi-path diversity provides
mechanism to the forward error correction _for having very short length of the bursts.
So if the packet is lost form one stream, it reaches the destination through the second
stream. Hence the forward error correction receives the packet and finds the way to

- !
recover the earlier Jost packet within the network. -

The results have proved the advantage of modeling the packet loss with muiti-

path diversity phenomenon over thgsinglc path. But there is one major disadvantage
' 66
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of multi-path over the single path but it is negligible. The destination side has to work
more to check if the coming packet:is already received or not, if it is received then the
destination has to discard the packet. If the coming packet is the recovery of already
lost packet, then destination has to reassemble it before forwarding to the listener.
Still it is better then losing the entire packets. The recovery mentioned in the above
sentence is not by using the forward error corréétion, but it is the recovery of lost
packets by receiving it from the other stream by utilizing the feature of multi-path

diversity phenomenon.

Table 6.3 Comparison of Loss models using Trace 1

Leng(h of Loss Actual Packet Estimated by Estimated by Actual Packet Estimated by Estimated by
*  Burst Loss  (Single Bernoulli Model Extended Gilbert Loss  (Multi- Bernoulli Model Extended Gilbert
Path) (Single Path) Model (Single Path) (Muld- Path) Madel (Multi-Path)
Path)

0 1646 1646 1646 2115 1996 2115

1 567 430.3 567.9 121 215.64 121

2 24 .69 2211 ] 234 0.9

3 [} 31.8 0 [ 25 0

4 Q 8.6 0 [ 0.03 4]

S 0 23 0 0 0.003 [

[ [ 0..(- [ 0 0 4]

7 0 017 0 0 0 4]

The mentioned comparison table in Tablc 6.3 shows that the multi-path
dlversny provides better quality of service, as it allows more packets to reach the
destination. The simulation proves that using multi-path phenomenon provides
packets more options to reach the destination, hence less number of packet loss. If we
look at the table 6.2, the frequency of double packet loss really reduced by the
introduction of multi-path diversity phenomenon. The table also verifies that the
estimation of packet loss by the extended Gilbert model is better then the Bernoulli
model on most of the instances. For further analysis and clarification for the use of

Bernoulli model and- extended Gilbert model, the followipg table results are

illustrated.
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Table 6.4 Comparison of Loss models using Trace3

Length of Loss Actual Packet Estimated by Estimated by Actual Packet Estimated by Estimated by
Loss ~ (Single Beruoulli Model Extended Giibert Loss  (Multi- Bemoulli Model Extended Gilbert
Path) (Single Path) Model (Single Path) (Multi- Path) Model (Multi-Path)
Path)
0" 1372 1572 1572 1973 1973 1973
i 330 385 . 404 249 2237 2498
2 247 162 121 15 266 134
3 54 ) (5 12 0 3.1 [
4 20 286 3 1] 0.3 o
5 10 [#3 1 [ 0 0
6 2 5 0.21 0 0 0
7 2 V4 aa? 0 ] (1]
1

In the above mentioned tables i.e. Table 6.3 and Table 6.4, the length of the
lost burst describes the actual length of the lost packets. If the length of the lost burst

is zero then it describes the total number of packets that are received at the

destination.

6.4 Comparison of Modeling Algorithms
We graded the modeling algorithms according to the performance measures.
We have sent the packet from source to the destination and calculate the accuracy of

the models for both single and multi-path diversity phenomenon.

The mentioned tables and graphs give very interesting results regarding the
loss models. The results of the research prove that Bernoulli model also provides
effective results as Extended Gilbert do, but for some specific Scenarios. The analysis
of Table 6.2 and Table 6.3 explains that if the actual burst of packet loss is very
lengthy, each burst includes massive frequency of packet losses and comparatively
limited number of single packet loss, then Bernoulli Loss model can give better
results as compare to Extended Gilbert Model, because it always over estimates the

loss of packets, hence close down the estimation of packet loss to the actual packet
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loss. So we have used both the models for the estimation of packet loss in multi-path

diversity as well.

Modeling of Packet Loss for Trace3 Modeling of Packet Loss for Trace3
450 L )
400 2 . 400
S ap0 - £ 300 g____~__..._._ ~—t— Actual Packet |
2 ——e— Actual Packet 2 Loss
@ 250 Loss @ 250 1§ l
- -t
o 200 Ll et EStHTRL O + 200 {- sttt o Ext onded
5 A Bernoulli Loss 5 Gilbert M odel
@ 150 m ® |
100 1} 00 4-
s0}-e- %
0 e, il [}
1 47 013 618
Packet Loss in Each Packet Loss in Each
Burst Burst

Graph 6.3 Bernoulli Loss Model Graph 6.4 Extended Gilbert Loss Model

in Single path in Single path
(Trace 3) (Trace 3)
6.5 CONCLUSION

The above mentioned results have also shown that the implementation of
multi-path diversity has given better quality of service because we have very limited
number of actual packet loss. Therefore, the esﬁmation of packet loss using Extended
Gilbert model is very near to the real packet loss. The extended Gilbert model is better
option for estimating the packet loss specifically for multi-path, as the burst length in
multi-path diversity not exceeding then two consecutive packet losses; also extended

Gilbert Model estimates the packet loss better then Bernoulli in most of the scenarios.

It is also concluded that it is better to use both packet loss models for
estimating the packet loss and delay while implementing them in single path and
multi path. But if the network is very congested and there is huge probability of losing
the lengthy burst of packets in high frequency then Bernoulli model estimates the
packet loss more accurately as compare to Extended Gilbert model, just because
Bernoulli model always over estimates the packet loSs. Conversely, if the network is

less congested and the frequency of packet loss in each burst is limited then Extended
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Gilbert model provides better results. As Multi-path has less number of packet losses,

therefore Extended Gilbert always estimates the packet loss accurately.
6.6 Qutput Graphs on Modeling of Packet Loss

The following graphs show the performance of both the models for the single
and multi-path on different scenarios, the scenarios include the increase and decrease

in bandwidth, the increase in the packet size, variation in data rate etc.

Modeling of Packet Loss for Mui-path in Trace3 Modeling of Packet Loss for Milt-path i
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Packet Loss in Each Burst Burst
Graph 6.5 Bernoulli Loss Model Graph 6.6 Extended Gilbert Loss Model
in Multi-path in Multi-path
(Trace 3) . (Trace 3)

The Graphs i.e. Graph 6.5 and Graph 6.6 of Trace3 and Graph 6.7 and Graph 6.8 of
Trace6 for the single and multi-path diversity demonstrate that the results of the
expected number of Packet Loss by the Extended Gilbert model are very close to the
actual loss of the packets only if the number of single packet loss is high. If there is
huge number of packef loss with burst length more then one creates under estimation
by the Extended Gilbert model. Thus the trace3 giaphs prove that multi-path confers

better results.
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Appendix A

It includes the abbreviation used for the different terminologies, which are stated as

following.

FEC
VoIP
MDC
QOS
SISO
ARX
SDC
RON
OLSR
DAG
ROM
SPS
PDD
ALOC
ASR

DSR

Forward Error Correction
Voice over Internet Protocol
Multiple Description Coding
Quality of Service

Single Input Single Output
Auto-Régressive eXogenous
Single Description Coding
Resilient Overlay Network
Optimized Link State Routing Protocol
Directed Acyclic Graphs
Robust Overlay Multicast
Simple Parent Selection
Post Dial Delay

Average Length of Call
Average Success Rate

Dynamic Source Routing protocovl
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UDP User Datagram Protocol

TCP Transport Control Protocol

SFQ Stochastic fair Queue

DDR Distributed Dynamic Routing Algorithm

GSR Global State routing protocol

NS-2 Network Simulator 2

NAM Network Animator
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Appendix B

#Create a simulator object
set ns [new Simulator]
############### Color Scheme for the TCP and ﬁDP SOUrCes #HHHHIHHIHHH
$ns color 1 Blue
$ns color 2 Red
$ns color 3 Green
$ns color 4 brown
$ns colof 5 yellow
Wit Open the NAM trace file #H###HHHHHHHHIEB#HHIE
set nf [open out.nam w]
$ns namtrace-all $nf
HIRH R Open the Trace file #HHHIHHHEHHIHHH Y
set tf {open out.tr w]
$ns trace-all $tf
############### Define a 'finish' procedure ####H###### A
proc finish {} {
global ns nf tf
$ns flush-trace

#Close the NAM trace file
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close $nf

#Closev the Trace file

close $tf

#Execute NAM on the trace file
exec nam out.nam &

exit 0

HitH it Create nodes #HHHHHHHHHBHH T
set n0 [$ns node]
set n1 [$ns node]
set n2 [$ns node]
set n3 t$ns node]
set n4 [$ns node]
set n5 [$ns node]
set n6 [$ns node]
set n7 [$ns node]
set n8 [$ns node]
set n9 [$ns nod.e]
set n10 [$ns node]

set n11 [$ns node]
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set n12 [$ns node]

set n13 [$ns node]

HitiHtHH R Create links betwéen the nodes ########################
$ns duplex-link $n0 $n2 2Mb 30ms SFQ
$.ns duplex-link $n1 $n2 2Mb 30ms SFQ
$ns duplex-link $n2 $n3 2Mb 45ms SFQ
$ns duplex-link $n4 $n5 2Mb 10ms SFQ
$ns duplex-link $n5 $n2 2Mb 10ms SFQ
$ns duplex-link $n5 $n2 2Mi) 10ms SFQ
$n§ duplex-link $n6 $n2 2Mb 10ms SFQ
$ns duplex-link $n7 $n8 2Mb 10ms SFQ
$ns duplex-link $n9 $n10 2Mb 10ms SFQ
$ns duplex-link $n10 $n11 2Mb 10ms SFQ
$ns duplex-link $n1 $n12 2Mb 10ms SFQ
$ns duplex-link $n12 $n13 2Mb 10ms SFQ
$ns duplex-link $n13 $n3 2Mb 10ms SFQ
$ns duplex-link $n8 $n12 2Mb 10ms SFQ
$ns duplex-link $n11 $n13 2Mb 10ms SFQ

R E#E Set Queue Size of link (n2-n3) to 10 #H##HHHHHI#H#H#HHHIHI

$ns queue-limit $n2 $n3 100
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Hitt I Give node position (for NAM) #HHIBHBHEHIBHEHIBHEHIH
$ns duplex-link-op $n0 $n2 orient right-down

$ns duplex-link-op $n1 $n2 orient right-up

$.ns duplex-iink-op $n2 $n3 orient right

$ns duplex-link-op $n5 $n2 orient right

$ns duplex-link-op $n6 $n2 orient right

$ns duplex-link-op $n7 $n8 orient right

$ns duplex-link-op $n9 $n10 orient right

$ns duplex-link-op $n10 $n11 orient fight

$ns duplex-link-op $n1 $n12 orient right

$ns duplex-link-op $n12 $n13 orient right

$ns duplex-link-op $n13 $n3 orient irAight

$ns duplex-link-op $n8 $n12 orient right

$ns duplex-iiﬁk-op $n11 $n13 orient right

Bttt Monitor the queue for link (n2-n3). (for NAM) ######it#i#
$ns duplex—link-op $né $n3 queuePos 0.5

############### Setup a TCP connection for n0-n3 #H###HHHHHHHHHHHHEHHR
set tcp [new Agent/TCP]

$tcp set class_ 2

$ns attach-agent $n0 $tcp
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set sink [new Agent/TCPSink]

$ns attach-agent $n3 $sink

$.ns connect. $tep $sink

$tcp set ﬁd_ 1

HiHHHHH#E Setup a FTP over TCP connection #####HHHHHHHHHHHHHH#
set fip [new- Application/FTP)

$ftp attach-agent $tcp

$ftp set fype_ FTP

############### Setup a TCP connection for nd-n3 #######HHHHHHESHHHHIIRH
set tcpl [new Agent/TCP] :
$tcpl set class_ 4

$ns attach-agent $n4 $tcpl

set sink1 [new Agent/TCPSink]

$ns attach-agent $n3 $sink1

$ns connect $tcpl $sinkl

$tepl set fid_3

BusiHH##E Setup a FTP over TCP connection ####H#HHHHIHIHEHHHHHHI#
set ftpl [new Application/FTP]

$fipl attach-agent $tcpl

$fip1 set type FTP
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Wit Setup a TCP connection for n6-n3 #H#HHHHHIHHEHHIHHEHHIHEHEE
s;at tcp2 [ne\')v Agent/TCP]

$tcp2 set class_ 2

$ns attach-agent $n6 $tcp2

set sink2 [new Agent/TCPSink]

$ns attach-agent $n3 $sink2

$ns connect $tcp2 $sink2

$tcp2 set fid_4

HtiHHARHEH Setup a FTP over TCP connection ##HHHHEHHHEEHIHHHHEHHEHHHHE
set ftp2 [new Application/FTP]

$ftp2 attach-agent $t¢p2

$.ftp2 set tyﬁe_ FTP

HUHEHEHEHEH Y Setl;lp a TCP connection for n7-n3 #####HHHHHHHIHHHHHHEHEE
set tcp3 [new Agentf]‘ CP]

$tcp3 set class_ 2

$ns attach-agent $n7 $tcp3

set sink3 [new Agent/TCPSink]

$ns attach-agent $n3 $sink3

$ns connect. $tcp3 $sink3

$tep3 set fid_5
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HitHHH Y Setup a FTP over TCP connection ##Hi#HHHH#HIHHIHHHBHIHHHIH
set ftp3 [new Application/FTP]

$ftp3 attach-agent $tcp3

$ftp3 set type  FTP

HiHHH R ##### Setup a TCP connection for n9-n3 ##H#HHHHHHHHHHHHHHHHHHHHIHY
set tcp4 [new Agent/TCP]

$tcp4 set class_ 2

$ns attach-agent $n9 $fcp4

set sink4 [new Agent/TCPSink]

$ns aﬁacﬁ-agent $n3 $sink4

$ns connect- $tcp4 $sink4

$tcp4 set fid_ 6

#itHHHHHH#H#HE Setup a FTP over TCP connection #H# B HHHHHIHBHEHIR- I
set ftp4 [new Application/FTP]

$ftp4 attach-agent $tcpd

$ftp4 set type  FTP

HiHHH TR HHI# R Setup é UDP connection for n1-n3 ########HHH#HHHEHEH ]
set udp [new Agent/mUDP]

$udp set_filename sd

$ns attach-agent $n1 $udp
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set null [new Agent/mUdpSink]
$null set_filename rd
$ns attach-agent $n3 $null

$ns connect $udp $null

$udp set fid_ 2

############### Setup a CBR over UDP connection for n1-n3 ###t#######H##HH
set cbr [new Application/Traffic/CBR]

$cbr attach-agent $udp

$cbr set type . CBR

$cbr set packét_size__ 1000 [
$cbr set rate_ 2mb

$cbr set random_ false

HiHHH R % Schedule events for the CBR, FTP and FTP1 agents ######
$ns at 0.1 "$fip start"

$ns at 0.1 "$ftp1 start”

$ns at 0.1 "$ftp2 start".

$ns at 0.1 "$ﬁp3 start"

$ns at 0.1 "$ftp4 start”

$ns at 1.1 "$cbr start"

$ns at 19.0 "$cbr stop"
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$ns at 18.0 "$ftp stop"

$ns at 18.0 "$ftp1 stop"

$ns at 18.0 "$ftp2 stop"

$ns at 18.0 "$ftp3 stop”

$ns at 18.0 "$ftp4 stoi)"'

#i#####Call the finish procedure after 12 seconds of simulation time #######

$ns at 20.0 "finish"

HitHHHH#### Print CBR packet size and interval #####HHHHHTH AT

puts "CBR packet size = [$cbr set packet_size ]"

puts "CBR interval = [$cbr set interval 1" ‘

#################### Run the simulation ###HHARHHHHHHHHTHR Y

$ns run

Multi-Path Code

#Create a simulator object

set ns [new Sirﬁulator]

Hit#H#H##### Color Scheme for the TCP and UDP sources ######HH#H###
$ns color 1 Blue

$ns color 2 Red

$ns color 3 Green

$ns color 4 brown
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$ns color 5 yellow
A Opeln the NAM trace file ######################
set nf [open out.nam w] .. |
$ns namtrace-all $nf
Wi Open the Trace file ##HHHHHEHHITHHHTEHE
set tf [open out.tr w]
$ns trace-all $tf
HitHHHHHHEH#HHA Define a 'finish’ procedure ####################
proc finish {} {

global ns nftf

$ns ﬂu;h-trace

#Close the NAM trace file

close $nf

#Close the Trace file

close $ff

#Execute NAM on the trace file

exec nam out.nam &

exit0 .

HiHHHRB IR ##IE Create nodes #HHHHHHHBITHHHHHHHHHHHHHHE
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Node set multiPath_ 1

set n0 [$ns node]

set nl [$ns node]

set n2 [$ns node]

set n3 [$ns node]

set n4 [$ns node]

set n$ [$ns ﬁode]

set n6 [$ns node]

set n7 [$ns node]

set n8 [$ns node]

set n9 [$ns node]

setnl0 [$ns‘node]

set n11 [$ns node]

set n12 [$ns node])

set n13 [$ns node]

set nl4 [$ns nqde]

############### Create links between the nodes ##HHHHHHHHHHHHHTHIHE
$ns duplex-link $n0 $n2 2Mb 30ms SFQ
$ns duplex-link $n1 $n2 2Mb 30ms SFQ

$ns duplex-link $n2 $n14 2Mb 45ms SFQ
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$ns duplex-link $n4 $n5 2Mb 10ms SFQ

$ns duplex-link $n5 $n2 2Mb 10ms SFQ

$ns duplex-link $n5 $n2 2Mb 10ms SFQ

$ns duplex-link $n6 $n2 2Mb 10ms SFQ

$ns duplex-link $n7 $n8 2Mb 10ms SFQ

$ns duplex-iink $n9 $n10 2Mb 10ms SFQ

$ns duplex-link $n10 $nl1 2Mb 10ms SFQ

$ns duplex-link $n1 $n12 2Mb 10ms SFQ

$ns duplex-link $n12 $n13 2Mb 10ms SFQ

$ns duplex-link $n13 $n3 2Mb 10ms SFQ

$ns duplex-link $n8 $n12 2Mb 10ms SFQ

$ns duplex-link $n11 $n13 2Mb 10ms SFQ

$ns duplex-link $n14 $n3 2Mb 10ms SFQ

HHHHRREHHHE##E Set Queue Size of link (n2-n3) to 10 ###HHHHHBHHHHRR#H#HH
$ns queue-limit $n2 $n14 100

HIHHHHHHEH###H Give node position (for NAM) #H#HHREREHHHHHHHHBRERREEY
$ns duplex-link-op $nd $n2 orient right-down

$ns duplex-link—op $n1 $n2 orient right-up

$ns dupleX-}ink-op $n2 $n14 orient right

$ns duplex-link-op $n5 $n2 orient right
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$ns duplex-link-op $n6 $n2 orient right
$ns duplex-link-op $n7 $n8 oﬁent right
$ns duplex-link-op $n9 $n10 orient rlight
$ns duplex-link-op $n10 $n11 orient right
$ns duplex-link-op $nl $n12 orient right
$ns duplex-link-op $n12 $n13 orient right
$ns duplex-link-op $n13 $n3 orient right
$ns duplex-link-op $n8 $n12 orient right
$ns duplex-link-op $n11 $n13 orient right

$ns duplex-link-op $n14 $n3 orient right

HEHHH A #R#H## Monitor the queue for link (n2-n3). (for NAM) ##########H#H#

$ns duplex-link-op $n2 $n14 queuePos 0.5

Hit#HHHHHH R Setup a TCP connection for n0-n3 #HHHHHRHHHHEHEAE

set tcp [new Agent/TCP]

$tcp set class_ 2

$ns attach-agent $n0 $tcp

set sink [new Agent/TCPSink]
$ns attach-agent $n3 $;ink
$ns connect $tcp $sink

$tepset fid_ 1.
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iR Setup a FTP over TCP connection ###H#HHHHHHHHHHIBHEHH T
set fip [new Application/FTP]

$ftp attach-agent $tcp

$ftp set type  FTP

#HiH#HH###### Setup a TCP connection for n4-n3 #########################
set tcpl [new Agent/TCP]

$tcpl setclass_ 4

$ns attach-agent $n4 $tcpl

set sinkl {new Agent/TCPSink]

$ns attach-agent $n3 $sink1

$ns connect $tcpl $sinkl

$tcpl set fid 3

#itti#H#H Setup a FTP over TCP connection ###R#HABHRHHRHIH I
set ftp1 [new Application/FTP]

$ftp1 attach-agent $tcpl

$ftpl set type_ FTP

HiHHH S B Setup a TCP connection for n6-n3 #HHH#HHHHHHHHHHHHHHHIHR
set tcp2 [new Agent/TCP]

$tcp2 set class_ 2

$ns attach-agent $n6 $tcp2
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set sink2 [new Agent/TCPSink]

$ns attach-agent $n3 $sink2

$ns connect $tcp2 $sink2

$tep2 set fid 4

HiHaR AR Setup a FTP over TCP connection ##HHHHHHHHHHHHHIHHH Y

set ftp2 [new Application/FTP]

$tp2 attach-agent $tcp2

$tp2 set type  FTP

HHEHHHBRHH R Setu;:) a TCP connection for n7-n3 ##H#HHHHHHEHEREHHHHH

set tcp3 [new Agent/TCP]

$tcp3 set class_ 2 | ‘
$ns attacﬁ-agent $n7 $tcp3 |
set sink3 [new Agent/TCPSink]

$ns attach-agent $n3 $sink3

$ns connect $t§p3 $sink3

$tcp3 set fid 5

HHHHHH R Setup a FTP over TCP connection ###HIHHIHHHHHHHIHHHEHHHHH

set ftp3 [new Application/FTP]

$ftp3 attach-agent $tcp3

$ftp3 set type FTP
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HiHH A Setup a TCP connection for n9-n3 ##HHHIHHHIHHHHHHHEHHHE

set tcp4 [new Agent/TCP]

$tcp4 set class_ 2

$ns attach-agent $n9 $tcp4

set sink4 [néw Agent/TCPSink]

$ns attach-agent $n3 $sink4

$ns connect $tcp4 $sink4

$tcpd set fid_ 6

HiHiH##H## Setup a FTP over TCP connection ###HHHHHHHIHHHHIRHIHHHE

set ftp4 [new Application/FTP]

$ftp4 attach-agent $tcpd

$ftp4 set type  FTP

HiHHH#HHAHH##H Setup a UDP connection for nl-n3 #HAHHHHHHHHHHEHRHEEHE

set udp [new Agent/mUDP]
$udp set_filename sd

$ns attach-agent $n1 $udp

set nulf {new Agent/mUdpSink]
$null set_filename rd

$ns attach-agent $n3 $null

$ns connect $udp $null
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$udp set fid_2

i Setup a CBR over UDP connection for nl1-n3 #####HHHHHHH#H
set cbr [new Application/Traffic/CBR]

$cbr attach-agent $udp

$cbr set type CBR

$cbr set packet_size 1000

$cbr set rate_ 1mb

$cbr set random_ false

HHHH#HHH###H Setup a UDP connection for nl1-n4-n3 ###HHHHHEHHBRH T
set udpl [ngw Agent/mUDP]

$udpl set_filename sd

$ns attach-agent $n1l $ﬁdp1

$null set_filename rd

sns attac.h-a'gent $n3 $null

$ns connect $udp1 $nuli

$udp] set fid_2

B Setup a CBR over UDP connection for nl-nd-n3 ###t####HHHHHH
set cbrl [new Application/Traffic/CBR]

$cbrl attach-agent $udpl |

$cbrl settype CBR
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$cbrl set packet_size_ 1000

$cbrl set rate_ Imb
$cbrl set random_ false

$ns rtproto DV

Rt B Schedule events for the CBR, FTP and FTP1 agents ######

$ns at 0.1 "$fip start"
$ns at 0.1 "$ftpl start”
$ns at 0.1 "$ﬁpﬁ start"
$ns at 0.1 "$fip3 start"
$ns at 0.1 "$fip4 start”
$ns at 1.1 "$cbr start"
$ns at 1.1 "$cbrl starf"
$-ns at 19.0 '.'$cbr stop"
$ns at 19.0 "$cbrl stop”
$ns at 18.0 "$ftp stop”
$ns at 18.0 "$fipl stop"
$ns at 18.0 "“$ftp2 stop"
$ns at 18.0 "$ftp3 stop"

$ns at 18.0 "$£tp4 stop”

######HCall the finish procedure after 12 seconds of simulation time #######
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$ns at 20.0 "finish"

Hu#HHHAHH A Run the simulation ####HHHHHHEHHE-ESHII]

$ns run
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Abstract

The quality of voice in IP based networks is highly reliant on Packet loss and delay. Packet loss is the failure of packets to
reach the destination [1,2]. The multi-path diversity is a phenomenon to send identical packets from diversified paths.
Therefore, if certain packet is lost from one stream, still its identical packet has fair chance to arrive at the destination [3]. We
first discuss the modeling of packet loss and delay using Bernoulli and Extended Gilbert Model [4]. We then evaluate the
results of both models. We have developed a modified loss model for modeling of packet loss using multi-path diversity. The
present research aims to increase the efficiency of Forward Error Correction (FEC) by the modeling of packet loss and delay
in the real time communication. The set of examined results from our research shows that multi-path diversity bestows
positive effect on the voice quality of VoIP network. The results also validate our model as comparison with actual data

results in similar trend.

Key Words: Packet Loss, VoIP, Forward Error Correction, Multi-path Diversity

1 Introduction

Voice over Internet Protocol (VoIP) is the conversion of
analog and digital communication into data transmission
of digital packets over internet or intranet [5]. Basically, it
is the toggling from circuit switching to packet switching.
Voice over IP (VoIP) is susceptible to network behaviors,
referred to as delay and packet loss, which can degrade
the voice application to the point of being unacceptable to
the average user [1,2,5].

The loss of the packets mostly occurs due to the
congestion or the link failure between the nodes. The
clogging with in the nodes mostly occurs due to, the
limited bandwidth and heavy load of voice and data
traffic, which also falls out as.packet loss [1,2,4]. The loss
or dropping of packets results in highly noticeable
performance issues and affects all other network
applications [1,2].

The loss of -data packets can be recovered either by
resending the packets to the destination or by using some
recovery algorithm. The data

packets are time independent, so they are easy to recover.
On the other hand, voice packets are

based on the time limitations. As a result, if voice packets
are lost or delayed, they are hard to recover for the reason
that if they cross the play out time then they are futile.
Therefore, it creates either the short duration calls or very
appalling voice quality [5].

1.1 Multi-path Diversity .

In Multi Path diversity, the copies of identical packets are
sent over a netwark to achieve the advantage of
uncorrelated packet loss and delay [3]. The advantage of
multi-path diversity over single path is that there is less
probability of losing the packet. If certain packet is [ost
from one path, still it has positive probability of reaching
the destination from the second path. Another advantage
of multi-path diversity is that the extent of the packet loss
burst is relatively diminutive. The major shortcoming of
multi-path diversity is that it needs superfluous bandwidth
on both source and the destination links. In addition the
destination node needs furthér processing to discard the
already received packets. Therefore, it creates some extra
delay in the arrival of voice packet to the destination, but
it is better then losing the packets [3].

1.2 Loss Modeling

The énalytical modeling of the packets loss and deiay for
the assessment of the packet loss needs to be done to hit
upon the better model for estimating packet loss [4,6].

121  The Bernoulli Model

The Bernoulli loss model is based on a geometric
distribution. It is the most widely used model and based
on simple independent losses. It is very basic modeling
algorithm for estimating packet loss. Therefore, often use
in modeling of packet loss for IP voice and multicast
systems [4,6]. The probability of packet loss in the
Bernoulli model is represented by p. If there are large
number of packets n to be transmitted over a network then
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the expected number of lost packets is n*p. Bernoulli loss
model is a two-state process. The one state (Staté 0)
symbolizes a packet loss, and the other state (State 1)
stands for a packet reaching the destination. The mean
loss probability p represents the probability that the
current packet is lost given that the last packet was also
lost. q is the probability that the current packet is arrived
provided that the previous. packet was also arrived [6].

Figure 1.0: The Bernoulli Model

The Bernoulli model gives an estimation of ‘loss
probability by calculating the total number of packets that
were lost and then dividing the result by the total
transmitted packets. In Bernoulli model, each packet
transmitted on a network has fixed and independent loss
probability with constant loss rate of the link [4,6].
Networks in which time interval between the packets is

Pt

Poa= 1 -Par

very short, the loss of packets can not be estimated
properly by a Bernoulli model [4,6].

1.2.2 , The Extended Gilbert Model

The Bemnoulli model maintains the record of all past n
number of losses to calculate the probability of losing the
next packet, where as Extended Gilbert model consider
only last n number of consecutive loss of packets to
calculate the probability of the next packet to be lost.
Therefore the probability calculation and loss estimation
are in the vicinity of the actual loss of packets. The
extended Gilbert model needs n+1 states to remember n
events [4].

The Extended Gilbert Algorithm is used with a structure
that maintains a counter 1, which is the number of
consecutive packet loss. But it is reset whenever the
packet is received [4]. The extended Gilbert model is the
extension of two-state Gilbert model which calculates the
burst state with almost the same transition probability as
of Bernoulli algorithm by considering burst state as 1 and
then according to state transition probabilities P01 and
P11 is the probability for the burst length of packet loss.

pm.l_ll_:!d";

P 1= 1-Prise s 1

. Figure 1.2: The Extended Gilbert Model

2 Literature Review ,

The work has been done on the algorithms of recovering
packets and modeling of voice and data packets loss. The
basic modeling algorithm of packet loss and delay are
Bemoulli model, Markov model, Gilbert Model and
Extended Gilbert Model.

Wenyu Jiang effort was based on the efficiency and
perceptual quality of FEC. They started with the modeling
of packet loss and delay. Then they proposed the joint use

of Extended Gilbert model and inter-loss distance (ILD).
Then they implemented the internet traces to validate the
necessity and effectiveness of these models. The next
phase was the assessment of the consequences of this
reliance on VolP. But their research lack in finding out
that how burstiness relays to quality of voice [4].

Yi J Liang, Eckehard G. Steinbach, and Bernd Girod
contributed in the reconstruction of the voice transmission
over internet. They worked to improve the tradeoff among
delay, late loss rate, and speech quality using multi-stream
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transmission of real-time voice over the Internet, where
multiple redundant descriptions of the voice stream are
sent aver independent network paths. Scheduling the play
out of the received voice packets is based a Lagrangian
cost function to trade delay versus loss. They observed
significant reductions in mean end-to-end latency and loss
rates as well as improved speech quality when compared
to FEC protected single-path transmission at the same
data rate. In addition to our Internet measurements, they
analyzed the performance of the proposed multi-path
voice communication scheme using the ns network
simulator [3].

Jean Yves Le implemented a joint play out buffer and
Forward Error Correction (FEC) adjustment scheme for
Internet Telephony that incorporates the impact of end-to-
end delay on the perceived audio quality. Their results
publicized that it offers a better quality than the
adjustment schemes for play out buffer and FEC. This is
important because of a threshold effect when the end-to-
end delay of interactive audio is around 150 ms. They
represented the perceived audio quality as a function of
both the end-to-end delay and the distortion of the voice
signal. They validated their approach by simulation that
their scheme allows a source to increase its utility by
avoiding increasing the play out delay when it is not
really necessary. But the problem in that development is
the static size of buffer, which again creates the loss of the
packets and the delay by the bursting of traffic on certain
conditions. The problem remains the same, as when the
packets cross the size of the.buffer, they start to loss or
creates the delay [71.

In the earlier research, different loss models were
designed to calculate the packet loss.and delay for the
single path. The emphasis was on estimating the packet
loss and delay using diverse loss models. But no one has
compared the loss models to unearth the better among
them and subsequently implement the resulted better
model using multi-path diversity phenomenon to observe
any advantage of multi-path diversity for the modeling of
packet loss. Mostly the packet loss and delay are due to
the congestion or the link failure, Therefore, it requires a
technique to recover the lost data. Forward Error
Correction (FEC) is use to recover the packets. The snag
in FEC for the single path.is that it cannot recover lengthy
burst of packet loss, as a result all the interlinked packets
are also lost, because the information of each packet is
added in its subsequent packet. So the sender needs to
send the packets again, hence creating more delay. \

We have proposed a solution to have better quality of
service using the multiple paths. We will compare the
extended Gilbert model with Bernoulli model for the
single path. The better model will be implemented using
the multi-path diversity phenomenon for the modeling of
the packet loss and delay. The whole emphasis is on the

efficiency of Forward error correction by the modeling of
packet loss and delay in the real time communication and
to make it more useable to recover the lost packets. By the
implementation, we will validate any change in the
efficiency of forward Error Correction (FEC) by the
introduction of multi path diversity.

3 Methodology

3.1 Estimating Packet Loss:

The implementation for estimating packet loss and delay
has been done using network Simulator ns. The source of
the nodes generates either tcp packets or udp packets to
the destination. The tcp packets generating nodes are
boasting fip at the application layer, whereas the cbr is
running at the application layer of the udp generating
nodes. The capacity of the links is capable enough to
handle massive voice and data traffic.

The queues used in the links are SFQ, the stochastic fair
queue: The advantage of SFQ over DropTail Queuing is
that it does fair queuing. Therefore, the dropping of tcp
and udp packets will be same [8].

The first step is the implementation of packet loss
modeling using Bernoulli and Extended Gilbert Model in
single path environment. The implementation is based on
sending the packets form source to destination for specific
period of time and calculating total number of voice
packets that were sent over the network in single stream.
The outcome of the Bernoulli probability and Extended
Gilbert'probability leads to the estimation of the packet
loss using Bernoulli model and Extended Gilbert model
respectively. The results will be compared with the actual
loss of the packets to obtain the better loss model.

3.2 Bernoulli Loss Model for Single Path

The Implementation was based on the following
mentioned steps:

e Design a complex network which comprises of both
data and voice traffic from different nodes to the
destination nodes.

e  Assign starting and ending time to the simulation to
extract relevant data during specific time.

¢ Dispense starting and ending time to all the nodes
which are generating the packets.

Start sending the packets.
Calculate the sent time, received time and the total
delay that packets required to reach the destination.

o Calculate the total voice packets sent by specific
source to destination.

e Calculate the actual loss of voice packets for the
above mentioned link.
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e Calculate the actual length of bursts of packet loss. LG-1) * G-1))
e Start calculating the mean Probability using under
mentioned method of Bernoulli algorithm.
) Where
£ n-1 - Lj is the loss bursts numbers with length j.
[1= & Li)/LO "~ The value of j=1, 2, 3.......... n-1. j=1 means that
i=1 single packet loss whereas n-1 is the longest burst of
' packet loss.
Where } - Now as we have the Mean Probability using Extended
- Li is the loss bursts numbers  with length i. Gilbert model, we need to approximate the
- The value of i=I, 2, 3.......... n-1. i=1 means that Probability of losing the packets for the different
single packet loss whereas n-1 is the longest burst of lengths of bursts using following probability formula.
packet loss.
- LO is the total number of packets sent from source to k-1
the destination [4]. pk = (1- p(k-1)(K)) * p
e Now as we have the Mean Probability uging Where - . L. _
Bernoulli model, we need to approximate the - pk is the actual probability for estimating the packet
Probability of losing the packets for the different :(Ofs' length ¢ fke
lengths of bursts using following probability formula. - kiis the length of burst of packet loss. e.g. If k=1 that
means pl is calculating the probability of single
k-1 packet loss [4].
=11+ (- D
o  The result of probability of packet loss will lead us
Where to the estimation of packet loss by using following
- TIk is the actual probability for estimating the algorithm of extended Gilbert Model.
packet loss. ‘
-k is the length of burst of packet loss. e.g. If _k'l
k=1  that means [J1 is calculating the Lesk=3 Lj* pk
probability of single packet loss [1]. =1
»  The result of probability of packet loss will lead us to Where .
the estimation of packet loss by using following - pkiis the probability taken from the above step.
algorithm. - L(est)k is the estimated packet loss using
g Extended Gilbert model of packet loss.
L(est) = Total packet loss * Tk - k is the length of packet loss for which
(est) alpac st 11 estimation has been calculated.
Where )
- [lk is the probability taken from the above step. 3.4 Extended Gilbert Model for Multi-path
- L(est) is the estimated packet loss using Bernoulli
model of packet loss. The major change in implementing the multi-path
diversity over single path is that we designed a network in
3.3 Extended Gilbert Loss Model for Single Path: which there were two streams from the source to the
destination for the specific voice communicating link. The
The Implementation was based on the following duplicate streams of voice packets from source to
mentioned steps: destination start sending the packets at the same time. All
the packets in these streams are duplicate packets of each
o The steps till the calculation of actual length of burst g;tirétgh;es::ﬁ:g;;]?; fzi:g ti';‘etlf::ekitilf}db:fnguggg:tei
are same as that of Bemoulli .Model. loss in the two streams that means the destination node
. - . receives every packet twice. So there is a need of
* Start.calculatmg the mean Prob?blhty using under discarding the packets which are already arrived from the
mentioned method of Extended Gilbert Algorithm other stream. When any packet is amrived to the
1 n-l o n- destination, its unique id is compared with all earlier
L R received packets. If the id of the packet is matched with
p=lI- (;—‘1 Li* G-I - any of the earlier received packet’s id that means it is
o J J already received and there is no need to receive that
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packet again [4]. Therefore, we made a mechanism to
drop any packet which was earlier received. The end
resuit by implementing the multi-path diversity was ‘that
there were very limited packet losses and even the length
of packet loss bursts was not lengthy {3,4].

Rest of the implementation of the packet loss was similar
to that of single path implementation.

e Design a complex network which comprises of both
TCP and UDP packets that means that the network
should comprise of data and voice traffic from
different nodes to the destination nodes.

e Assign starting and ending time in the snmulatlon to
extract relevant data for the analysis.

o Assign starting and ending time to all the nodes which
are generating the packets.

o Start sending the packets.

e Calculate -the sent time, received time and the total
delay that packet required to reach the destination.

o Calculate the total voice packets sent by some specific
source to destination.

o Calculate the actual loss of voice packets for the above
mentioned link.

Calculate the actual length of bursts of packet loss.
Start calculating the mean Probability using under
mentioned method of Extended Gilbert Algorithm.

n-1 » n-
1 .
p=1-E L% GDIE

Lz =1
LG-1) * 1)
Where
-Ljis the loss bursts numbers with length j.
- The value of j=1, 2, 3.......... n-1. j=1 means that single

packet loss whereas n-1 is the longest burst of packet
loss.

- Now as we have the Mean Probability using Extended
Gilbert model, we need to approximate the Probability
of losing the packets for the different lengths of byrsts
using following probability formula:

k-1
pk = (1- p(k-1)(k)) * p
Where
- pk is the actual probability for estimating the
packet loss.

-k is the length of burst of packet loss. e.g. If k=1
that means pl is calculating the probability of
single packet loss.

o The result of probability of packet loss will lead us
to the estimation of packet loss by using foliowing
algorithm of extended Gilbert Model.

k-1
Liest)k =3 Lj* pk
J=1

Where
- pk is the probability taken from the above step.
- L{est)k is the estimated packet loss using
~ Extended Gilbert model of packet loss.
- k is the length of packet loss for which estimation
has been calculated [4].

Another advantage of modeling of packets using multi-
path diversity is that the Forward error correction works
better if the bursts of packet loss are not very lengthy.
Multi-path packet forwarding gives the advantage to
forward error correction to even recover very few lost
packets [3,4].

4 Results and Conclusion

The major advantage of Extended Gilbert model over
Bernoulli model results is that the probability distribution
of every packet depends upon only the n consecutive loss
packets, whereas in the Bernoulli model of probability
distribution the future probability loss of the packet is
dependent on all n packets. Therefore, the probability in
Extended Gilbert model is well calculated to the actual
loss of the packets as compare to the Extended Gilbert
model [4,6]. '

Modeling of Packet Loss
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Graph 4.0 Bernoulli Loss Model in Single Path
(Trace 1)

The implementation of packet loss modeling in single
path and multi-path using Bernoulli and Extended Gilbert
model ensures that the quality of service can be
extendable and the voice quality over the packet network
can get better and it can be estimate able better.

Modeling of Packet Loss
600 -
500
—o— Actual
€, 400 + Packet Loss
=
3 300
B ; e EXtended
@ 200 + v Gibert
: Estimation
100
1. 4 7 10 13 16 19
Packet loss in Each Burst

Graph 4.1 Extended Gilbert Loss Model in Single Path
(Trace 1)

The above mentioned graphs prove that if the total
packets lost in each burst (except burst length of one and
two) are short then Extended Gilbert Model accurately
estimates the-packet loss to the actual loss of the packets.
On the other hand, the Bernoulli loss model over
estimates the number of packet loss in every burst,

therefore gives results far away from the actual loss of
packets.

The following tables present results regarding the
simulation for both single path and multi-path
phenomenon and the estimation of packet loss using the
two loss models.

Modeling of Packet Loss for Trace3
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Graph 4.2 Bernoulli Loss Model in Single path
(Trace 3)

Trac | Data | Packet | Total Total Total Delay Band | Packe | Packet | Packet
e Rate | Size nodes Links Links width | ts s s Lost
1 Imb | 1K 15 15 14 30ms/10 | 2mb 2237 1646 591

2 Imb | IK 15 15 15 30ms/10 | 2mb 2237 1605 632

3 Imb | 1K 15 15 15 30ms/10 | 1.5mb | 2237 1572 665

4 Imb | IK 15 15 15 30ms/10 | 1.1mb | 2237 1690 547

5 2mb | 1K 15 15 15 30ms/10 | 2mb 4475 | XXX XXX

6 2mb | 1K 15 15 14 30ms/10 | 2mb 4475 | 3041 1434

| Table 4.0 Single Path Network Structure

Trace | Data Packet | Total Total Total
Rate Size nodes | Links | Links
' Up

Delay | Band Packet | Packet | Packet
width sSent |s s Lost
Receiv
ed
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1 Imb 1K 15 15 14 30ms/1 | 2mb 2237 2115 122
. : Oms .
2 Imb 1K 15 15 15 30ms/1 | 2mb 2237 2041 196
Oms
3 Imb 1K 15 15 15 30ms/1 | 1.5mb | 2237 1973 264
Oms
4 Imb 1K 15 15 15 30ms/1 | 1.1mb | 2237 1865 372
Oms
5 2mb 1K 15 15 15 30ms/1 | 2mb 4475 3158 1317
Oms -
6 2mb 1K 15 15 14 30ms/1 | 2mb 4475 3211 1264
Oms
Table 4.1 Multi-Path Network Structure
Length | Actual | Estimated | Estimated | Actual | Estimated | Estimated
of Loss | Packet by by Packet by by
Burst Loss | Bernoulli | Extended {  Loss Bernoulli { Extended
(Single {| Model Gilbert | (Multi- Model Gilbert
Table 4.2 Comparison of Loss models Path) (Single Model Path) (Multi- Model
using Trace 1 Path) (Single Path) (Multi-
Path) Path)
Table 4.3 Comparison of Loss models
using Trace 3 0 1572 1572 1572 1973 1973 1973
1 330 385 404 249 223.7 249.8
2 247 162 121 15 26.6 13.4
3 54 68 12 0 3.1 0
4 20 28.6 3 0 03 0
5 10 12 1 0 0 0
6 2 5 0.21 0 0 0
7 2 2 0.07 0 0 0
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The above mentioned comparison table
shows that the multi-path diversity
provides better quality of service, as it
allows more packets to reach the
destination. The simulation proves that
using multi-path phenomenon provides
packets more options to reach the
destination, hence less number of
packet loss.

In the above mentioned tables, the
length of the lost burst describes the
actual length of the lost packets. If the
length of the lost burst is zero then it
describes the total number of packets
that are received at the destination.

specific Scenarios. The analysis of
Table 4.2 and Table 4.3 explains that if
the actual burst of packet loss is very
lengthy, each burst includes massive
frequency of packet losses and
comparatively limited number of single
packet loss, then Bernoulli Loss model
can give better results as compare to
Extended Gilbert Model, because it

always over estimates the loss of packets, hence close
down the estimation of packet loss to the actual packet
loss. So we have used both the models for the estimation
of packet loss in multi-path diversity as well.

Modeling of Packet Loss for Multi-path in Trace3

e Barnouli

Loss g
_Estimation |

www jatit.org
Length | Actual | Estimated | Estimated | Actual { Estimated | Estimated
of Lass | Packet by by Packet by by
Burst Loss | Bernoulli | Extended | Loss | Bernoulli | Extended
(Single Model - Gilbert | (Multi- Model Gilbert
Path) (Single Model Path) (Multi- Model
Path) (Single Path) (Multi-
Path) Path)
0 1646 1646 1646 2115 1996 2115
1 567 4303 567.9 121 215.64 121
2 24 116.9 22.1 l - 23.4 09
3 0 31.8 0 0 25 0
4 0 8.6 0 0 0.03 0
5 0 2.3 0 0 0.003 0
6 0 0.6 0 0 0 0
7 0 0.17 0 0 0 0
Modeling of Packet Loss for Trace3
450 ¢
400 i
350 L
£ 300 t +— Actual Packel 300 4
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Packet Loss in Each 50
Burst
0

Graph 4.3 Extended Gilbert Loss Model in Single path
(Trace 3)

The mentioned tables and graphs give very interesting
results regarding the loss models. The results of the
research prove that Bernoulli model also provides
effective results as Extended Gilbert do, but for some

Packet Loss in Each Burst
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Graph 4.4 Bernoulli Loss Model in Multi-path

(Trace 3)
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Modeling of Packet Loss for Multi-path in

Trace3
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Graph 4.5 Extended Gilbert Loss Model in Multi-path
(Trace 3)

The Graphs of Trace3 for the single and multi-path
diversity demonstrate that the results of the expected
number of Packet Loss by the Extended Gilbert model are
very close to the actual loss of the packets only if the
number of single packet loss is high. If there is huge
number of packet loss with burst length more then one
creates under estimation by the Extended Gilbert model.
Thus the trace3 graphs prove that multi-path confers
better results.

Modedling of packet Loss
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Graph 4.6 Comparison of Loss Models in Single path
(Trace 6)
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Graph 4.7 Compaﬁson of Loss Models in Multi-path
(Trace 6)

The above mentioned results have also shown that the
implementation of multi-path diversity has given better
quality of service because we have very limited number
of actual packet loss. Therefore, the estimation of packet
loss using Extended Gilbert model is very near to the real
packet loss. The extended Gilbert model is better option
for estimating the packet loss specifically for multi-path,
as the burst length in multi-path diversity not exceeding
then two consecutive packet losses; also extended Gilbert
Model estimates the packet loss better then Bernoulli in
most of the scenarios.

It is better to use both packet loss models for estimating
the packet loss and delay while implementing them in
single path and multi path. But if the network is very
congested and there is huge probability of losing the
lengthy burst of packets in high frequency then Bernoulli
model estimates the packet loss more accurately as
compare to Extended Gilbert model, juts because
Bemoulli model always over estimates the packet loss.
Conversely, if the network is less congested and the
frequency of packet loss in each burst is limited then
Extended Gilbert model provides better results. As Multi-
path has less number of packet loss, therefore Extended
Gilbert always estimates the packet loss accurately.

5 Future Work

The research is based on the modeling of packet loss
using single path and multi-path phenomenon. We plan to
research that what will be the advantage of using FEC in
Multi-path diversity and its effect of the integration on
bandwidth and performance of network in terms of packet
loss. We have also plan to integrate both the loss models
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for the estimation of packet loss and see their
performance.
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