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Abstract

This thesis studies some jitter management algorithms for real-time applications.
These algorithms are executed at a destination node, and assume no knowledge of the
source characteristic or the impact of the network path characteristic. The work
mainly focuses on prediction algorithms that make use of the information of the
packets received in the past, and adjust buffer parameters in order to maintain certain
level of quality of service (QoS). Two algorithms are proposed, first, to apply the
least mean square method to predict the future packet interarrival time so that the
buffer parameters can be dynamically changed in order to adapt to the bursty network
traffic; second, to apply the fuzzy logic method on the buffer management to maintain
the gap probability within acceptable level while keep the latency as low as possible.
These two new algorithms have been evaluated using OPNET simulation and
compared with some other algorithms such as the I-policy and the E-policy. We
studied and discussed the tradeoff among the gap probability, average display latency,
and packet loss probability. Towards the end, we have also made some design
recommendations.

Keywords: jitter buffer management, prediction, fuzzy logic, performance

evaluation, display latency.
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Chapter 1

Introduction

Voice and real-time applications have several advantages when implemented on packet-
switched networks. Conventionally, they are handled very well in circuit-switched
networks. The call is set up first, and the required bandwidth is definitely reserved during
the call to ensure the toll quality. The delay and delay variability (known as jitter) are
bounded and can be predicted when under control. However, this approach is inefficient
and expensive. In comparison, packet-switched networks offer great features. First, data
compression can significantly reduce the bandwidth of voice transmission. The silence-
suppression can also avoid transmitting samples during silences, and reduce the required
bandwidth down to 60%. Second, packet-switched networks have a software-based
architecture that eases the development of new services and service configuration and
upgrade. Third, packet-switched networks not only bring more efficiency to but also
reduce the cost of the enterprises, by converging voice and real-time application with data
networks. Thus, enterprises can avoid leasing extra lines, reducellong-distance call, etc.
Definitely, due to its capability to efficiently utilize the exiting bandwidth to enhance
more unique features, voice over packet networks is proved to be promising and widely
accepted in telecommunications market.

Voice and other real-time applications on the networks are time critical.
Unfortunately the packet-switched network was originally created for data transmission,
not for real-time application. Several challenges must be overcome. Packet-switched

networks are packet-centered; each packet is sent from the source end, travels through the



network and reaches its destination. Data packets share the network, including the
switches and routers and buffers, etc. The more the packets in a network, i.e. as the load
of a network increases, the more contention each packet will encounter with the limited
network resources, such as router speed, link capacity, buffer size, etc. As a result,
packets may experience large delay and jitter. Packets may take different routes to the
destination, and this may cause the packets received at the destination to be out of
sequence, or even to be lost during transmission. Some applications, like FTP and E-mail
services, can tolerate considerable levels of delay and jitter. They are not time sensitive.
They can wait until the destination end receives everything correctly. If errors occur
during transmission, they can manage to re-transmit. Voice communications and
videoconference, on the other hand, are very sensitive on time. Packets are generated and
sent at a scheduled time. When they are received, the original scheduled rhythm must be
recovered and displayed. Any extra delay and jitter beyond the acceptable limit will
degrade the quality of service.

Jitter is an important factor that has an impact on the quality of the real-time
application. Ideally, each voice packet is sent at fixed intervals (for simplicity). They
travel trough the same network path, experience the same network delay, and upon
reaching the destination. They are immediately being displayed at the original fixed
interval. Hence the jitter is zero in an ideal case. However, as a packet network is shared,
data packets, and even voice packets from other traffic streams, may compete the same
transmission medium, router, switch, etc. As these resources are busy or occupied,
packets have to wait in the buffer until the resources are free. The waiting time is often

referred as queuing delay. This queuing delay, as the network becomes complicated, will

2



tend to be random and be difficult to predict. Also the CPU at the source and destination
may be busy on other applications, so the voice packet compression and decompression
time may be different for each packet. Overall the network environment brings the
uncertainty to the voice transmission. When voice or video packets are displayed at the
destination end, and even if a packet is late for its due time, a “gap” will occur, result in
loss of speech intelligibility.

As jitter is an important factor to the real-time application, the literature is
abundant with work on the study of jitter and its control. Existing work on combating

jitter is provided below along with other reviews.

1.1. Literature Review
Jitter, defined as the variation of delay, affects the quality of voice. There have been
different definitions of jitter: i) Instantaneous jitter [DeCh00], which is the absolute value
of the difference between the transfer delays of two adjacent packets. One variation
[FuLi98] is without the absolute value, with negative jitter representing a clustering of
packets and positive jitter representing a dispersion of packets. ii) Average jitter
[ScCa96), which is defined as a function of its previous sample value and the difference
of two packets’ transfer delays. iii) Peak-to-peak jitter [DeCh00], which is the maximum
transfer delay minus the minimum transfer delay during the test period. This is the ITU
definition [DeCh00). iv) Variance jitter [LaYa00], which is the variance of the transfer
delays.

Jitter may indicate that packets may arrive late. According to some algorithms

[NaK182], if the late packets arrive later than a tolerant limit, they should be considered
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as lost and discarded. So the playout stream will have gaps. Some other algorithms have
patience to wait for the late packets, but there are still gaps during waiting. This is
because voice has a nature to contain redundant information, and the small gaps may not
influence the intelligibility of the voice as perceived by the audience. Certainly the
quality of voice will degrade if too much gaps exist. The paper [CITa99] studied on the
effects of jitter on the perceptual quality of video, and it showed that jitter could degrade
perceptual quality nearly as much as packet loss did.

The jitter is mainly caused by the random delay occurred in the end-to-end delay.
The main factor is the queuing delay. Other factors like encoding delay, packetization
delay, processing delay can be neglected [KaTo01]. The literature is abundant with work
on the study of jitter and its controls. In general, they can be classified into three base
categories:

1. Source-based approaches:

These are usually used to avoid congestions, long end-to-end delays and large

jitter. It was recognized [HuPe00] that there was a time delay between the source

and the controlled target buffer in the ATM networks. A prediction method is

used to predict the ABR buffer future status, and control information is then fed

back to the source in order to change the sending rate. So the high link utilization

could be maintained, while keeping a fair resource allocation. The approach in

[CaCr96] allows the source end to select paths and servers based on the network

feedback information.

2. Network-based approaches:

These approaches are used to minimize delay jitter by reserving enough resources

4



in the network nodes so as (i) to provide guaranteed bounds on delay and delay
jitter, (ii) to apply a jitter recovery algorithm on video and voice streams, or (jii)
to reserve adequate but separate buffers for each stream at intermediate nodes
[EIEI196, ShYa9%9)].

There is another approach [BuV101] discussed under Differentiated
Services networks. Intermediate nodes would use the Weighted Fair Queuing
method to ensure the QoS. All voice packets are placed in a single buffer
dedicated to the voice traffic. The output rate of the voice buffer was related to the
weight in order to bound the queuing delays.

When the voice traffic shares a link with other traffic, non-preemptive
priority queues can be used at the intermediate nodes, to gave the voice packets
the highest priority [KaTo01]). The authors concluded that this type of priority
queue led to the best compromise between the bandwidth utilization and the
minimization of delay.

. Destination-based approaches:

To reduce the amount gap during playout, a common but simple operation is to
use a playout buffer, i.e. all the coming packets are buffered at the receiver for a
while before playing out. However this also introduces an extra buffer delay,
called the display latency. Obviously, there is a tradeoff in quality of service,
mainly between gap probability and display latency. In general, the longer the
packets are buffered, the less the gap probability, but the larger the display latency
and the longer the end-to-end delay which beyond certain point becomes

unacceptable in real time application.



There are two attractive algorithms [NaK182] for adjusting the tradeoff:
the I-Policy and the E-Policy. In the I-policy, a receiver starts to display at fixed
intervals after initial buffering. If a packet does not arrive, a gap results. Even
when the late packet arrives later on, it will be discarded (Ignored). On the other
hand, the receiver using the E-policy will wait for the late packet, and then
continue to display packets. All packets after the late arrival will be delayed
accordingly (Timing is Extended). Note that the I-Policy and the E-Policy fall
into the extreme ends of the tradeoff. Generally, the I-Policy has a larger gap
probability, but a smaller display latency, whereas this is reversed in the E-Policy.
There is another algorithm called Q-monitoring algorithm [StJe95], which falls
between the I-Policy and the E-Policy. The queue size is monitored when a pre-
defined threshold is reached, and the buffer will start discarding the oldest packet
in order to prevent the display latency from being too large. The control
mechanisms of the I-Policy, E-Policy and Q-monitoring are static. All parameters
are set and fixed during operation.

Beyond jitter controls, there have been many methods to control various aspects

of traffic. For example, a dynamic bandwidth allocation strategy [Adas98] had used Least

Mean Square method to predict the bandwidth requirement of the future frame. The

simulation results showed that by using this method, the queue size could be reduced, and

the network utilization could be increased between 190%-300%. For real-time VBR

traffic [ChSa98], a scheme using Least Mean Square method is presented. By predicting

the network traffic, this scheme could reduce the frequency of the bandwidth

reallocations and could increase the network utilization. The work [CaFi96] proposed an
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application of fuzzy logic in ATM source traffic policing. This approach guaranteed low
response time while remaining effective, as well as avoiding complex calculations. A
fuzzy logic based congestion avoidance scheme was described in [Qiu97]. Their
simulation showed the proposed fuzzy logic predictor outperformed the conventional
autoregressive predictor and improved the QoS of high-speed networks. However, there
does not appear any work of using fuzzy logic on the jitter control.

The buffer model of jitter management is usually modeled as FIFO (First-In-First-
Out) model [Bolo93, MaPa01, PiLa97]. The incoming traffic is sent to the queue where
the packets are held, and released to the output link later.

For the source traffic, [AbS094] investigated Gaussian and Poisson distributions.
Recently, wide area traffic was found to be more like self-similar [PaF195]. An analysis
of ATM buffer with self-similar input traffic was presented [LiTs95). Some evaluations

[HuPe00, StJe9S] employed actual trace data from a movie as the input of their studies.

1.2. Motivation of Research
A thorough jitter removal mechanism clearly requires control to be exercised at the
source node, the intermediate nodes, and the destination node. Ideally a reliable path for
the voice stream can be established so that traffic can be controlled when network load is
changing. However, in heterogeneous network such as Internet, it is practically
impossible or difficult to control the source of an application, not to mention the
unknown network environment. Therefore control at the destination end is intuitive and
natural. This thesis will focus on the destination end only.

The control mechanisms of I-Policy, E-Policy and Q-monitoring are static. All
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parameters are all set and kept no change during operation. We believe this will limit its
application on many scenarios when the network load is changing and motivate us to seek
more dynamic flavored algorithms in this thesis.

Voice packets are correlated, especially during congestion when several packets
suffer from the same large queuing delay. So at the destination end, previous and current
information of the packets may provide valuable information for future packets.
Therefore, prediction based algorithm is applicable to the destination based jitter buffer
management. We will present a prediction-based approach using the Least Mean Square
method to the jitter buffer management.

As a different paradigm, we would like to study a fuzzy control scheme. This is
because the amount of gaps (and their probability distribution), and the display latency
(also their probability distribution) have a fuzzy nature to different audience for different
applications. This fuzziness in voice quality leads us intuitively to apply the Fuzzy Logic
(FL) method on the jitter buffer management because FL is good at dealing with
imprecise but very descriptive language.

The use of jitter buffer will affect both the end-to-end delay and the gap. In order
to prevent gaps, a jitter buffer brings an extra delay to the audience, thus increasing the
end-to-end delay. Note that, the interactive nature of voice communication may be out of
rhythm if the end-to-end delay exceeds 400 milliseconds [ITU93)]. Therefore, the trade
off of the display latency and the gap probability needs to be studied. We also require
them to gauge the performance of our algorithms when compared with some benchmark-

algorithms.



1.3. Objectives and Approaches

In this thesis, we are interested in the algorithms that can only be applied at the jitter
buffer of the destination end. Specifically, we develop two new algorithms. The first one
is prediction-based, using the Least Mean Square method (LMS); the second one is Fuzzy
Logic based. We desire these algorithms to have the following characteristics:

1) simple to implement,

2) adaptive to the changing network traffic, and

3) better performance than existing algorithms under most network

environments.

To achieve these objectives, we first consider various practical network
environments where jitter might occur. Then we apply our algorithm of LMS and Fuzzy
Logic. In order to study and compare the results of the jitter buffer management, we
abstract the models for various networks and traffic from which we can translate later to
simulation models. Two simulation approaches are made. First, we develop programs of
the I-Policy, E-Policy and C language, and then use Matlab [Matl01] for the visual
demonstration. The second simulation tool is OPNET [Open01]. We will use the I-Policy
and E-Policy algorithms as benchmark-algorithms for the performance evaluation of the
proposed new algorithms. In addition, instead of measuring jitter, we choose gap
probability, average display latency, and loss probability as performance measurements.
Reasons are quite obvious. First, jitter only reveals variation of transfer delays of voice
stream, not the quality of the recovered voice stream. Since the key point of our
algorithms is to adaptively change the buffering to maintain a desirable voice quality, so
measuring the gap probability and the loss probability will be more direct and easier.
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Second, we think that the average display latency plays an important role in the
evaluation of a jitter buffer management algorithm because it reveals how long the extra
delay would be incurred if a buffer is introduced. For example, if an algorithm leads to a
very low gap probability (or jitter) but a very large latency, which is beyond the
acceptable level, we would say this algorithm is not a good algorithm.

We assume we have no knowledge about and control on the source and the
network. All our algorithms on jitter buffer management are only applied at the
destination node. Instead of using trace data, we have created voice traffic generator to
generate voice traffic based on the abstracted on-off model. Network models deal with
delays, and our model allows users to select the distribution function of the random
delays. We think this is the most effective way to control the scenarios of the network
because we can easily investigate the performance under different network environments.
Our algorithms are tested under the end-to-end, Ethernet, and tandem nodes network
environments. This is because Ethemet is almost ubiquitous, and the skeleton of the
model along with application is readily available. Tandem nodes network model is close
to the Internet telephony, which is an emerging technology. Simulations are made and the
results are compared with existing algorithms. We evaluate the performance of our new

algorithms and made comparison among them.

1.4. Contributions
The contributions of this thesis are:
1) The promotion on the use of destination-based approach: As discussed in Section

1.2, there are many scenarios in heterogeneous network environments that this is
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2)

3)

4)

5)

the only practical approach.

Using LMS as prediction algorithm for the jitter control: Although this method is
widely used on network management, its application on the jitter buffer
management at the destination only is new.

Proposal of Fuzzy Logic algorithm for improving jitter performance: To the best
of our limited knowledge on existing approaches, this is the first time to apply the
Fuzzy Logic method on the jitter buffer management at the destination end.
Formulation and coding of OPNET, C, and Matlab simulation programs: We have
done extensive work including debugging to accomplish our objectives and
approaches.

Comparison among the several algorithms in terms of performance in the gap
probability, the average display latency, and the loss probability: We have run
extensive simulations to test their performance mentioned on different network
environments, to be sure that the results are universal and applicable in the real

application.

1.5. Thesis Organization

Thesis is organized as follows: Chapter 2 discusses in details our network models,
simulations models and OPNET models. Assumptions are given as well. Chapter 3
defines two benchmark-algorithms, the I-Policy and the E-Policy in order to evaluate our
two algorithms. It also defines metrics on the performance evaluation of the jitter buffer
management in our study. Chapter 4 presents the Least Mean Square method in details,

including mathematical definition, the algorithm and the performance. Chapter 5 presents
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the Fuzzy Logic approach in details, including the mathematical definition, the algorithm
and the performance, and the procedures on how this algorithm manages the optimal
buffer size adaptively. Chapter 6 compares all the algorithms under different network

environments. Chapter 7 summarizes our contributions and discusses some future work.
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Chapter 2

Network Operation, Modeling and Definitions

In this chapter we present the models that will be used in later chapters. These include the
mathematical models, network models and node models, and the traffic models. We also
make several assumptions to simplify our study in order to focus our research on the key

issues in jitter buffer management.

2.1. End-to-end Model
An end-to-end model for voice stream can be represented by the components in Figure

2.1, the source node, the network, and the destination node. Each in turn can be modeled

differently as follows.

Figure 2.1. An end-to-end model.

1) Source node

In digital communication, analog voice is digitized using a vocoder. We shall use the on-
off mathematical model [JiSc00] for the voice traffic generated from such vocoder. In
this model, one talk session of a speaker alternates between two types of periods: the

active period and the idle period, as shown in Figure 2.2. During an active period, talk
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spurts (voice streams) are generated and chopped into fixed-length packets, before being
sent to the network. While in a silence period, there is no traffic will be generated,

therefore, no packet is sent to the network.

Figure 2.2. An on-off model for the voice traffic generator.

1L oL

Figure 2.3. A buffer at the destination.

2) Destination Node

We apply the jitter buffer management only at the destination nodes. As shown in Figure
2.3, the destination node can be represented by a simple buffer at which the buffer
algorithms are implemented, including existing algorithms and our new algorithms.
When arriving at the destination, all the packets are first stored in the buffer momentarily
for two purposes: to compensate for the jitter and to reorder any out-of-order packets.
Either after a pre-defined initial time or when the buffer size reaches a pre-defined initial

buffer size, whichever comes first, the station will start to display (play out) the packet
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according to the original timing from the source. If a packet is later than the scheduled
display time, a gap occurs, as exampled by packet 2 which has not been shown up in
Figure 2.3. (How to fill the gap is beyond the scope of this thesis.) After the last packet,
the node stops displaying and goes into the silence period. In real application, the node
may play some pre-defined noise to convince the audience that this is silence and not the
line is dropped. The jitter buffer uses a FIFO discipline.

3) Network

The network cloud in Figure 2.1 may represent different environments that may produce
different jitter statistics. In our study, we will use different models for evaluation.

a) Mathematical model: Here we ignore the implementation details of the network cloud
and represent mathematically the random delay experienced by a packet as it traverses
the network cloud. The quantity of the random delay can be described by a distribution
function. For example, we will use the exponential distribution and the Normal
distribution because they are commonly used.

b) Point-to-point model: Under the end-to-end network environment, random delays
come from the queuing time at various routers and switches along the path to the
destination. Here we simply use a point-to-point connection with random delays
generated and added to the arrival time of each packet to represent the network delay. Of
course, we also include the constant parts of the network delays.

c) Ethenet model: In this model, the random delays from the source node come from the
random access delays when a packet suffers a collision with other packets and has to be
retransmitted. Also there is waiting time until the transmission medium is idle. We

designate a source and a destination node in the network, and define reference traffic
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between them. Other nodes would just generate background traffic that come from
various applications like email, FTP, web browsing etc. The background nodes only
transmit data to each other (not to the reference nodes). An example is given in Section

2.2.1.3.

O—-ID—~ID —‘—{DJ—-ID O

——o  Raference

Figure 2.4. Tandem nodes network model.
d) Tandem node model: In this model given in Figure 2.4, each node can represent a real
node or a subnet. A voice packet would traverse on its way to the destination. The source
and the destination nodes construct reference voice traffic. Each intermediate tandem
node has its own background traffic, sharing the same buffer as the reference traffic. Thus
the reference voice packets will experience random queuing delays at each tandem nodes,
representing the interference effect from the cross traffic in different parts of the Internet.
Up to 12 nodes are used, as it is believed that this is the maximum one would go through

[LaYa00]. The buffers at each node conform to FIFO discipline.

2.2. Simulation Models

Due to the intractability of theoretical analysis of performance on the network model, we
have resorted to simulations as our analysis and evaluation tools. Two simulation tools
are used: the OPNET simulator, and the simulator based on C and MATLAB. OPNET

Modeler [Opne01] is widely used in network performance evaluation and analysis. It has
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comprehensive understanding of networking technologies and enables users to more
effectively design and deploy networks, provision services, diagnose network and
application performance problems, and predict the impact of network changes. It has
hierarchical network model structures that manage complex network topologies with sub-
network nesting. It has the capability to represent modeling details at different levels,
from the behavior of individual objects at the "Process Level” to "Node Level", “Network
Level” and “Project Level” [Opne01]. We have also used Matlab mainly because it can
integrate mathematical computing and visualization to provide a flexible environment for
technical computing. The open architecture makes it easy to use MATLAB to explore

data, visualize algorithms that provide early insights of the object [Matl01].

2.2.1 OPNET Models
There are three network models implemented by our OPNET simulation in order to
accomplish different network delay statistics:
A) End-to-end: this is a simple and general network model.
B) Ethemnet: this can be used in situations like office building, campus, residential
area, etc.
C) Tandem nodes: this has application to the Intemnet telephony.

All the algorithms are implemented under the same three network models.

2.2.1.1. Common Elements Used in OPNET Network Models
According to OPNET Modeler, a network model consists of node model(s). A node

model consists of process models. Before we give the details of the three network
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models, we first describe these common elements.

a) The Sender Node Process Model

Each sender node such as that in Figure 2.10 contains a traffic generator that generates
voice traffic and sends packets to the link. As shown in Figure 2.5, this generator
generates voice talk spurts based on the on-off model. Talk spurts are chopped into fixed-

size packets. It does not generate anything during silence period.

I
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Figure 2.5. OPNET process model for the traffic generator.

For simulation purpose, each packet has an extra header to indicate whether this
packet is the first or the last packet of the talk spurt, or something in between. So the
destination would trigger the playout mechanism if a packet were the first packet of the
talk spurt, and would stop displaying after the last packet. This extra header will not take
any processing time for both the sender and the receiver, as it is created only for the
simulation purpose.

By default, each packet has a creation time. So the destination end will use it to
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calculate and recover the original silence period between two talk spurts. This is
determined from the difference between the creation time of the first packet of a talk

spurt and the creation time of the last packet from the previous talk spurt.

b) The Network Delay Node Model

E @ E

" net_delay tx

Figure 2.6. OPNET node model for transfer delay.
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Figure 2.7. OPNET process model for transfer delay.

Figure 2.6 depicts a node model that can add network transfer delays on each
incoming packet, before sending it towards the destination. Only the end-to-end and the
tandem nodes network models utilize this node. In the Ethernet network model, the delay

comes from random access delay.

Figure 2.7 depicts the process model used within this node model. This is an

extension of the G/G/1 model program in the standard OPNET library. The added delay
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includes a constant delay and a random delay. The buffer size is usually set to a large
value so that no buffer overflow will occur, and FIFO (First-In-first-Out) discipline is
used. The link capacity is also set to be infinity to simplify the scenarios.

¢) The Receiver Node Model

B Ly &
sink

Figure 2.8. OPNET node model for receiver.

Figure 2.9. OPNET process model for the I-Policy.

Figure 2.8 depicts that the node model buffers the incoming packets, displays packets and
destroys packets. The process model in the “buffer” node is where all the key algorithms
studied in this thesis. It buffers and displays the incoming packets according to different
algorithms. After collecting the statistics, it sends the packets to the sink model for

destruction.

Four different process models are designed and coded corresponding to the four
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algorithms (the I-Policy, E-Policy, the LMS, and the FLA) in this thesis. Figure 2.9
shows the process model for the I-Policy as one example.

During simulation, we timestamp each packet after it arrives at the destination
buffer in order to calculate the extra time that a packet stays in the buffer before
displaying. The display latency is simply equal to the difference between the display time
and the arrival time of a packet.

Note that in the I-Policy algorithm, packets will be destroyed if it arrives later
than its due time. In the LMS algorithm, packets may also be destroyed before displaying
in order to reduce the buffer size request. This will keep the latency under an acceptable

level while maintaining the gaps under a tolerable level.

2.2.1.2. The End-to-end Network Model

Figure 2.10. OPNET network model.

Figure 2.10 depicts a network in which a “sender” node sends voice traffic in one
direction to the “receiver node”. The “net_delay” node model provides both a random
and a constant delay of the networks, before a packet reaches the “receiver” node. This is
implemented by the network delay node model mentioned in Section 2.2.1.1.b. After

being displayed, packets are destroyed at the “receiver” nodes. The only difference of

21



each algorithm is at the receiver’s “buffer” process model. A receiver model in Section

2.2.1.1 is implemented in the “receiver”.
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Figure 2.12. OPNET network model for Tandem nodes Scenario.

2.2.1.3. The Ethernet Network Model

Figure 2.11 depicts the Ethernet network model in our simulation. All the algorithms

have the same Ethernet network model. “node_0" and “node_7" are terminal stations set
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to be the source and destination nodes; they only send voice traffic (defined as reference
traffic) to each other, not to other workstations. Other workstations send traffic (defined

as background traffic) to each other only, neither to the source nor to the destination

nodes.

2.2.1.4. The Tandem Nodes Network Model

Figure 2.12 depicts the Tandem Nodes Model. There are 12 intermediate nodes
connected as series between two terminal nodes, the source node and the destination
node. Each intermediate node, net_delay i,i =0, 1, 2, 3, ...11, is implemented by a node
model mentioned in Section 2.2.1.1.b, and it provides both a random (due to the cross
traffic which shares the same buffer and server with the reference traffic) and a constant
delay of the networks, before a packet reaches the “receiver’ node. After being displayed,

packets are destroyed.

2.2.2. C and Matlab Model

In order to capture the behavior of the jitter buffer management, we have also developed
a C-program that generates voice packets at a source and sends them to a buffer at the
destination. Voice packets have constant packet size and inter-arrival time, and are
subjected to random transfer delays before arrival at the destination. At the destination,
three jitter buffer algorithms (the I-Policy, the E-Policy, and the Queue-Monitoring) are
implanted independently. During simulation, the program records the relevant
information of a certain talk spurt, which can be specified by users before simulation.
After simulation, users can use Matlab [Matl01] to plot a graph that contains the network

transfer delay, display latency, and gaps of each packet. Details are explained in the
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graph in Section 3.3.1.

2.3. Assumptions

We need assumptions to focus our investigations and evaluations. Generally, we assume
that we have no knowledge about the source and the network. All the algorithms are
implemented only at the destination nodes. Specifically, we further take the following
assumptions:

1. There is no packet loss when the packets travel through a network. However, at
the destination node, if the packet is later than a time limit, it will be considered as lost.

2. The data rates of all links are infinite. This is because OPNET allows all delays
to be summarized in the node process.

3. The buffer size at the destination is infinite because we want to simplify the
scenarios. The exception is the buffer size of the I-Policy, which is finite, and can be
decided by user.

4. In all the simulations of the thesis, it takes one time slot for the node to

display one packet.
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Chapter 3

Definitions and Benchmark

There is no well-acceptable method or standard, as far as this author knows, that would
allow one to determine which algorithm is better than others. A common practice to solve
this problem is to define a benchmark-algorithm as the reference standard, and then
compare our new algorithm against it. In this thesis, we have adopted the I-Policy and the
E-Policy as the benchmark-algorithms, and we shall give a brief description of them in
this chapter.

3.1. The I-Policy
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Figure 3.1. The I-Policy.
In the I-Policy, the initial buffer time is pre-defined and fixed for each talk spurts. After
the initial buffering, the destination node starts to display the voice packets with the
original timing. If a packet is late for the due display time, it will be considered as lost
and be discarded (Ignored), as shown by packet # 1 in Figure 3.1. Therefore, there is a
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gap at the time of display when that packet is absent. This algorithm is quite simple, and
it tries to maintain a constant end-to-end delay for all the packets within a talk spurt, this

is shown in Figure 3.3.

3.2. The E-Policy
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Figure 3.2. The E-Policy.
Like the I-Policy, the destination node starts to display the voice packets with the original
timing after the initial buffering. However, if a packet is late for the due display time, the
node will wait until it arrives. The following packets, if they come earlier will be delayed
as well. So the display timing is delayed (Extended). This is illustrated in packet # 1 of
Figure 3.2. Notice that there are gaps during the waiting time (i.e. time difference
between the actual display time and the scheduled display time of a voice packet). This
algorithm tries to maintain the information as much as possible. The drawback is that
waiting for a late packet will delay all the display time for subsequent packets. Especially

as more late packets it experienced, the larger display latency it will accumulate, and
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there is no mechanism to reduce the latency. As a result, the display latency is normally
larger than other two algorithms(detail comparison can be found in Section 3.4). The

good-point of this algorithm is that as the initial buffer time increases, there is less

probability it will experience gaps, as shown in Figure 3.3.
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Figure 3.3. Transfer Delays and Latency in the I-Policy,
E-Policy and Queue Monitoring.

3.3. The Queue Monitoring Algorithm
In the pursuit of better buffer algorithm, we have experimented with the Queue

Monitoring algorithm as an extension of the E-Policy. In this algorithm, if a packet is
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late, the node will wait until it arrives (as in the E-Policy). In order to prevent the
accumulation effect of the latency, this algorithm monitors the queue size of the buffer.
The idea is that when the queue size reaches a pre-defined threshold, the node starts to
discard the oldest packet in the buffer. In this way, it is able to maintain the level of the
queue size to be under the threshold. As a result, it prevents the display latency
(accumulated from the previous packets) from becoming too high, as shown in Figure

3.3. On the other hand, it may experience more gaps than the E-Policy.

3.4. Performance Comparison

We have implemented the I-Policy, E-Policy, Queue Monitoring and a display program
in C-language in order to compare their performance. In this experiment, a sender node
sends voice traffic to a receiver node and each voice packet experiences a network delay
during transmission. The probability density function of the network delay has a Normal
distribution; we have chosen a mean of 20.0 ms, a standard deviation of 20.0 ms, an
initial buffer time of 20.0 ms. The buffer size of the I-Policy is 4800 bits, and the buffer
size of both the E-Policy and the Queue Monitoring are set to infinity. Finally, the queue
threshold in Queue Monitoring is 3 packets. The experiment’s visual results are shown in
Figure 3.3, and the numerical results are presented in Table 3.1.

The graphs of Figure 3.3 capture each packet’s network delay and display latency,
as well as the gap occurrences. The black bars represent network delays and the yellow
(shown as gray in black and white print) bars represent the display latencies. If a bar is
absent (blank), it means a packet is missing (discarded) and a gap has occurred. Notice

that sometimes a black bar is taller than its previous bar (black and yellow together), it
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also indicates that there is a gap, and the length of gap (measured in millisecond) equals
to the difference between the taller one and the shorter one.

Table 3.1. Performance Comparison of the I-Policy, E-Policy and Queue Monitoring
Algorithms in term of Gap probability, Average Display Latency

and Loss Probability.
(* Packets destroyed in the E-Policy are 0 because we assume an infinite buffer size and we will receive all
packets sooner or later.)
GAP A A LOSS
PROBABILITY LATENCY PROBABILITY

I-Policy 8.08% 27.46 ms 3.82%

E-Policy 2.07% 38.28 ms 0=

Queue
Monitoring 2.60% 3332 ms 1.39%

The simulation results reflect the fact that the I-Policy and the E-Policy fall the
extreme ends of the performance in term of gap probability, average display latency and
loss probability. The Queue Monitoring Algorithm falls between the I-Policy and the E-
Policy. Because Queue Monitoring starts discarding packets when the queue size reaches
the threshold, the queue size and the display latency are reduced. However, as a tradeofT,
the loss probability and the gap probability increase. This experiment demonstrates that
the I-Policy and the E-Policy are suitable as benchmark for our further evaluations of new

algorithms.
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3.5. Gaps

We define gap here to be the omission of information at a time when it is expected. As
we study the causes of gaps, we found that there exist three types of gaps during the
display operation of voice packets. These are shown in Figure 3.4. They have different
properties and natures, and therefore, worth to be understood as they all contribute to the

intelligibility of the recovered information (i.e. voice).

Abseat gap HRDER

Skipping gap | k1 | kv ] ]

Figure 3.4. Three types of gaps are defined in this thesis.

1) Absent gaps: This can be found in the I-Policy. As shown in Figure 3.4, when packets
k-1, k, k +1 are supposed to be displayed. However, packet & is late for its due display
time and this late packet is discarded. So when the node starts to display packet &, a gap
occurs. The length of this gap is T (e.g. 20 ms), which is the scheduled displaying
interval in the de-codec algorithm. If the time is slotted, and each unit is T, then one late
packet will introduce only one absent gap. Conversely, one absent gap represents only
one lost packet.

2) Waiting gaps: If we use the same example above in the E-Policy, the node will wait for
the late packet k until it arrives. During this waiting time, which may be longer than

T (depending on how late it is), there may be gap(s). So one waiting gap will span at least
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one time slot. If one packet takes one slot, then the total number of slots actually used for
displaying voice packets may be larger than the total number of packets. These
differences represent the number of waiting gaps, because the E-Policy has extended the
display timing. For example, there are 2 slots of waiting gaps occurred as the node waits
for late coming packet & in Figure 3.4.

3) Skipping gaps: Again, we use the same example above in the Queue Monitoring
algorithm. Suppose the node is displaying packetk —1, and at this time the queue size has
reached the threshold. Be definition, one packet has to be discarded, which is the oldest
packet k in the buffer. Then after finishing displaying & -1, the node will display k +1,
while skipping k.

In [StJe95], the authors claimed that the audience would not notice the difference,
and they therefore did not count skipping gaps as gaps. This is only true when skipping
gaps are few, but when the skipping gaps are many, we must account for them in some
way. The more information is lost, the more the quality of voice will be degraded. Qur
thesis therefore introduces the packet loss probability as a performance measure, and we

evaluate it in all our simulations.

3.5.1. Gap Measurement

Since we assume one time slot is required to display one packet (Section 2.3), we can

define gap probabilityA G, to be:

Total number of gap slots
Total number of displaying slots

Gap probability(G ,,,,) = . We shall express all gap

probabilities in percentage. Take Figure 3.3 as an example, the gap probabilities of the I-
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Policy and the E-Policy are 8.08%, and 2.07% respectively. Note that only absent gaps
and waiting gaps are counted as gaps. Under the same environment, if algorithm A has a

lower gap probability than B, we say A outperforms B in gap probability.

3.6. Average Display Latency

We shall define the average display latency L, of packet ktobe L, = D, — 4, , where D,

is departure time of packet & from, and A4, is its arrival time to the buffer. So the

2L

average display latency can be computed as: L = -=—, where m is the total number of
m

packets that have been successfully displayed. (m # 0). Under the same environment, if
algorithm A has a lower average latency than B, we say A outperforms B on average

latency.

3.7. Loss Probability

We shall define the loss probability of a sessionto be L, = Total:t.:c;zrdedk:: ackets .
otal packets

Under the same environment, if algorithm A has a lower loss probability than B, we say

A outperforms B on loss probability.

3.8. Initial Buffer Time/Size Thresholds
We shall define the initial buffer time threshold B, to be B, = T, — T, where T is the time
that the node receives the first incoming packet (may not be packet-1), and 7, is the time

that the node starts to display packet-1. Similarly the initial buffer size threshold is
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defined as the queue size of the buffer before the node would start to display packet-1.
When the initial buffer time or the initial buffer size reaches its predefined threshold,

whichever comes first, the node immediately starts to display the packets.
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Chapter 4

The Least Mean Square Method

The performance of both the E- and I-Policies suffer from using fixed buffering during
the entire talk session. To address the above problems, we need a mechanism that can
dynamically adjust the buffer scheme, not only to keep the gap probability to an
acceptable level, but also to maintain the latency under a maximum bound as required by
real time applications. In this chapter, we shall study the Least Mean Square (LMS)
method because LMS prediction can be used as an on-line algorithm for forecasting time
intervals. We shall give the mathematical formulation and then present the procedures
and flowchart of how the LMS predictor works. Finally, we evaluate the LMS algorithm

using OPNET simulations.

4.1 Mathematical Formulation

In both the I-Policy and the E-Policy, the initial buffering (either in unit packet size or
time millisecond) is fixed during a talk session. This has led to some undesirable
subsequences. Under the I-Policy, if the initial buffered packets are not enough, and if the
packets’ incoming rate is lower than their outgoing rate, the playout buffer will become
empty and therefore a large gap probability will occur. Under the E-Policy, although the
buffer size may be inéreased for late packets, there is no mechanism to reduce the queue
size. As a result, the packets that follow will suffer unnecessarily large latency. The

larger buffer size and longer end-to-end delay are both undesirable to real time
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application.

The LMS (Least Mean Square) method has been widely used in prediction
because of its simplicity and effectiveness. A k-step and pth-order least mean square

linear prediction can be implemented by the equation [HaykOl]:

-1
y(n+k)= 2 w(l)x(n-1). In this thesis x(n) are observed values of the interarrival time

=0
of the packets, y(n) are predicted values of the interarrival time of future packets, and
w(l), for /=0, 1, 2,..., p-1, are the prediction filter coefficients. In our study, we use one-
step prediction (i.e. kK =1), and w(l) are the time varying prediction coefficients for the
interarrival time of each packet. The optimal linear predictor in the mean square sense is

the one that minimizes the mean square error £ = E{e(n)*}, where e(n) is the difference

between an observed value and its predicted value. Each e(n) sample will be fed back to

adapt the filter coefficients in order to decrease the mean square error.

4.2. The Queuing Model and Assumption

Predict
Predicter
Paint
anviral
— Displyw
Buffer

Figure 4.1. The prediction mechanism in LMS.
To apply this mechanism, we first assume that the network traffic is predictable, i.e.

future traffic values can be correlated to current and past values. Secondly, due to the
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nature of most real time application, user can tolerate a small packet loss percentage.
Therefore, some packets that are already in the buffer might be skipped and discarded in
order to reduce the queue size and the display latency of subsequent packets. Here we
apply the LMS algorithm at the destination end only as mentioned in the Introduction.
We assume we are not able to control or get the information about the network except
that about the receiver. The schematic diagram of this prediction mechanism
implemented on a queue is depicted in Figure 4.1.

The model consists of one queue (buffer), one server (displayer), and one
controller (predictor). An incoming packet is held in the buffer when the displayer is
displaying a packet (i.e. the server is busy). Otherwise, it will enter the server to be
displayed directly. The queue capacity is assumed infinite, and FIFO queuing discipline
is used. When the displayer enters its displaying mode, the service rate is fixed due to the
fixed packets size and a constant processing rate. If the queue size reaches a predefined
threshold, the predictor is triggered to predict the next packet interarrival time. If this
prediction value were smaller than a threshold value (i.e. the packet is ahead of schedule,
and the queue size will still increase), then the displayer will discard the oldest packet in
the buffer. As a result, the displayer should skip the discarded packet and display the next

available packet in the buffer.

4.3. The LMS Algorithm
The LMS algorithm consists of four basic processes:
1. A triggering process, which triggers the LMS algorithm. The queue size Q is

monitored when the packets arrive and be sent at the buffer, if the buffer size reaches
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the threshold O, then this will trigger the LMS algorithm to make prediction and

action.

Staxt

BufTering packets

No

o4

Yes

e
Q : Buffer size

L, : Initial buffer size

LMS padicts next T : Simulstion time
packet’s irder-arrival time Boil tiel buffes time
d :Predicted next
No packet’s inter-arrival
time
D, : Inter-arrival time
threshold
©p : Queue threshold
Discarding the aldest
packets i the bufTer

Figure 4.2. Flowchart of LMS algorithm for a talk spurt.



2.

A prediction process, which involves (i) computing the next packet’s interarrival time
d , from the current and the previous packets’ interarrival time, and (ii) comparing the
computed value with a pre-defined threshold D, .

A packet-discarding process, which discards the oldest packet in the buffer if the
result predicted is less than the threshold (D, ), i.e. the prediction shows that the next
packet will come earlier than expected. So discarding one packet in the buffer will
keep the queue size under the threshold. Whereas if the predicted result is larger than
the threshold, the coming packet is buffered and no packet is discard.

An adaptive process, which involves updating the coefficients w(n) automatically in

accordance with the estimation error.

The flow chart of the algorithm is given in Figure 4.2, and more mathematical

details of the steps are the following:

1)

2)

Start with an initial estimate of the filter (prediction) coefficients w(0).
For each new data point of the queue length, compute V¢ = —2E{e(n)x(n)}, where
x(n) is a sequence of observed values. In simulation, these statistics are not known

and may change with time. Therefore, the expectation operation £ is replaced by an

estimate. In our investigation, we use the simplest estimate of one point sample

average of e(n)x(n), i.e. lie(z’)x(i).

i=l
Update w(n)by taking a step of size 0.5 u, (u is a constant, normally called as step-
size or learning rate, it determines how fast the iterations reach the bottom of the

performance surface) in the negative gradient direction. This will point the prediction
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to the bottom of the performance surface. Mathematically [Hayko01],

w(n+1)=w(n)+0.5uV¢

w(n +1) = win) + ue(n)x(n).
4.4. Performance Evaluation
Simulation program were written to evaluate our LMS algorithm. They were run on a PC
with a Pentium III 1GHz CPU and 1 G byte memory. The operation system is Windows
2000 Professional. The release version of OPNET modeler is 7.0.B (Build 1109). A
typical simulation run collects the statistics of about 66800 packets, and it takes about 10
minutes to run.

In our experiments, the packet interarrival time is constant at 0.02 second, and the

packet size is constant at 1280 bits. The talk spurt interarrival time (i.e. silence period) is
exponentially distributed with a mean of 0.65s, and the talk spurt size is exponentially

distributed with a mean of 22400 bits. The initial buffer time B, has a default value of
0.15 s, but it can be promoted (i.e. changed before each simulation). We systematically
vary the initial buffer sizes L, from 2 to 9 packets in steps of 1 in most experiments. The
interval threshold D, is set to 0.02 second and is fixed in all simulations because we have
designed it to be equal to the packet interarrival time of the source node. The queue
threshold O, has a default value of 5 packets, but can also be promoted. The step-size u
is set to be constant at 0.05, and the order parameter pissettobeS.

In the end-to-end scenario, the constant network delay component is 6 ms and the

random network delay component is exponentially distributed with a mean of 15ms. In

the tandem nodes scenario, the delay of each tandem node has a constant component of
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0.1 ms and a random component that is exponentially distributed with a mean of Ims.

We have also obtained 95% confidence intervals to verify the sanity of our
simulations. But due to the amount of simulations, we did this test (Alpha = 0.05) on a
few scenarios. A typical 95% confidence intervals performance curve with 8 points (each
with 11 samples) takes about 15 hours. Figure 4.3 is an example of the loss probability
versus initial buffer size. Each simulation point is obtained as an average of 11 simulation
runs. As one can see, the 95% confidence intervals bounded by the dotted lines (----) are

small compared with the mean, thus indicating the accuracy of our simulations.

0.075
007
0.065
0.06
0.055
0.05
0.045
0.04
0.035

Loss probability (%)

2 3 4 5 6 7 8 9 10
initial buffer size (packets)

Figure 4.3. Loss probability performance and the 95% confidence interval.

4.4.1. Gap Probability Performance

In this section, we present the gap probability performance (defined in Section 3.5.1) of
the end-to-end model, the Ethernet model and the tandem nodes model. We have
observed that in all these models the gap probability of LMS is a decreasing function of

the initial buffer size, e.g. the Q, = 3 curve in Figure 4.4. This result is expected because

the more packets are buffered, the less chance the receivers will run out of packets,
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hence, the smaller the gap probability. In the extreme when the initial buffer size is very
large and all packets are buffered, there is no chance for the displayer to experience a
gap.

4.4.1.1. The End-to-end Model

The OPNET model of this end-to-end model has been discussed in the Section 2.2.1.2.

A. Effect of the Queue Threshold Q,

0.02 |

2 3 4 5 6 7 8 9

|
§
|
| Initial buffer size (packet)
{

Figure 4.4. Gap probability vs. initial buffer size with different
queue threshold values in the end-to-end scenario of LMS.

We have run simulations to reveal the dependency of the LMS performance on the queue

threshold Q,. Figure 4.4 depicts a system with B = 0.15s. Under the end-to-end scenario,

one can see that the queue threshold has impact on the gap probability. For a fixed initial

buffer size L, as the queue threshold values get larger, the gap probabilities become
smaller. This is because when the threshold value Q, becomes larger, more packets can

be buffered before discarding would occur. Therefore there is less probability for a gap.
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We also notice that when the threshold values are very large, like @, = 7 and 9 packets,

their gap probability performance are very close because the actual queue sizes seldom
reach such queue thresholds.

B. Effect of the Initial Buffer Time B,

0.14T i
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S 0.08 i—ﬁ—ao*o.“‘”
5 |=»—B80=008s ||
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|=O—B0=012s :!
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2 3 4 5 6 7 8 9
Initial buffer size (packet)

Figure 4.5. Gap probability vs. initial buffer size with different
initial buffer time values in the end-to-end scenario of LMS.

We have run simulations to reveal the dependency of the LMS performance on the initial
buffer time B,. Figure 4.5 depicts that under the end-to-end scenario, the gap probability
is a decreasing function of the initial buffer size. It also depicts the trend that when the
initial buffer time increases, the gap probability of LMS decreases. This is as expected
because when the initial buffer time is large, more packet are buffered, so less probability
the node will experience a gap. We also observe that as the initial buffer time is small
(e.g. B,= 0.02s), the gap probability drops slightly only, and remains constant even when
the initial buffer size increases. This is because the initial buffer time is reached first and

the node starts to playout packet. In this case, increasing the initial buffer size has no
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impact on the gap probability any more.

4.4.1.2. The Ethernet Model

The OPNET model of this Ethernet model has been discussed in the Section 2.2.1.3.

A. Effect of the Queue Threshold Q,
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2 3 4 S 6 7 8 9
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Figure 4.6. Gap probability vs. initial buffer size with different queue threshold
values in the Ethernet scenario of the LMS.
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Figure 4.7. Gap probability vs. initial buffer size with different initial buffer time
values in the Ethernet scenario of the LMS.

Figure 4.6 considers a system with B, = 0.15 s. Since all B, performance curves all
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close to each other, we conclude that the queue threshold has less impact on the gap
probability under the Ethemet scenario. This is because the actual queue size is small and
seldom reaches the queue threshold.

B. Effect of the Initial Buffer Time B,
Figure 4.7 considers a system with O, = 5 packets under the Ethemet model. Although it

depicts the trend that when the initial buffer time increases the gap probability of LMS
decreases, however, simulations show that this impact is limited when compared with the

one in the end-to-end model. This is because the actual queue size is small and B, is

seldom reached.

4.4.1.3. The Tandem Nodes Model

The OPNET model of this tandem nodes model has been discussed in the Section 2.2.1.4.

A. Effect of the Queue Threshold Q
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e 2 o
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Initial buffer size (packet)
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Figure 4.8. Gap probability vs. initial buffer size with different queue threshold
values in tandem nodes scenario of the LMS.

Figure 4.8 considers a system with B, = 0.15 s. We observe that, the queue threshold in
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this model has less impact on the gap probability performance when compared with the
end-to-end model. This is because the actual queue size is small and seldom reaches the
queue threshold.

B. Effect of the Initial Buffer Time B,
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Figure 4. 9. Gap probability vs. initial buffer size with different initial buffer time
values of LMS under tandem nodes scenario.

Figure 4.9 considers a system with O, =5 packets under the tandem nodes model. It
depicts that the initial buffer time has a less impact on the gap probability under the
tandem nodes model contrasted with the one under the end-to-end model. This is because

the actual queue size is small and B, is seldom reached.

4.4.2. Average Display Latency

In this section, we present the average display latency performance (defined in Section
3.6) of the end-to-end model, the Ethernet model and the tandem nodes model. We have
observed that in all these models the average display latency of LMS is an increasing

function of the initial buffer size, e.g. the g, =9 curve in Figure 4.10. This is as expected
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because as more packets are buffered, on average, packets will stay longer in the buffer

before displaying.
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Figure 4.10. Average display latency vs. initial buffer size with different queue
threshold values in the end-to-end scenario of LMS.
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Figure 4.11. Average display latency vs. initial buffer size with different initial
buffer time values in the end-to-end scenario of LMS.

4.4.2.1. The End-to-end Model

The OPNET model of this end-to-end model has been discussed in the Section 2.2.1.2.

A. Effect of the Queue Threshold Q
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Figure 4.10 considers a system with R, = 0.15s. It depicts that under the end-to-end

scenario, as the queue threshold increases (for a fixed L)), the average latency also
increases. This is because when the queue threshold is large, the actual queue size is also
allowed to be large, so the latency is large. However, as the initial buffer size is small
(e.g. L, = 2, and 3 in Figure 4.10), this effect is not obvious because the actual queue
size seldom reaches the threshold. For this case, increasing the queue threshold will not
affect the average display latency. This is clearly illustrated in Figure 4.10.

B. Effect of the Initial Buffer Time B,

Figure 4.11 considers a system with Q, =5 packets in the end-to-end scenario. It depicts
the trend that when the initial buffer time increases, the average display latency of LMS
increases. This is as expected because when the initial buffer time is large, more packet
are buffered, and on average, the packets will stay longer in the buffer. We also observe
that as the initial buffer time is small (e.g. B = 0.02 and 0.04 seconds), the average
display latency remains almost constant even when the initial buffer size increases. This
is because the initial buffer time is reached first and the node starts to playout packet. So
in this case, to increasing the initial buffer size has no impact on the average display

latency.

4.4.2.2. The Ethernet Model

The OPNET model of this Ethernet model has been discussed in the Section 2.2.1.3.

A. Effect of the Queue Threshold Q,
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Initial buffer size (packet)

Figure 4.12. Average display latency vs. initial buffer size with different queue
threshold values in Ethernet scenario of the LMS.

Figure 4.12 considers a system with B, = 0.15s. It depicts that under Ethernet scenario,

the queue threshold of LMS has an impact on the average display latency. When the
queue threshold is large, the latency is also large. This is as expected because as the
threshold value is large, the queue size of the buffer is allowed to be large. Therefore, on

average each packet will stay longer in the buffer before displaying.
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Figure 4.13. Average display latency vs. initial buffer size with different initial
buffer time values in the Ethernet scenario of the LMS.
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B. Effect of the Initial Buffer Time B,
Figure 4.13 considers a system with Q, = 5 packets under the Ethernet model. It depicts

the trend that when the initial buffer time increases, the average display latency of LMS

increases. We also observe that as the initial buffer time is small (e.g. B =0.02 seconds),

the average display latency remains almost constant even when the initial buffer size

increases. This is because the initial buffer time is reached first and the displayer starts to

playout packet.
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Figure 4.14. Average latency vs. initial buffer size with different queue threshold
values under the tandem nodes scenario of the LMS.

4.4.2.3. The Tandem Nodes Model
The OPNET model of this Ethernet model has been discussed in the Section 2.2.1.4.

A. Effect of the Queue threshold Q,

Figure 4.14 considers a system with 0o =5 packets under the tandem nodes scenario. It
depicts that the threshold value Q, of LMS has an impact on the average display latency.

When the threshold value is large, the latency is also large. This is also as expected
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because as the threshold value is large, the queue size of the buffer is allowed to be large.
Therefore, on average each packet will stay longer in the buffer before displaying.

B. Effect of the Initial Buffer Time B,
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Figure 4.15. Average display latency vs. initial buffer size with different initial
buffer time values under the tandem nodes scenario of the LMS.

Figure 4.15 considers a system with O, =S packets. It depicts the trend that when the
initial buffer time increases, the average display latency of LMS increases. We also
observe that as the initial buffer time is small (e.g. B, = 0.02 seconds), the average
display latency remains almost constant even when the initial buffer size increases. This

is because the initial buffer time is reached first and the node starts to playout packet.

4.4.3. Loss Probability

In this section, we present the loss probability performance (defined in Section 3.7) of the
end-to-end model, the Ethernet model and the tandem nodes model. We have observed
that in all these models the loss probability of LMS is an increasing function of the initial

buffer size, e.g. @ = 3 curve in Figure 4.16. This is as expected because as more packets
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are buffered, more probabilities that the queue size reaches the queue threshold.
Therefore, a displayer has to discard more packets by the algorithm, as a result,

increasing the loss probability.

4.4.3.1. The End-to-end Model
The OPNET model of this end-to-end model has been discussed in the Section 2.2.1.2.

A. Effect of the Queue Threshold Q,
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Figure 4.16. Loss probability vs. initial buffer size with different queue threshold
values in the end-to-end scenario of the LMS.

Figure 4.16 considers a system with B = 0.15 s. It depicts that under the end-to-end

scenario, the queue threshold values have an impact on the loss probability. Generally,
when the threshold value is large, the loss probability is small. This is as expected
because for a given initial buffer size, as the queue threshold value is larger, a larger
queue size is permitted. As a result, the node needs to discard fewer packets to keep the
queue size below the threshold.

B. Effect of the Initial Buffer Time B
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Figure 4.17. Loss probability vs. initial buffer size with different initial buffer time
values in the end-to-end scenario of the LMS.

Figure 4.17 considers a system with @, =5 packets. It depicts the trend that when the

initial buffer time increases, the loss probability of the LMS increases. This is as expected
because when the initial buffer time is large, more packet are buffered, so more

probability that the queue size reaches the threshold. Therefore, the node will discard
more packets. We also observe that as the initial buffer time is small (e.g. B, = 0.02, 0.04,

0.06, and 0.08 seconds), the loss probability remains constant even when the initial buffer
size increases. This is because the initial buffer time is reached first and the node starts to

playout packet. In this case, to increase the initial buffer size has no impact on the loss

probability.

4.4.3.2. The Ethernet Model

The OPNET model of this Ethemet model has been discussed in the Section 2.2.1.3.

A, Effect of the Queue Threshold O,
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Figure 4.18. Loss probability vs. initial buffer size with different queue threshold
values under the Ethernet scenario of the LMS.
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Figure 4.19. Loss probability vs. initial buffer size with different initial buffer time
values under the Ethernet scenario of the LMS.

Figure 4.18 considers a system with B, = 0.15 s. It depicts that under the Ethemnet

scenario, the queue threshold values have impact on the loss probability. Generally, when
the threshold value is large, the loss probability is small. This is as expected because for a
given initial buffer size, the larger the queue threshold value, the larger is the queue size

permitted, so the node needs to discard fewer packets (even no packet, e.g. @ = 9 packets

S3



in Figure 4.18) to keep the queue size below the threshold.

B. Effect of the Initial Buffer Time B,

Figure 4.19 considers a system with Q, =5 packets under the Ethemet scenario. It
depicts the trend that when the initial buffer time increases, the loss probability of LMS
increases. The reasons are the same as described under end-to-end scenario. We also
observe that as the initial buffer time is small (e.g. B = 0.02, 0.04, 0.06, and 0.08
seconds), the loss probability remains zero as the initial buffer size increases. This is
because the initial buffer time is reached first and the queue sizes never reach the

thresholds (Q, =5 in this case) so the node never discards any packet.

(—0—Q0=3:
|—0—Q0=5:
——Q0 =7
|—-Q0=9"

Loss probability

2 3 4 S 6 7 8 9
Initial buffer size (packet)

Figure 4.20. Loss probability vs. initial buffer size with different queue threshold
values under the tandem nodes scenario of the LMS.

4.4.3.3. The Tandem Nodes Model
The OPNET model of this Ethemet model has been discussed in the Section 2.2.1.4,

A. Effect of the Queue threshold Q

Figure 4.20 considers a system with B = 0.15 s. It depicts that under the tandem nodes
scenario, the queue threshold values have impact on the loss probability. Generally, when
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the queue threshold value is large, the loss probability is small. This is as expected
because for a given initial buffer size, the larger the queue threshold value, the larger is

the queue size permitted, so the node needs to discard fewer packets (even no packet as

Q, =9 packets in Figure 4.20) to keep the queue size below the threshold.
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Figure 4.21. Loss probability vs. initial buffer size with different initial buffer time
values in the tandem nodes scenario of the LMS.

B. Effect of the Initial Buffer Time B,
Figure 4.21 considers a system with Q, =5 packets under tandem nodes scenario. It

depicts the trend that when the initial buffer time increases, the loss probability of LMS
increases. The reasons are the same as described under end-to-end scenario. We also
observe that as the initial buffer time is small (e.g. B = 0.02, 0.04, 0.06, and 0.08
seconds), the loss probability remains zero as the initial buffer size increases. This is
because the initial buffer time is reached first and the queue sizes never reach the

thresholds (Q, =5 in this case) so the node never discards any packet.
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4.5. Concluding Remarks

Based on the simulation results, we conclude that the gap probability of LMS is a

decreasing function of the initial buffer size. The queue threshold @ has impact on the

gap probability. As the queue threshold values are large, the gap probabilities are small.

The initial buffer time B, also has impact on the gap probability. As it increases, the gap

probability of LMS decreases. Also as the initial buffer time is small, the gap probability
drops slowly and remains constant even when the initial buffer size increases. This is
because the initial buffer time is reached first and the node starts to playout packet, so in
this case, to increasing the initial buffer size has no impact on the gap probability. Note
that the gap probability of the LMS in the end-to-end model is larger than the ones in the
Ethernet and tandem nodes models. This is because in the end-to-end model, the network
delay is set larger than the ones in the other two models. As a result, there is a larger end-
to-end delay variation in the end-to-end model, and therefore a larger gap probability.

We can also conclude that the average display latency is an increasing function of
the initial buffer size. Increasing the queue threshold or the initial buffer time will lead to
the increasing the average display latency. We also observe that as the initial buffer time

is small (e.g. B, = 0.02 seconds), the average display latency remains almost constant

even when the initial buffer size increases. This is because the initial buffer time is
reached first and the node starts to playout packet. Note that the average display latency
of the LMS in the erid-to-end model is larger than the ones in the Ethernet and tandem
nodes models. This is because in the end-to-end model, the network delay is set larger

than the ones in the other two models. As a result, the receiver node in the end-to-end
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model has to wait longer to buffer enough packets, and therefore there is a larger average
display latency.

Finally, we conclude that as either the initial buffer size or the initial buffer time
increases, the loss probability of LMS increases. As the initial buffer time is small, the
loss probability remains zero even as the initial buffer size increases. This is because the
initial buffer time is reached first and the queue sizes never reach the thresholds, so the
node never discards any packet. The queue threshold values also have impact on the loss

probability that as it increases, the loss probability decreases (the minimum is zero).
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Chapter §

The Fuzzy Logic Method

We would like to investigate the fuzzy logic method here as a different paradigm
approach. Fuzzy logic is widely used in the industry since it is very similar to the human
control logic. We apply the Fuzzy Logic Algorithm (FLA) at the destination end to
control the level of the buffer size at its optimum level. In this chapter, we shall give the
mathematical definitions of the method to solve our problem. Then we explain the
procedures and the flowchart of the operation of the fuzzy logic controller. Finally, we
use OPNET simulations to evaluate our fuzzy logic algorithm against benchmark-

algorithms.

5.1. General Operation and Definitions

Our Fuzzy logic controller consists of three processes:

1. A Fuzzification process, which is a mapping process that converts the measured input
values (e.g. gap probability) to the fuzzy set of linguistic input values (e.g. “small”).

2. An inference process, which is a rule-based structure that defines the fuzzy output
(e.g. “Positive™) in response to the linguistic fuzzy inputs (e.g. “small”).

3. A defuzzification process, which calculates the crisp output (e.g. to increase initial
buffer time by 34.52%) in response to the outputs from the inference process (e.g.
“Positive”).

We shall define three membership functions to be used later. The first two are
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input membership functions. They are called the “buffer size error”, and the “buffer size
error rate”, and as shown in Figure 5.1 and Figure 5.2 respectively. The third one is an
output membership function called the “Initial buffer size adjustment” as shown in Figure
5.3. Associated with each function is a set of “linguistic values” called the fuzzy
variables. “For simplicity, we shall use the triangles to represent the membership

functions, and give the details of each one of them below.

o
N

0.75
Small Large

0.25

0 >
M o 3 M Gapprobability error
4

Figure 5.1. The “buffer size error” membership function.

5.1.1. The “Buffer Size Error” Membership Function

Let X1 be a fuzzy variable, and L(X1) be the set of fuzzy variables. We also define the
output value & €[0,1] along the ordinate to be the degree of membership of a certain
element in the fuzzy set L(X1). For example, the fuzzy set L(X1) in Figure 5.1 contains 3
fuzzy variables, i.e. L(X1) = { Small (S),0k (O), Large (L) }. The fuzzy variable “Small”
indicates that the initial buffer size is too small. “OK” indicates that the initial buffer size

is good and there is no need to change it while “Large” indicates that the initial buffer
size is large. In Figure 5.1, the horizontal axis is the input parameter B , which is the gap
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probability error and defined as the difference between the target gap probability and the

measured gap probability. The parameter M is the pre-defined positive threshold. The
function defines the degree of membership (0 < J <1) of each member for a certain 3 .
For example, as shown in Figure 5.1, when b = %M , we can get d =0, 0.25, and 0.75 as
the degrees of the membership of “Small”, “OK”, and “Large”, respectively.

AT

Getting smaller

>
K 0 K Gap probability error rate

Figure 5.2. The “buffer size error rate” membership.

5.1.2. The “Buffer Size Error Rate” Membership Function
Let X2 be a fuzzy variable, and L(X2) be the set of fuzzy variables. We also define the

output value 7 €[0,1] along the ordinate to be the degree of membership of a certain

element in the fuzzy set L(X2). For example, the fuzzy set L(X2) in Figure 5.2 contains 3
fuzzy variables, i.e. L(X2) = { Getting smaller (GS), No changing (NC), Getting larger
(GL) }. The fuzzy variable “Getting smaller” indicates that the initial buffer size is
getting smaller. “No change” indicates that the initial buffer size is not changing while
“Getting larger” indicates that the initial buffer size is getting larger. In Figure 5.2, the

horizontal axis is the input parameter “gap probability error rate” and defined as the
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A

changing rate of B , e ZBI- , where At is the duration of one test session (i.e. the time for

displaying every N packets). The parameter K is the pre-defined positive threshold. Like

Figure 5.2, the degree of membership (0 <7 <1) can be readily determined by various

A

. . . B
membership function as a function of i

™\

Sl §2

Figure 5.3. Output Membership function.

5.1.3. “Initial Buffer Size Adjustment” Output Membership Function

Let X3 be a fuzzy variable, and L(X3) be the set of fuzzy variables. We also define the
output (horizontal) value £ as the buffer change factor to be the centeriod of the area
constructed by the degree of membership of a certain element in the fuzzy set L(X3). For
example the fuzzy set L(X3) in Figure 5.3 contains 3 fuzzy variables: “Negative”,
“Zero”, and “Positive”, i.e. L(X3) = { Negative (N), Zero (Z), Positive(P) }.The fuzzy
variable “Negative” stands for calling for decreasing the initial buffer size. “Zero” stands

for no change on the buffer size, while “Positive” stands for calling for increasing the
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initial buffer size. We also define the input (vertical) value o, o €[0,1] is from the result
of the inference of the two inputs’ degree of membership. The parameters S1 and S2 are

the pre-defined minimum and maximum response limits, respectively.

5.2. Fuzzification, Inference and Defuzzification
Having explained the membership functions, we now provide the operation of a few

important processes required in the FLA.

5.2.1 Fuzzification
Fuzzification is the process of determining the membership degree from measured values.

Fuzzification at the destination end involves measuring the gap probability and

comparing it with the reference. The node calculates B (i.e. the difference between target

gap probability and measured gap probability) and %, and uses these two values as the
inputs for the two membership functions (the “buffer size error’ and the “buffer size error
rate”) in order to map and obtain the membership degree of the fuzzy variables of the

fuzzy set L(X1) and L(X2).

5.2.2 Inference

Inference allows certain decisions to be made based on the inputs. Since we have three
fuzzy variables in each input fuzzy set L(X1) and L(X2), we can define nine rules
corresponding to the nine combinations of these two sets of variables. A typical rule is

IF A AND B THEN C,
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where 4 € L(X1), B € L(X2), C € L(X3), and AND is the logical product. For example,

A = “Small”, B = “Getting smaller”, C = “Positive”, in other words, if the buffer size

A

error B is small and the buffer size changing rate Z‘B— is getting smaller, then we infer

that we should increase the initial buffer size.

5.2.3 Defuzzification

Defuzzification allows us to get the crisp output for the fuzzy controller by combining the
results of the inference process and determining the weights of each input contributed to
the final crisp output. In our study, we shall use the Root Sum Square (RSS) method to
combine the effects of all rules and calculate the membership degree R of the output

fuzzy set members. For example, the result R corresponding to “Positive” can be

k
expressed as Rp e = Za)z.- ,» @; € L(X3). The parameter w, is the result associated

i=l
with “Positive” from the inference rules, and k is the number of rule results associated

with “Positive”. The Ry, ... and R, are likewise defined for X1 and X2 separately.

We choose RSS because there are few member functions contributed to the inputs and

output. After we get the degree of each membership R,, i € {Positive, Negative, Zero} , we

use the “Fuzzy Centroid” method to calculate the “centroid” (i.e. the center of gravity) of
the membership function for the fuzzy variables. Mathematically, the centroid is

S, xR +0xR,, +S,xR

Negative o . The buffer change factor 8 will

computed as £ =
p ﬂ RNegan’ve + R:m + RPon'n‘w

be utilized in out algorithm in the next section.
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5.3. Adaptive Adjustment and Algorithm Flowchart

3
=

—> Buffering packets

Displaying packets and
updating B, B

B

Trigaer Fuzzy logic Q- Current queue size
controller, fuzzification, Ly : Initial buffer size
inference, and . .
defuzzification T : Simulation time
B, :nitial buffer
l time
error
N : Packet number
Reset counter of one session

Figure 5.4. Flowchart of Fuzzy Logic Algorithm.

Consider a test session, consisting of several talk spurts. During each test session, the
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node will wait for the late coming packets, like the E-Policy, and the gap probability is
measured and compared with the pre-defined reference gap probability. After the
fuzzification process, the inference process and the defuzzification process, we obtain
the output of the fuzzy controller as response. The response is crisp because it gives a
clear answer on how much of the initial buffer time to increase, or to reduce. In this way,
the destination node is able to decide when and how much to self-adjust the initial buffer
time. As a result, the gap probability is maintained around the level of the pre-defined
reference level, which can be chosen and defined by an expert, while being quite
tolerable to the audience. On the other hand, given a certain level of gap probability, the
node will keep the display latency as small as possible.

The flowchart of the algorithm is shown in Figure 5.4. At the beginning, when the

initial buffer size threshold (L) is reached or when the initial buffer time threshold (R,)

is reached, whichever comes first, the node starts to display the packets. In the first test
session, after the buffer change factor is calculated, it is used to modify the initial buffer
time of next test session. In the mean time, the counter is reset to zero. Since then, the
node only buffers packet according to the initial buffer time, not the initial buffer size

any more. For example, suppose L,= 3 packets is reached before R,= 29.00 ms. Then the

node would start displaying at t = 25 ms. Then in the first test session, the node would

change B, from 29 ms to 25 ms. Now suppose that after the first test session, the node
has obtained the buffer change factor # = 0.37, then the node would update the next
initial time to B =(1+A)B o = (1+ 0.37) *25 = 34.25 ms from its old value B"o = 25 ms,

and the 34.25 ms would be the initial buffer time for all talk spurts to come in that
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session.

5.4. Performance Evaluation

Simulations program were written to evaluate our FLA algorithm. They were run ona PC
with a Pentium III 1GHz CPU and 1 G byte memory. The operation system is Windows
2000 Professional. The release version of OPNET modeler is 7.0.B (Build 1109). A
typical simulation run collects the statistics of about 66800 packets and takes about 10
minutes.

We use the same parameters as our LMS experiment. That is, we set the packet
interarrival time to be constant at 0.02 second. The packet size equals to 1280 bits, and
the talk spurt interarrival time (i.e. silence period) is exponentially distributed with a
mean of 0.65s, and the talk spurt size is exponentially distributed with a mean of 22400

bits. The initial buffer time threshold B, has a default value of 0.15s, and the initial
buffer sizes L, is set to 5 packets. The target (reference) gap probability is set to be 4%.

Note that it is possible to set it lower, e.g. 2%, however, as a tradeoff, the average
display latency is larger, we therefore set it to be 4%, which is quite acceptable while
keeping the latency low. The session packet number N equals to 200. The width of the
“OK” of the “Buffer size error ” membership function M has a default value of 0.02, but

can be promoted (i.e. changed before each simulation). Mathematically, we desire
|measured gap probébility error — 0.04| < 0.02 for the “OK” region in Figure 5.1. The

width of the “No change” of the “Buffer size error rate” membership function K has a

default value of 0.03, but can also be promoted. The width of the “Positive’ of the output
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function S, is set to 100, and the width of the “Negative” of the output function S,

equals to —100. In the end-to-end scenario, the network constant delay component is set
to be 6 ms and the network random delay component is exponentially distributed with a
mean of 15ms. In the tandem nodes scenario, for each tandem node, the network
constant delay component is set to be 0.1 ms and the network random delay component
is exponentially distributed with a mean of 1ms.

During simulation, we found that most of the experiment curves were sensitive to
the seed of the simulation. Therefore, we have to obtain the 95% confidence interval of
these simulations. Each simulation point is obtained as an average of 11 simulation runs
(i.e. 11 different seeds). A typical performance curve with 5 points takes about 8 hours.

We have run simulations under the three different network scenarios. In the
following sections, we will present the results and reveal the relations among the width
parameters M, K, the gap probability and the average display latency. The purpose of
these simulations is to confirm good ranges for M and K, so that in the later chapter when
we compare the performance of the FLA with other algorithms, we shall be able to sure

to pick up the right parameters from the right ranges. Other parameters like N, §,, and
S, are not important compared with M and K. They mainiy decide the “strength” and

“how often” the node will control the buffer. A systematical study of their impacts on the
performance is omitted due to our limited resource. Notice that FLA always has zero loss

probability because FLA waits for the late coming packets, as the E-Policy does.

5.4.1. Gap Probability
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In this section, we present the gap probability performance (defined in Section 3.5.1) of

the end-to-end model, the Ethernet model and the tandem nodes model.

5.4.1.1. The End-to-end Model

The OPNET model of this end-to-end model has been discussed in the Section 2.2.1.2.

A. The Effect of the Width Parameter M

r

|
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| @ 0.045 1 | — & — Lower Limit |
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| M (End-to-end)

Figure 5.5. The gap probability versus M in the end-to-end model of the FLA.
As shown in Figure 5.1, the parameter M is the width of “OK” of the “Buffer size error”
membership function. In order to find its impact on the FLA performance, we construct
simulations based on different values of M. Figure 5.5 considers a system with K = 0.03.
It depicts the 95% confidence interval of the gap probabilities of the FLA fluctuates
slightly around 0.04 as M increases. However, this fluctuation is not significant and we
can therefore regard'it as constant. This result is expected because the FLA controller
controls the buffer to maintain the gap probability around the reference gap probability,

which is pre-defined as 4% before simulations.
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Figure 5.6. The gap probability versus K in the end-to-end scenario of the FLA.

B. The Effect of the Width Parameter K

As shown in Figure 5.2, the parameter K is the width of “No change” in the “Buffer size
error rate” membership function. We have also run simulations in order to find optimum
range of K. Figure 5.6 considers a system with M = 0.02. It depicts that the gap
probability sometimes fluctuates as K increases. However, the 95% confidence interval

shows that the average value of K is almost constant around 0.04.
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Figure 5.7. The gap probability versus M in the Ethernet scenario of the FLA.
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5.4.1.2. The Ethernet Model

The OPNET model of this Ethernet model has been discussed in the Section 2.2.1.3.

A. The Effect of the Width Parameter M

Figure 5.7 considers a system with K = 0.03. The 95% confidence interval depicts that
under Ethernet scenario, the gap probabilities of FLA fluctuate around 0.04 and can be
regarded as constant as M increases. This is similar to the result in the end-to-end model.

B. The Effect of the Width Parameter K
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Figure 5.8. The gap probability versus K in the Ethernet scenario of the FLA.
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Figure 5. 9. The gap probability versus M in the tandem nodes scenario of the FLA
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Figure 5.8 considers a system with M = 0.03. The 95% confidence interval depicts that

the gap probability remain constant as K increases in the Ethemet model.

§5.4.1.3. The Tandem Nodes Model

The OPNET model of this tandem nodes model has been discussed in the Section 2.2.1.4.
A. The Effect of the Width Parameter M

Figure 5. 9 considers a system with K = 0.03, The 95% confidence interval depicts that in
the tandem nodes scenario, the gap probabilities of FLA fluctuates around 0.04 as M
increases. However, the fluctuation is not significant so that we can also regard it as
constant.

B. The Effect of the Width Parameter K
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Figure 5.10. The gap probability versus K in the tandem nodes scenario of the FLA.
Figure 5.10 considers a system with M = 0.02. The 95% confidence interval depicts that
in tandem nodes scenario, the gap probability decreases slightly as the K increases.
However, the gap probability can be regarded as constant (around 0.0407) since the

decreasing is not significant.
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5.4.2. Average Display Latency

In this section, we present the average display latency performance (defined in Section

3.6) of the end-to-end model, the Ethernet model and the tandem nodes model.

5.4.2.1. The End-to-end Model

The OPNET model of this end-to-end model has been discussed in the Section 2.2.1.2.

A. The Effect of the Width Parameter M
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Figure 5.11. The average latency versus M in the end-to-end scenario of the FLA.
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Figure 5.12. The average latency versus K in the end-to-end scenario of the FLA.
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Figure 5.11 considers a system with K = 0.03. The 95% confidence interval depicts that
the average display latency of FLA in the end-to-end model decreases slightly as M
increases. However, this decreasing is not significant and we can regard it as constant.

B. The Effect of the Width Parameter K

Figure 5.12 considers a system with M = 0.02. The 95% confidence interval depicts that
the average display latency of FLA in the end-to-end model fluctuates slightly as K

increases. However, this fluctuation is not significant and we can regard it as constant.

5.4.2.2. The Ethernet Model
The OPNET model of this Ethernet model has been discussed in the Section 2.2.1.3.

A. The Effect of the Width Parameter M
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Figure 5.13. The average latency versus M in the Ethernet scenario of the FLA.
Figure 5.13 considers' a system with K = 0.03. The 95% confidence interval depicts that
under Ethemet scenario, as M increases, the average display latency of FLA fluctuates
slightly and can also be regarded as constant.

B. The Effect of the Width Parameter K

73



[—O—Aveuge ‘
1 { — O — Upper Limit
0.025 - t — & — Lower Limit |

o
S

Average Display Latency (sec)
s
b

o
o 2
[ RN U WUNPINIONY N —— Y

0.02 0.04 0.06 0.08 0.1 0.12
K (Ethemnet) !

(-]

|
—_

Figure 5.14. The average latency versus K in the Ethernet scenario of the FLA.
Figure 5.14 considers a system with M = 0.02. The 95% confidence interval depicts that

under the Ethernet scenario, the average latency remains constant as K increases.

5.4.2.3. The Tandem Nodes Model

The OPNET model of this tandem nodes model has been discussed in the Section 2.2.1.4.

A. The Effect of the Width Parameter M
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Figure 5.15. The latency versus M in the tandem nodes scenario of the FLA.

Figure 5.15 considers a system with K = 0.03. The 95% confidence interval depicts that
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in tandem nodes scenario, the average display latency of FLA increases slightly as M
increases. However, this increasing is not significant that we can regard it as constant.

B. The Effect of the Width Parameter K
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Figure 5.16. The average latency versus K in the tandem scenario of the FLA.
Figure 5.16 consider a system with M = 0.02. The 95% confidence interval depicts that

the average latency remains constant as K increases.

5.5. Concluding Remarks

Our simulations reveal that M and K appear to have minimal impacts on the performance
for the regions we have investigated. On the other hand, we notice that their impacts on
the gap probability and the average display latency are sensitive on the simulation seeds.
The 95% confidence interval reveals that when they are within certain range, the FLA
will have the desired performance, i.e. both the gap probability and the average display
latency are almost constant within the acceptable levels. The simulation results confirm
that for the three network models, the good range for M is from 0.02 to 0.06, and the

good range for K is from 0.02 to 0.1. The results show that if M and K are picked up
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values from these ranges, the gap probability and the average display latency will remain
constant, or fluctuate slightly around constant values. This is expected because the
purpose of the FLA is to control the gap probability around the desired reference value,
which is a constant pre-defined value. These simulations will lead us to find desired

parameters of FLA for its implementation.
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Chapter 6

Performance Comparison and Design Guideline

Since we have proposed and evaluated two new different algorithms of controlling jitter
at the destination end, it would be of interest to compare their performance under
different scenarios with other benchmark-algorithms. Towards the end of the chapter, we
would also offer some design guideline based on our experience.

We have run the simulations for different algorithms under the three network
models with the same parameters as we have used in the performance evaluations on the
LMS and the FLA. Those parameters are either fixed throughout the simulations of the

thesis or set to the default values, which are described in the Section 4.4 and 5.4.

6.1. Gap Probability Performance Comparison

6.1.1. The End-to-end Model

: 2 3 4 5 6 7 8
i tnitial buffer size (packet)

Figure 6.1. Gap probability vs. initial buffer size in the end-to-end scenario.
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Figure 6.1 depicts that under end-to-end scenario the gap probability of the I-Policy, E-
Policy and LMS algorithms decreases when the initial buffer size increases. This result is
expected because when more packets are buffered, the less chance that the receiver will
run out of packets, therefore, the less chance of the gap probability. The FLA has
performed desirably to achieve an almost constant gap probability around the pre-defined
reference gap probability (4%). The E-Policy is the lowest among the four algorithms.
We also observe that the gap probability of the I-Policy is much more sensitive on the
initial buffer size than the E-Policy, the LMS and the FLA. This is because the E-Policy,
LMS and FLA algorithms have features to wait for the late coming packets. That means
when the initial buffering is insufficient, the three algorithms may extend the initial

buffering by waiting for the late packets.

6.1.2. The Ethernet Model
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Figure 6.2. Gap probability vs. initial buffer size in the Ethernet scenario.
Figure 6.2 depicts that under the Ethemet scenario, similar to the end-to-end scenario,

the gap probability decreases as the initial buffer size increases of the I-Policy, E-Policy
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and LMS. The LMS has the lowest gap probability when the initial buffer size is less
than 5 packets. The FLA tries to maintain a constant gap probability. Therefore, even
though the FLA has the largest gap probability for initial buffer size above 4 packets, its
level around 4% is quite acceptable. (In fact, it can be lowered.) When the initial buffer

size is large (e.g. L, = 8 and 9 packets), the I-Policy and the E-Policy have lower gap

probability than the LMS and FLA. However, as a tradeoff, they will suffer from larger
average display latencies (beyond acceptable level), which will be shown in Section

6.2.2.

6.1.3. The Tandem Nodes Model
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Figure 6.3. Gap probability vs. initial buffer size in Tandem node scenario.
Figure 6.3 depicts that under tandem nodes scenario, the gap probabilities of the I-Policy,
E-Policy and LMS algorithms drop quickly as the initial buffer size increases and the
values tend to zero quickly. The LMS outperform the other benchmark-algorithms by

having lowest gap probabilities. The FLA again has a constant value within the
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acceptable level.

Figures 6.1, 6.2 and 6.3 show that when the initial buffer size is small and
moderate, the gap probability reduces significantly as initial buffer size increases. The
gap probability of the I-Policy is the highest because of inadequate buffering and no
waiting for the late packets. The gap probability of the FLA is constant in the three
models because it adjusts the gap probability around the optimum level (4% in this case)
whether the start-up initial buffer size is not enough or too much. Definitely we can set
the target gap probability lower than 4% if the application requires. Although the E-
Policy sometimes has a low gap probability, it will suffer from larger latency because it
waits for the late packets, and has no mechanism to drop the queue size accumulated. The
LMS outperforms other algorithms in the Ethernet and the tandem nodes models and is
between the I-Policy and E-Policy in the end-to-end model, because it has the mechanism
to reduce queue size based on prediction results. However, when the initial buffer size
increases to relatively large, most packets are buffered in the I-Policy, E-Policy, and LMS
algorithms, so there is less difference among them, and it approaches to zero. This is very
obvious under tandem nodes scenario. Overall we think that the FLA is the best choice
among other algorithm because its gap probability performance is quite stable against the

changing network load under different environments.

6.2. Average Display Latency Performance Comparison

6.2.1. The End-to-end Model

Figure 6.4 shows that in the end-to-end model, the average display latencies of the I-

80



Policy and the E-Policy increase when the initial buffer size increases. The reason is that
when the receiver holds more arrived packets, more extra delay will be introduced.
Notice that the LMS has the lowest and nearly constant average display latency. It
outperforms all other algorithms. This is because the LMS discards packet(s) when the
queue size reaches the queue threshold. The E-Policy has the largest latency because of
its “accumulation” phenomenon by waiting for the late packets. The FLA has the second

lowest constant values and outperforms the two benchmark-algorithms.
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Figure 6.4. Average display latency vs. initial buffer size in the end-to-end model.
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Figure 6.5. Average display latency vs. initial buffer size in the Ethernet model.
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6.2.2. The Ethernet Model

Figure 6.5 shows that under Ethemet environment, the average display latency of the
LMS does not change too much (under 100ms) and has the second lowest values. The
FLA has the lowest almost constant values and surpasses others in performance. The I-

Policy and the E-Policy have large latencies since they buffer too many packets and no

way to drop the queue sizes.

6.2.3. The Tandem Nodes Model

Average Display Latency (sec)
o 0O 0 O 0O 0O

2 3 4 5 6 7 8 9

Initial buffer size (packet)

Figure 6.6. Average display latency vs. initial buffer size in the tandem nodes
scenario.

Figure 6.6 depicts that under tandem nodes scenario, the average display latency of the I-
Policy and the E-Policy increases as the initial buffer size increases. The FLA has the
lowest and almost constant latency and E-Policy has the largest. The LMS has the second
lowest latency and tends to be constant because the buffer size is kept around the
threshold. The FLA outperforms others.

Figures 6.4, 6.5, and 6.6 show that as the initial buffer size increases, the node
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buffers more packets, so the average display latencies of the I-Policy and the E-Policy
increase. The E-Policy often has the largest value since it must wait for late packets and
there is no mechanism to reduce the accumulated queue size. The FLA always has
constant latency and outperforms others in the Ethemnet and the tandem nodes models by
having the lowest latency. The LMS has the lowest latency in the end-to-end model and
has the second lowest latencies in the other two models. Generally, the FLA outperforms

the other algorithms on the performance of the average display latency.

6.3. Loss probability Performance Comparison

6.3.1. The End-to-end Model
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Figure 6.7. Loss probability vs. initial buffer size in the end-to-end scenario.
Figure 6.7 depicts that in the end-to-end model, the loss probability of the I-Policy
decreases as the initfal buffer size increases. This is because the I-Policy does not wait
for the late packets, so when the initial buffer size threshold is big, fewer packets are

considered as late, and fewer packets will be discarded when they arrive. On the
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contrary, the loss probability of the LMS increases as the initial buffer size increases.
This is because when the node buffers more packets, more chances that the queue size
reaches the queue threshold. Therefore, by its definition, it will discard more packets.
The E-Policy and the FLA have zero loss probability and outperform the other two,
because by definitions they wait for the late coming packets and they do not discard

received packets (unlike the LMS)

6.3.2. The Ethernet Model
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Figure 6.9. Loss probability vs. initial buffer size in the tandem nodes scenario.
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Figure 6.8 shows clearly that under the Ethernet environment, the loss probability of the
LMS increases as the initial buffer size increases. Again the E-Policy and the FLA have
zero loss probabilities by definition and outperform the other two. Due to the large

latency (shown in Figure 6.5), the I-Policy has very low loss probability in this case.

6.3.3. The Tandem Nodes Model
Figure 6.9 depicts that under tandem nodes model, the loss probability of LMS increases
as the initial buffer size increases because more packets are need to be discarded if to
keep the queue size below the threshold level. Whereas in the I-Policy, the loss
probability decreases when the initial buffer size increases, since less packets are
regarded as late and need to be rejected when they come. Again, the E-Policy and the
FLA outperform the other two by having zero values since they wait for all the packets.
Figures 6.7, 6.8, and 6.9 show that when the initial buffer size increases, the node
buffers more packets, and the loss probability reduces greatly in the I-Policy. On the
other hand, the loss probability of LMS increases as it discards more packets in order to
keep the buffer size below the threshold level. The E-Policy and the FLA have zero loss
probabilities by definition and display the most complete information of the original

voice content.

6.4. Comparison as the Network Random Delays are Normally Distributed
All the above simulations are based on the network random delays that are set as

exponentially distributed. In order to verify the good performance of these two new
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algorithms, we have run simulations and made performance evaluations based on the
network random delays that have a Normal distribution. In the end-to-end scenario, the
mean of the random network delay is 0.01 second, and the standard deviation is 0.005
second. In the tandem nodes scenario, the mean is 0.001 second per node, and the
standard deviation is 0.0005 second per node. Note that distribution of the network
random delays can be changed only in the end-to-end and the tandem nodes scenarios.
Under Ethemet, it is determined by the medium random access time. All other parameters
have the same values as those in the case of exponential distribution and they are either
fixed throughout the simulations of the thesis or set to the default values, which are

described in the Section 4.4 and 5.4.

6.4.1. The End-to-end Model
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Figure 6.10. Gap probability vs. initial buffer size with Normally distributed
network random delays in end-to-end scenario.

Figure 6.10 depicts that when the network random delay is Normally distributed in end-
to-end scenario, the gap probabilities of the four algorithms behave similarly with the

ones as the network random delays are exponentially distributed. The gap probabilities of
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the I-Policy, the E-Policy and the LMS decrease very fast as the initial buffer size
increases, and they tend to zero when the initial buffer size is larger than 5 packets. The
E-Policy has the lowest gap probability and the LMS has very close values to the E-
Policy. Although the FLA has larger gap probability than other algorithm, we think the
values (around 3.8%) are quite acceptable low and very close to the target gap probability

(4%).
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Figure 6.11. Average latency vs. initial buffer size with Normally distributed
network random delays in the end-to-end scenario.

0.18 - —o—1-Policy
0.16 -
0.14

o

o -
-
- N
1 t

0.08 -

Loss probability (%)

e o
8

— —
2 3 4 5 6 7 8 9
Initial buffer size (packet)

Figure 6.12. Loss probability vs. initial buffer size with Normally distributed
network random delays in the end-to-end scenario.
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Figure 6.11 depicts that in the end-to-end scenario, the average display latencies
of the I-Policy, the E-Policy and the LMS increase as the initial buffer size increases. The
FLA has the lowest almost constant average display latency and the E-Policy has the
largest one. LMS and I-Policy have values in between. The FLA outperforms other
algorithms.

Figure 6.12 depicts that in the end-to-end scenario, the loss probability of the
LMS increases as the initial buffer size increases. On the other hand, the loss probability
of the I-Policy decreases quickly as the initial buffer size increases. The E-Policy and the
FLA have zero values because of their definitions. When the initial buffer size is larger

than 5 packets, there is hardly any difference among the I-Policy, the LMS and the FLA

since they are all zeros.

6.4.2. The Tandem Nodes Model
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Figure 6.13. Gap probability vs. initial buffer size with Normally distributed
network random delays in the tandem nodes scenario.

Figure 6.13 depicts that in the tandem nodes scenario, the gap probabilities of the I-
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Policy, E-Policy and LMS also decreases very fast as the initial buffer size increases and
they all tend to zero when the initial buffer size is larger than 6 packets. The FLA has a
constant gap probability within the desired range. The I-Policy has the largest gap

probability, and the E-Policy has the lowest one, while the LMS have values in between.
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Figure 6.14. Average latency vs. initial buffer size with Normally distributed
network random delays in the tandem nodes scenario.
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Figure 6.15. Loss probability vs. initial buffer size with Normally distributed
network random delays in the tandem nodes scenario.

Figure 6.14 depicts that when the network random delay is Normally distributed

in tandem nodes scenario, the average display latencies of the I-Policy, E-Policy and
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LMS increase as the initial buffer size increases. The FLA has the lowest almost constant
average latency and outperforms others. The E-Policy has the largest one. The LMS and
the I-Policy have values in between.

Figure 6.15 depicts that when the network random delay is Normally distributed
in tandem nodes scenario, the loss probability of the I-Policy decreases quickly as the
initial buffer size increases. On the other hand, the loss probability of LMS increases as
the initial buffer size increases. The FLA and the E-Policy have zero values because of
their definitions. When the initial buffer size is larger than 5 packets, the loss probability
of the I-Policy tends to zero.

From the above simulation results (from Figure 6.10, to 6.15), we conclude that
when the network random delay is Normally distributed, the two new algorithms also
outperform the other two benchmark-algorithms, and the FLA is better than LMS mainly

because of the zero loss probability.

6.5. Tradeoff Discussion

Obviously, the tradeoff of jitter buffer management is the gap probability and the display
latency. As we assume that we have no control on the source and the network, so the only
way we can do for the late packet is to wait. The problem is that waiting for the
individual late packet will also delay other packet for displaying. Again, it is important to
schedule the display timing of a real time application. Any interruption or violation of
this pre-defined timing will degrade the voice quality and lead to poor audience
perception. Therefore, how to manage the buffer, i.e. how to remove more gaps and in the

mean time to keep the latency as low as possible is the key point of our task. The LMS
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and the FLA use different approaches to solve the problem.

Although LMS has mechanism to drop the latency if the threshold is reached, the
tradeoff is to discard the received packet(s). As the loss probability is getting larger, this
will degree the voice quality and may lead to understanding problem for the receiver.

As revealed by simulations, and comparisons with the other three algorithms, the
FLA has the capability to maintain a desirable gap probability, display latency and zero
loss probability. The tradeoff is to alter the length of the silence period (in order to
change the initial buffer time of each session). This may have an impact on the original
voice rhythm if the frequency of the adjustment is too high. However, we believe that this
is much better than deleting parts information of the voice. Although it needs no
complicated calculation and proved to be easy to be implemented, it requires the expert
knowledge to decide the control parameters, membership functions and inference rule

matrix.

6.6. Design Guideline

Generally, we prefer the FLA because of several reasons. First, the FLA always has a low
and stable gap probability and a low average display latency. In particular, the gap
probability is well controlled around the reference gap probability whether the initial
buffering is insufficient or excessive. This is a desirable feature when implemented.
Second, unlike the LMS, which reduces the queue size by discarding packets, the FLA
does not discard any packet, so it can recover the full original information. Third, the
“IF... AND" rules in the FLA are much easier to be changed or modified if the FLA is
implemented in a new environment.
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Based on our simulation experience of the two new algorithms, we present some

guidelines on how to choose the right parameters in order to get the desired results and to

implement them.

6.6.1 General Design Guideline

1.

Time slot: The time slot varies for different codec (e.g. 15ms, or 20ms). The time
slot can be detected by finding the difference between the creation time of two
continuous packets. In real application, for example, each packet header may have
a timestamp, so the time slot value can be equal to the difference between two
timestamp values of two continuous packets.

Initial buffer size: Although the two new algorithms have features to adjust the
initial buffering. It is recommended that the initial buffer size is set within a
moderate range. Because if it is too small, the receiver will experience large gaps
before makes adequate adjustment. On the other hand, if the initial buffer size is
set too large, the receiver will have large display latency before makes
adjustment. From the large number of simulations we conducted, we suggest that
a good range of initial buffer size is from 3 packets to 5 packets (using a time slot

of 20ms). So both the gap probability and latency are within acceptable level.

6.6.2. Design Guideline Specific to LMS Algorithm

1.

The buffer size of the LMS must be set greater than the threshold value in real
application. There is no need to set to it very large. Since when the threshold is
reached, the node may start to discard packets and the queue size will not exceed
the threshold too much. It is possible that the node may not discard packet
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because the prediction result permits it to receive more packets. So in this case
there must be some extra space in the buffer reserved for the coming packet(s).
From experience the buffer capacity can be set 50% more than the threshold
value.

The queue threshold: The queue threshold value is mainly determined by the gap
probability, loss probability and the display latency. From a large number of
simulations, we suggest that a good range is from 3 packets to 6 packets. If it is
too small, the frequency that it is reached is high and more packets will be
discarded. Therefore, the voice quality will be degraded. On the other hand, if it is
set too large, the average display latency is large and this may prevent the voice

communication being interactive.

6.6.3. Design Guideline Specific to FLA

1.

The packet number of one session N is designed to prevent the node from
adjusting the initial buffer time excessively. By experience, it can be set from
1730 to 1/50 of the total pack numbers.

Other parameters like M and K are the factors related to the control “strength”.
The good range for M is less than 0.05 and the one for K is less then 0.04. All the
current values are tested to be ideal by a great amount of simulations under the
scenarios described in this thesis.

It is possible to set the target gap probability lower than 4%, e.g. 2%, however, as
a tradeoff, the average display latency is larger, we therefore set it to be 4%,

which is quite acceptable while keeping the latency low.
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Chapter 7

Conclusion

In this thesis, we have reviewed jitter management algorithms based on network’s source
end, intermediate nodes and destination end. We advocate the use of the destination-
based approach. We think it is the most practical way among the many scenarios in
heterogeneous network environments.

We have incorporated LMS method on the jitter buffer management. Simulation
results showed that the LMS algorithm is an effective prediction-based approach. It
works well to keep the display latency under threshold while maintaining the gap
probability and loss probability under acceptable level. The only weak point of this
algorithm is that it may discard too many packets when the initial buffer size is large.
Therefore it may corrupt the intelligibility of the voice communication.

We have also applied the Fuzzy Logic method on the jitter buffer management at
the destination end. The simulation results showed that the FLA is superior to other
evaluated algorithms and can maintain a stable constant gap probability, an acceptable
average display latency, and zero loss probability. It can recover all the original
information and it needs no complicated calculation. It has proved itself to be easily
implemented. However, it requires the expert knowledge to decide the control
parameters, membemﬁip functions and inference rule matrix. Overall, we prefer the FLA

as the first choice.

We have made comparison among the several algorithms in terms of performance
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in the gap probability, display latency, and the loss probability. We have run extensive
simulations to test their performance on different network environments, to be sure that
the results are universal and applicable in the real application. From these results, we

have also attempted to make some design recommendation based on our experience.

7.1, Future Work

Much work can be done in the future. More simulations could be conducted to
reveal the relations between some other parameters and the performance. In the FLA, the
parameters can be more self-tuning so the system will have more flexibility to adaptively
adjust to the changing network. For the prediction algorithm, other predicting method can
be used in order to reach the high accuracy and fast convergent speed. It would also be
useful to establish some theoretical (or just empirical) relationship between gap
probability and initial buffer size (or between latency and initial buffer size). We can also
investigate the performance evaluation on different codec of our two algorithms or using
real cross traffic in the tandem nodes model. Finally, we can determine a good jitter

definition that would simplify the implementation of jitter buffer algorithm.
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