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ABSTRACT

Multimedia applications, have stringent quality of service (QoS) requirements. These
requirements are application specific and as far as protocol stacks are concerned, they are
layer specific. It is essential to satisfy these requirements at all the system components
along the path from a service provider to a service user, starting from and ending at the
end points. It is equally important to develop methods to translate QoS requirements of
an application into QoS parameters at different layers as well as implement architectures
for the global management of QoS.

This thesis includes an analytical study of buffer and jitter requirements in the
transmission of digital video as well as an experimental study of QoS requirements and
QoS mapping for the transmission of MPEG-2 video over IP-based networks and
Ethemet in particular. First, we have examined the buffer constraints of the video server
and the video clients in a video on demand system and found the constraints on the

channel rate in order to avoid buffer overflow and/or underflow.

In our jitter analysis, we found constraints on the burstiness of the traffic from the
point of view of a video client in a video on demand system. Again, the study has
focused on determining the lower and the upper bounds on the traffic arrival rate at the
client so that the possibility of buffer underflow and/or overflow is avoided. The analysis
of the underflow conditions results in a relationship between the maximum acceptable
jitter by the user and the minimum frame rate maintained by the network. The overflow

conditions provide us with the minimum required buffer size for the client.

In the experimental phase of our work, using a video on demand (VOD)
application developed as part of these research efforts, various statistical metrics have
been considered in order to characterize the network traffic. Some metrics have proven to
reflect QoS as perceived by the end-user of an MPEG-2 video application better than
others. The coefficient of variation of inter-arrival times of IP-packets belonging to the

video stream seems to be the most appropriate one among the statistics considered in this
study.
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CHAPTERI1

INTRODUCTION

I.1 Background

Legacy telecommunications infrastructure especially [P-based networks are designed for
a small class of applications that are not time-dependent, such as textual electronic mail
and file transfer. Even supported interactive applications such as telnet do not have strict
time constraints. However, a new generation of real-time applications like audio/video
on demand, real audio/video, videoconferencing, etc. has emerged in the past few years.
These types of applications usually referred to as distributed multimedia applications
have completely changed the face of traditional network communications. QoS (Quality
of Service) requirements of these applications can not be satisfied by the simple existing
protocols. Current protocol stacks such as Open Systems Interconnection (OSI)
Reference Model and TCP/IP lack some functionalities needed for multimedia
transmission, e.g. negotiation, reconfiguration and maintenance of QoS requirements'
especially allocation of resources. Real-time systems, unlike conventional text-based
services, require continuous access to the network (hence called continuous media).
When contention for resources increases, traditional protocols fail to support multimedia
communications. The provision of QoS for such applications is an end-to-end task.
Performance of all the components on the path including operating systems, protocol
stacks, network, /O devices etc. regarding QoS parameters such as throughput, delay,
delay jitter and loss rate should be guaranteed.” Inadequacy of even one of these elements
results in the failure of a distributed multimedia system. Thus, individual components

must all perform in a cooperative manner in order to meet the overall QoS specifications.

! In section II.1 we will try to clarify on the meaning of some of the terms that are frequently but vaguely
used in the context of quality of service such as QoS requirements, QoS parameters etc.

2 Two main classes of QoS in IETF Integrated Services model are: (i) Guaranteed QoS, where firm delay
bounds, lossless queuing and so on are provided, intended for applications with stringent real-time delivery
requirements; (ii) Predictive QoS, where no firm quantitative guarantees are provided, suitable for tolerant
real time applications [26].
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This requires them to work each as a part of an integrated architecture whose goal is to

provide users of real-time applications with a satisfactory quality of service.

QoS requirements are application specific but in any case they can be defined as a
set of objective (quantitative) and subjective (qualitative) parameters. Objective
parameters such as delay and delay variation bounds can be measured. Subjective
parameters such as voice quality and video resolution, on the other hand, are perceived by

the end-user [1].

Interpretation of quality of service is layer specific. For example, quality of video
for the user may be expressed in terms of frame rate, window size, color orientation, etc.
but at lower layers, for instance network, these factors bear no meaning. Instead,
throughput and loss rate can be used to talk about the quality of service at the network

level. Therefore, quality of service at each layer in a QoS architecture must be assessed

appropriately.

On the other hand, the role of all the layers in a QoS architecture is to guarantee
the quality of service required by an application and eventually an end-user. End-users
should be able to communicate their needs to lower layers without having to describe
them in terms not understood easily by them, such as bitrate, delay bound, etc. Besides,
any two interfaced layers should be able to communicate. Thus, there is need for
methods that make the translation of QoS parameters between different layers possible.
These methods are called QoS mapping.

L.2 Thesis Objectives

Keeping in mind that providing QoS is an end-to-end task, the focus of this project has
been on studying the relationship between QoS parameters on the application, transport
and network layers in transmission of MPEG-2 video over an IP-based network.

Specifically, we have been interested in finding a set of rules that would enable us to
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make a valid statement about the quality of video as perceived by the end user only by

looking at network-level metrics associated with that particular traffic.

We focus our research on a network environment that enables a subscriber to a
video service, to request a certain level of quality of service. Under this scenario, the
service provider would then have to make sure that the subscriber’s requirements are met.
Hence, the quality of service should be continually monitored. For that, the service
providers would need some criteria enabling them to judge the quality of service as
perceived by the end user. Under this scenario, the service provider will base his/ her
judgment on the information gathered by looking at the traffic statistics obtained at the

network level.

Assuming that such a detection capability is achieved, then some control
mechanisms have to be put in place in order to keep the quality of service above the

requested level. The block diagram in Figurel depicts this idea.

Network
Node

Network |

Traffic

F

Evaluation

%
P QoS —»| Adjustment |3
¢

Figure 1. Dynamic QoS control through traffic monitoring

In such a structure, the nodes in a network should be equipped with a “QoS
Control Center” enabling them to monitor the traffic on the network and filter different
data-streams without interference and according to some criterion such as source or
destination address, protocol and so on. Then, using the rules obtained through this study
it would evaluate the quality of service and dynamically trigger an adjustment process if
needed.
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The objective of this thesis is to study QoS mapping relationships for the transmission of
MPEG?2 video over IP networks and also study other system requirements such as buffer
sizes and jitter constraints. We have taken an approach that is a combination of lab work

for the first part and analysis for the second.

1.3 Video over IP/Ethernet

Although high-speed networks such as B-ISDN/ATM seem to be the media of choice for
video uansmission (MPEG?2 in particular), studies such as [40,43-53] have shown that
video transmission over a medium such as Ethernet is feasible. The results in [40] have
shown that performance is actually limited by display technologies and TCP/IP protocol.
The authors conclude that improvements of compression schemes and communication
protocols will soon make video transmission over TCP/IP-based networks (specially the
Internet) a reality. One of the main parameters affecting the overall quality of service is
the size of PDU (Protocol Data Unit) at the transport and network layer. As mentioned in
[42], the longer the packets the less the number of attempts to access the medium which
in turn means fewer collisions in environments like Ethernet and consequently shorter
delays. On the other hand, as noticed in [41] longer packets cause longer packetization
delay which is greatly crucial in real-time applications. It is therefore clear that the
optimal packet size has to take into account the packetization delay and access

mechanism to the underlying channels.

F.A.-Tobagi et al. [43,44] have performed an evaluation of 10Base-T and
100Base-T Ethernet carrying video, audio and data traffic. In their simulations, they
considered a protocol architecture consisting of the application, transport and MAC
protocol mechanisms. In their conclusions, they acknowledge that the loss rate alone does
not give a clear indication of the quality of service perceived by the end-user. The syntax

and rate being used by the video encoding scheme play a major role.
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In Ethernet, large delay variations (jitter) can be caused by the capture effect of the
Binary Exponential Back-off (BEB) algorithm [49,51]. When two nodes collide, the
winning node is likely to continue succeeding over the second node, because the second
node’s back-off range keeps increasing while the first one has reset its back-off range to
its minimum. So, BEB algorithm favors the winning node. New algorithms have been
proposed to solve this problem [51,52]. Also, a modification of CSMA/CD has been
proposed in [53] in order to improve the performance of Ethernet in carrying multimedia
traffic. This protocol has reportedly improved the overall utilization of the network as

well.

S.Deng et al. [45] have investigated the performance of a residential Ethernet
network in providing multimedia applications. They have found that jitter for a
residential Ethernet is negligible since collisions are resolved soon enough.
K.M.Nicholas [46] has noticed the effectiveness of a play-out buffer at the receiver in

improving the delay performance of Ethernet.

In [47], a simulation study using data traffic traces has been conducted to evaluate
the performance of a video-telephony application over Ethemet. This study shows that
trace-driven traffics compared to Poisson traffic models, produce highly variable packet
delays and a higher packet loss rate. In order to compensate for these effects, a new
delay control scheme based on a timed packet-dropping algorithm is suggested.

Simulations have shown that improvements in real-time loss rates can be achieved.

In [50], feasibility of H.261 encoded video transmission over Ethernet has been
investigated. According to the performed simulations, a large number of real-time video
streams with acceptable delay and loss performance can be supported at channel
utilization of up to 50-60%.

In [39], Mellaney et al. have explored the impact of parameter translation over a

system consisting of two Ethernets interconnected by an ATM network. One of their
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main findings was that the existence of various networks has a significant impact over the

system performance.

1.3 Thesis Organization

On the course of this project, a test-bed was developed in DCNIlab at Nortel’s Kanata site
in Ottawa including a video transmission application that imitated a video on demand
system and performed application level measurements. Due to its vast usage in LANS,
Ethernet was selected as the physical layer. In the following sections we will elaborate

on the specifics of this test-bed.

In this thesis, the findings of our experiments have been included along with some
analytical study of jitter that, unfortunately, was not linked to an experimental work due
to some practical limitations. This thesis has been organized as follows. In chapter [, we
provided a background on the QoS issues and concepts in real-time applications. We
also outlined the objectives of the thesis as well as a justification of its goals and
methods. Chapter II concemns multimedia communications and quality of service
requirements of real-time applications and many works that have been done in this area.
In particular, we have focused on stored video applications (consistent with the
development of our VOD software) and their quality of service requirements, namely loss
and jitter. Chapter III describes the set-up for the experimental part of our project.
Chapter IV defines the performance metrics of interest as well as the measurement tools
used during the experiments. This chapter also provides a detailed analysis of the
experimental results and insights of how the information obtained from the measurements
can be used as indicators of the QoS perceived by the end-users. Finally, chapter VI

draws our conclusions and possible future extensions of these research efforts.
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CHAPTER II

MULTIMEDIA COMMUNICATIONS

In the past few years, the demand for incorporating audiovisual applications into
traditional distributed text-based and graphics-based applications has been increasing,
giving rise to a new type of services called distributed multimedia communications.
These types of applications consist of time-critical data and have stringent requirements
that did not exist in older types of media. For example, in a videoconferencing
application a delay of more than 250ms in video may render that piece of information
unusable [50]. A delay jitter (variation in delays of pictures) of greater than a certain
level may manifest itself as a discontinuity in the video. On the other hand, most of these
applications are more resilient to losses because the lost data causes only some
degradation in quality, which may not be critical except in some special cases such as

remote medical applications.

The notion of QoS guarantee addresses methods for satisfying user-specified
requirements. Distributed multimedia applications can be categorized as conversational
(e.g. videoconferencing) or presentational (e.g. video-on-demand). The application type
has a significant implication on the user’s QoS requirements. For example,
conversational applications, due to their interactive nature, are delay sensitive while
presentational applications are mostly loss sensitive because they are expected to offer
high quality.

Providing QoS in a distributed multimedia system involves three steps:

1. Assessing user-level QoS requirements in subjective terms meaningful to human e.g.
frame-rate, resolution and window-size for video.

2. Mapping these requirements onto QoS parameters of different components on the
path from a sender to a receiver, for example, bandwidth of the network, packet loss

rate of the transport layer or CPU-usage in the end system.
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3. Putting in place a mechanism (architecture), enabling the system to provide
negotiation capability between different components and layers of the protocol stack,
to ensure the overall QoS in an end-to-end fashion.

In this project, our emphasis has been on the second step.

I1.1 QoS Terminology

Despite its vast usage, the term “quality of service” and related concepts have never been
uniformly and precisely defined. In this document, we follow the formal definitions
given by the ISO/ITU-T standards document for quality of service [31].

Quality of service: A set of qualities related to the provision of an (N)-service, as
perceived by an (N)-service user.

QoS characteristics: Some aspect of quality of service that can be quantified ...It is
defined independently of the means by which it is represented or controlied.

QoS requirement: QoS information that expresses part or all of a requirement to manage
one or more QoS characteristics; ...when conveyed between entities, QoS requirement is
expressed in terms of QoS parameters.

QoS parameters: A vector or scalar value relating to QoS that is conveyed between
entities.

QoS guarantees and mechanisms: Meeting a QoS requirement may require the use of
mechanisms for QoS establishment, QoS monitoring, QoS alert, QoS maintenance, QoS
control or QoS inquiry.

QoS management function: The general term for a function designed to meet a QoS

requirement.

I1.2 QoS Architectures

Although it has been known for a long time that guaranteed QoS is an end-to-end issue,

until recently most of QoS-related researches concentrated on individual layers.
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Especially, many methods were developed for providing QoS at the physical and network
layers (resource reservation protocols, differentiated services, priority queuing,...).
Fortunately, in the past few years there has been a growing interest in the end-to-end
aspect of QoS. There is an abundance of work on QoS architectures. A thorough review
of some of these studies can be found in [3]. In this article, elements of a generalized
QoS framework are identified and layer-specific quality of service management is
discussed. In [4] Vogel et al present a functional relationship between different layers of
a distributed system that intends to provide QoS guarantees. This study considers
protocols at all levels of the architecture, namely, physical-layer, network, transport layer

and application protocols.

The research presented in [20] suggests a QoS metric that takes into account the
role of different parameters affecting the quality of service. In [8] Nahrstedt and Smith
develop the model of a “QoS Broker” within an end-point that helps a real-time
application specify its requirements and translate these requirements into resource
allocations through negotiation with the operating system and the network. Alfano [9]
has designed a cooperative multimedia environment where users can remotely share
applications in real-time and communicate audio-visually at the same time. This system
includes a QoS mapper that translates user QoS requirements into parameters for the
media service and into QoS parameters for the underlying resources such as host and

network resources.

One of the earliest end-to-end treatments of QoS can be found in [11]. In this
article, a “Resource Negotiation Protocol” has been implemented that allows QoS
negotiations from a MOD (Multimedia on Demand) server application to the storage
system, network and the client. Admission control and scheduling concepts have been

used to make this protocol able to work through all these components.

[13] and [16] were among the first to introduce a layered model for QoS
management. [13] also addresses the dynamic nature of QoS. Dynamicity means the
possibility of changing QoS requirements based on availability of resources, e.g.
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degrading a colored video to a b/w video. The work in [16] is based on the architecture
proposed in the OSI Reference Model extension work. However, both of these studies
fail to provide a methodology for mapping QoS requirements of the application into QoS
parameters of the communication subsystem. This issue was dealt with in a similar
model introduced in [12].

In [14] a functional and computational architecture is designed in a QoS driven
way for a news-on-demand system as a case study. In their experiments, the authors have
used the concept of QoS interfaces to handle QoS negotiations. Then, different QoS

negotiation protocols have been investigated.

[18] introduces the notion of distributed QoS management agents, which has been
also the motivation force behind our own study. In this architecture, application-oriented
QoS agents are distributed throughout the network and the end systems, constantly
monitoring the QoS level and communicating among each other. Some advantages of a
distributed QoS management process are [18]:

1. An easier and more precise localization of the cause of QoS problems.
2. Better knowledge of local situations.

3. A lower complexity for a single QoS agent.

4

. An increase in possible actions.

In [10], Bom et al have designed a multimedia architecture with QoS control that
not only handles the translation of user-level QoS parameters into system-level
parameters but also adapts the level of requested QoS according to the network and end-
system conditions. In other words, if the amount of available resources is not enough to
continue transmission with high quality, it will reduce the requirements of the application
(e.g- exchange a colored video for a black and white) and in some cases it may consult
the application for critical decisions such as termination of transmission. Authors have

recognized the inadequacy of TCP as a transport protocol for continuous media
transmission as the result of the following:
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1. The “slow start” and congestion control mechanisms used in TCP impose a
transmission rate slower than what is needed by the application.
2. Retransmissions in TCP are useless in the context of real-time applications, most of

the time, and cause more congestion and loss.

Therefore, RTP (Real Time Protocol) [30] has been adopted in this system and many

others. RTP owes its superior performance to the following properties [10]:

1. It does not have an error correction mechanism. Instead, it has a control protocol
called RTCP (Real Time Control Protocol) that exchanges information about some
monitored parameters such as loss rate and jitter between the sender and the receiver.

2. It uses Application Layer Framing (ALF): So, the unit of communication has a
meaning to the application.

3. It has Integrated Layer Processing (ILP): This approach reduces the processing
overhead of several layers.

RTP is a generic protocol, independent of media being transported.

Finally, [19] presents a transport performance QoS parameter set which enables
applications to describe their required performance properties and guarantees. An
adaptive transport system is designed using which, applications can configure their
required transport service individually. A transport service is the service needed for
transferring messages end-to-end through the network without considering network
technology. In fact, this model addresses the shortcomings of conventional transport
services. In this framework, performance of a stream is characterized by parameters
denoting the size, interval, delay, jitter and loss behavior of its Transport Service Data
Units (TSDU). In other words, quality of service of underlying components is reflected

in performance QoS parameters of the transport service.

I1.3 QoS Mapping

An important aspect of end-to-end QoS provision concemns the mapping of QoS between
different layers. Lower level QoS parameters (bitrate, data loss rate, packet delay
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bounds...) are often meaningless to end-users. However, in order to be able to provide
the required QoS to a particular user, these lower levels need to understand user-level and
application-level requirements and properly setup the network resources, e.g., CPU,
switching elements, protocol mechanisms and so on. Therefore, a mapping scheme

between user-level specifications and parameters of all protocol layers is essential.

In the QoS architectures mentioned previously, although the functional
relationships between separate layers are explained and required QoS mapping
mechanisms are implemented there is not enough information about the rules according
to which, QoS parameters have to be translated. In other words, it is not clear in what
language, different entities of a distributed multimedia system should communicate.
However, there have been some efforts in this direction by other researchers. In [5], the
authors have suggested and verified a simple relationship between application-level and
network-level parameters such as PDU (Protocol Data unit) maximum rate, PDU
maximum loss rate, and PDU maximum size, among others. Banerjee [7] presents a
simulation study of application-level performance based on celi-level QoS parameters in
ATM networks. In [9], a QoS mapping study for JPEG video and audio has been
conducted using a group of 10 observers. In these experiments, a 5-level scale for user-
perceived QoS suggested in [2], has been used, where 5 represents the best quality. The
results of mapping user-level QoS requirements (according to this scale) into application
level QoS requirements (in terms of frame rate for video and coding scheme for audio)
and also a translation of these requirements into network parameters (bandwidth) and

CPU usage are provided in a tabular form.

Voran and Wolf [6] have found an objective video assessment technique that can
be considered a QoS mapping method between application level and user-level. This
technique is based on normalized energy difference between sobel-filtered video frames
for the measurement of spatial impairments in a video, and the first order frame

difference sequence for the measurement of temporal impairments.
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In [38], Cuenca et al. have explored the impact of losses of various pieces of
information in MPEG-2 video streams. They have concluded that the cell loss rates alone
do not give a clear indication of the QoS perceived by the end users. In [23], Cobley and
Davies explore the issues related to the mapping of QoS parameters in an IP/ATM
environment. As part of their experimental work, they analyze the interconnection of an
[P/ATM system architecture. The main objective of their study has been to explore the
effect of the parameter translation into the QoS perceived by the application.

I1.4 Stored Video

An example of a presentational multimedia application is transmission of a video
sequence that has been previously encoded and stored. This application can be, for
example, a video-on-demand (VOD) system. As was mentioned before, transmission
delay in such an application is not very important. For instance, it is not too disturbing to
receive each picture of a movie a few seconds after it has been transmitted as long as all
the pictures experience the same amount of delay. In this case, the display of the movie
starts a few seconds after it has been requested. However, if during the playback of the
movie some pictures experience longer delays due to network congestion or other
reasons, a discontinuity in the video may be noticed. On the other hand, if for some
reason such as fast frame transmission rate (the term frame may be used to refer to a
video picture throughout this document), some pictures take a shorter time to be received,
the receiver will have to drop them or keep them in a buffer until their designated display
time. It has to be noted that video is normally displayed at a fixed rate, e.g. 30 frames per
second for the NTSC system. Because no buffer has an infinite size, some pictures may
be lost due to overflow at the receiver’s buffers. The random variation of delay in

multimedia applications is called delay jitter.
Similarly, data loss may happen in the sender side. Suppose that for some reason

such as network congestion, the transmission rate of the pictures is less than the rate at

which they are retrieved from the storage device and sent to the network interface.
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Remember that the sender is required to maintain a minimum frame rate, which is the

display rate of the video. In this case, the buffer at the sender may overflow.

Thus, the two factors affecting QoS when delivering stored video can be
identified to be: 1) delay jitter and 2) packet losses in the buffers at both ends. Numerous
techniques for reducing jitter and loss in real-time applications have been proposed in the
literature [27-37]. At the core of all these methods, some principles are notable. One is
employing buffers at the receiver to encounter jitter. The others are using buffers along
with clever traffic smoothing, scheduling and flow control schemes at the sender and
network nodes to reduce jitter and loss rate. For stored video, due to prior knowledge of

frame sizes, some special techniques can be applied [32,37).

In the following three sections we will provide an analytical approach to
understanding the loss and jitter constraints of a stored video transmission application.
Our models although tailored to suit our experimental system, explained later, are generic
and can be applied to a wide range of similar system configurations. Moreover, the
results obtained from our analysis may be applied to real-time applications where
buffering of at least one frame at the sender is possible without the operation of the

system being disrupted due to the delay introduced by this buffering process.

Throughout this work, in the analysis and the experiments, as explained in the
thesis objectives, we have tried to explore relationships between application and user
level parameters (e.g. frame sizes and jitter) to network parameters (e.g. throughput and
loss rate). The results of this study can be used to develop QoS mapping rules or be
employed in a QoS architecture to configure communications subsystem such as network

resources. Especially, the results of our analytical study can be used in bandwidth
negotiations with network management.



I1.5 Buffer Constraints

In this section, we analyze the constraints on the network throughput for a stored video
transmission application imposed by the sizes of the buffers at the sender and the

receiver. Figure 2 depicts a general representation of such a system.

Video

Storage Decoder

l sw si-0, ¢

B.(j-1) B.(j-1)

SG-D R(j-2)
S(j-2) R(j-D

l Network T

—
R(J)

Figure 2. System components in a stored-video transmission application

Our analysis is carried out over discrete time intervals of equal lengths, T. During the
j™interval, i.e. [(j—1)T, jT) an arbitrary amount of data, S(j) bits, is retrieved from the

video storage and transferred to the sender’s buffer. To be consistent with our

experimental set-up, let T be a picture interval, for example, 33 msec for the NTSC
system. In this case, S(j) will be equal to the size of the j” picture in the video clip.
Depending on the network conditions, available bandwidth and sender buffer occupancy
during the j* time interval, R(j) bits may be transmitted to the client. R(j) may be
smaller or greater than S(j) and it is certainly smaller than the bandwidth of the
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network. IfC(j) is the mean channel bitrate during the interval then R(j)=C(J)T.
Obviously, if no data is lost in the network, R(j) bits are delivered to the client’s buffer

in the same time interval if transmission delay of the channel is ignored or instead the

receiver’s clock has a shift equal to the transmission delay relative to the sender’s clock.

Let B,(j) and B,(j) denote the buffer occupancy at the sender and the receiver

ends, expressed in bits, at the end of the j”time interval, respectively. It is a common

practice to start decoding the video only after having received a given number of frames,

say p. This is done to reduce the effect of jitter during the playback of the video. We

will refer to the client’s buffer as the play-out buffer. Let the playback delay be D,T.

Thus, in the j” interval, the decoder will be decoding (j - D,)" picture.

From the definitions given above it is easy to see that:

i J
B,(j) = Y, S()~Y,RG) j>0 (IL5-1)
=l i=]
and
B.(j) = SR 0<j<Db,
= 0, (IL5-2)
B.(j)= ZRm- PO jzD,

i=l

For j2 D,, from these two equations we have:

i-D,
B,(j)= Zsm ¥ S()-B,(j) = Zsm B,(j) (IL.5-3)
i=l i=l i=j-Dy+
and
i-b,
B,(j)= ZR(n-Bu D,)- YR()= Zk(n B,(j-D,) (IL5-4)
i=1 i=j-D,+1
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(II.5-3) and (11.5-4) can be used at the sender side to keep track of the receiver’s buffer
occupancy based on previous and present information. These formulas can be useful in
bandwidth renegotiations. They help estimate the required level of network throughput

in each time interval.

For a lossless (no overflow) and continuous (no underflow) transmission, two sets of

conditions should be satisfied:

phys
{o < B,(j) < B; (I.5-5)

0<B,(j) < B™

Where B and B’ are the physical sizes of the sender’s and the receiver’s buffers,

respectively. Note that the lower bound in the first set of conditions in (II.5-5) is not
really a constraint as buffer length can not be less than zero; rather it only states that the

channel rate R(j) does not need to be greater than B,(j-1)+ S(j) because:
B,(j)=B,(j—-D+S())—R())

Another thing that is worth pointing out is the lower bound in the second set of these
conditions. Note that we have not excluded an empty play-out buffer as a condition for

not having pauses in the video. Remember that B (j)is the buffer length at the end of the

j* interval.

Combining the two sets of conditions in (II.5-5) and using (II.5-3) one obtains:

i
0< ) S()<B™ +B™ ;j2D

4

(IL.5-6)

i=j-D,+l
Since (IL.5-5) is valid for any interval, from (I1.5-4) it follows:

S RO=B()+B(j-D)<B™+B* ;2D

P
i=j-D,+l
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From there, an upper-limit on the channel rate is found to be:

j=1
R(j) < BM™ + B — 3 R() :j2D

i=j=D,+

P

From (II.5-6), we get:

B!h)‘ BPh)‘J > Max{ ES(i)}

izsj=Dy+l

(IL5-7)

(I1.5-8)

This formula gives a minimum for the required overall physical size of buffers at the

sender and the receiver.

(I1.5-1) can be written as:
i j=1
R(j) =Y S@)- Y R() - B,(j) ; j20
i=l i=l

Then, applying (I1.5-5) results:

=1

ﬁsm ZR(z) - B> snm<2‘,sm 2RG ;20

izl i=l i=l i=l

Similarly, applying (II.5-2) in (I1.5-5) results:
j=1 j-b,

0 R(N+Y RO~ zsm < B 1 j2D

4
i=1

i-D, j=1 j=1

Y s - ZR(0<R(J“)SB”‘”+ZS(0 - 2RG)

i=l i=l i=l i=l
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Combine (I1.5-9) and (I1.5-10) to obtain:

R( j)<Mm{ZS(i) fxm, 3S )+ B - ZR(z)}
i=l i=l i=l

; j2D,
j-1 i-D, j=1
R(j) 2 Max{iS(z) IZR(:) B™, ZS(:) ZR(D}

i=l i=l i=l i=}

(IL.5-11)

By applying (I1.5-1) to the (j—1)" time interval, these constraints can be transformed

into:
r it
R(j)< Min{su) +B,(j-D.B™ +B,(j-1- 'Zsa)}

i=j=D,+

< . y j2D

l (IL.5-12)
R(j)2 Max{su)+ B,(j-1-B!™,B,(j-D- ZS(i)}
L i=j=Dy+|

4

(IL.5-11) or (I1.5-12) and (II.5-7) can be used to determine required channel rate for each
picture interval based on picture sizes up to that picture, physical sizes of buffers and
server’s buffer length in the last picture interval. Given the physical sizes of the buffers,
these conditions dictate the way the channel rate should be selected for a given sequence
of picture sizes. However, this approach for video transmission, most of the time is not
applicable. For instance, in a VOD service large groups of users with various types of
connections and limitations have to be served. Under this scenario, users have to adapt

their rates to the channel conditions, i.e. available bandwidth.

There are two solutions for this problem.
1. To use scalable video encoding schemes that allow the rate of video to be adapted to
the network resources [24].

2. To jointly select the source rate and the channel rate [25].
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We believe that these two techniques can be combined. In appendix B, we briefly
explain the principles of the first method. In appendix C, we analyze possible ways to

optimize the system operation using the second method.

I1.6 Jitter Constraints

In this section, we offer an analysis of burstiness and jitter and their relationship from the
point of view of a video receiver. Video is usually decoded and displayed at a fixed rate
in terms of frames per second. Therefore, we choose a video frame as the unit of
reference. When an estimate of channel bitrate is needed, one may consider the average
frame size or the maximum frame size in the video sequence. Remember that for stored

video frame sizes are known in all the sequence, in advance.

Since the receiver decodes the frames at the same rate they are generated at the
sender, any failure in properly delivering them is due to low level of network
performance. For example, in the case of channel congestion some frames will be
delivered to the receiver later than their target arrival time. In other words, video
throughput is less than what is required. On the other hand, when the congestion is
resolved, the network will be able to quickly deliver any amount of data that is available
in the sender’s buffer from past without considering the target frame rate. This
phenomenon is especially true in Ethernet due to “Capture Effect” [49,51] and was
clearly noticed in our experiments. Thus, the traffic arriving from the network is usually
bursty. The most important step in the analysis of jitter is to characterize this burstiness.
Based on the nature of video transmission requirements, it is appropriate to consider the
two extreme cases of sustained bandwidth starvation (underflow condition) and

momentary high data influx (overflow condition).

Define A(t,,t,) to be the number of video frames arriving in the interval [1,,t,).

Then A(a,.a,)) = m— p is the number of video frames that arrive before a,, including the

p* frame where a,(i=12,.,M) is the arrival time of the i* frame at the client and M is
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the number of pictures in the sequence; see figure 3. However, the techniques’ used here

can be applied at different points in the path from the server to the client.

We assume that the decoder’s buffer (play-out buffer) is pre-filled with p frames
before it starts to playback the video. Frames are decoded at a fixed rate of u=1/T

frames per second after t=a,and T is the picture-interval. 4, is the display (or

departure) time of the m" frame.

—_— u=uT

am

> 1L —*
- —»

d

m

Figure.3 Video decoder as a fixed-rate, discrete-time server

We will characterize the burstiness of the arriving traffic by:

1. Minimum sustainable frame rate Prin = Min[X ..., X, ] Where

A(a,,a m-p . . .
X, =—2, n) _ P_ s the average frame rate up to time a, after decoding has
a,-a, a,-a,

started.

1
a,—a

m m-1

2. Maximum instantaneous frame rate p,,, = Max(y,,,,...Y, Jwhere ¥, =

Burstiness of the traffic before playback time is not important.

3 These techniques have been inspired by [21], in which, delay jitter of arriving cells at an ATM switch has
been analyzed.

35



By definition, forany m > p:

m=-p
-
e
y (I1.6-1)
P 2
am —am-l

When the incoming traffic has these constraints, we say that it conforms to

( x> Prin ) and use the notation S, = (0., L) "

Lemma l: If S, =(p,.,.Pus)thenfor m> p:

m—p

Proin

a Sap-i-

m

Proof

From (I1.6-1) this is obvious.

Note:For m< p, a,<a,.

Lemma 2: If S, =( ppue+Puin)thenform> p:

a,2a,+ i
Proax
Proof
From (11.6-1) it can be seen that:
a,2a,, +L (I1.6-2)

By applying (I1.6-2) recursively, this lemma can be proven. QED.

By combining Lemma 1 and Lemma 2, range of variation of arrival time of the m "

frame can be found to be:

* A similar characterization of traffic and a complete network calculus based on that can be found in [22].
We have applied these techniques to a video traffic.
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<a, >=ﬂ:£ 1_£."_‘£'.

Define burstiness of frame m > 1to be the difference between its target and its actual

inter-arrival time at the play-out buffer relative to its previous pictures:
b,=a,-a,,-T

Burstiness of a frame can have positive or negative values depending on whether it

arrives after or before the target inter-arrival time, respectively.

Lemma 3: If S, =(puesPoin) then for m > p:

(m—p)[ L _ l]+ ! -—l-SbmS(m—p)[ t 1t ]+ 1
Prax  Prinl Pmin H Prin  Pmax] Pmx H

Proof

This is easy to see from Lemma | and Lemma 2 and the definition of burstiness. QED.

Note that if p_,, =p,. =p then b, =-:7-;ll- and in particular if p=u (i.e. video

arrives at the rate it is decoded) then b, =0. Ifp # u, then b, is a constant, which is

either always positive or always negative as shown in figure 4.

b 4

p<u

P+1

p>u

Figure.4 Burstiness as a function of frame number
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It is easy to see that the range of variation of b, is:

<b, >=____2(m—p)-—l(l__pm)
min pmax
Prin. can be used as a measure of burstiness of the traffic.
Poax

The following relationships are obvious:

d, = Max[d,,,-pa,,,]'*'l ;form=22 (11.6-3)
u
_ 1
d =a, +; (IL6-4)

When a, 24d,_, (which happens only for m > p), there is a gap between the display time

of the (m-1)" frame and the arrival time of the m" frame. Let this gap be i, .

im =a, -dm-l P On > dm-'

i, =0 : a, <d

j
Let 1(i, j) be the sumof i,’s between the i and the j* frame; then I(i, j)=Y i, .

n=i

In all the analyses that follow, we will assume that u 2 p_, , otherwise video

would be decoded strictly slower than it arrives and every frame is present before its
target decoding time, thus jitter does not exist but buffer length will always grow without
bound. In that case, the decoder would be a server with a mean service rate slower than
the mean arrival rate, because the mean arrival rate is obviously larger than the minimum

sustained arrival rate.

Jitter is defined as the variation of frame delays at the display time. If all the
frames in a video sequence experience the same amount of delay in the path, jitter is zero

for every frame because their arrival times at the client are equal to their generation times
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plus a common end-to-end delay. In other words, each frame arrives T seconds (target
inter-arrival time) after its previous frame. In that case, inter-departure times will also be
equal to T (target inter-departure time) since they are decoded one every T seconds.

Therefore, jitter can be defined as the deviation of inter-departure time of two

consecutive frames from the target inter-departure time. The jitter of the m™ frame can

be written as:
f,.:d,..‘d,.._;-'i ;form>p
u
For m< p clearly j, =0.
For m> p:
Jpy=d,_—d L
m-l m-1 m-2 #
Using recursion;
$iimd,-d -"=P g -[a, +£]_u
n=p+l M ,u ,u
Then;
m m
d,=a,+—+ Z Jn
n=p+l
— m=1
d,_, = a,+——+ ) j,
n=p+l

From the definition of jitter;

- m-|
jm =dm -|:ap +ﬁ_l+ zjn]-i
n=p+l ﬂ

Thus;
m—|
n =d,-[a,,+—';1+ Zi,.]

n=p+l
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Let D, denote the delay of the m” frame by the play-out buffer. Then for all m:

D,=d, —a, —% =(d, -d,)-(a, -a,)

Form<p; d,=a, +l+m_—l and
4 U
Dm=d,,,—a,,,---i=ap+m-l-a,,l
u Hu

For m > p; according to definitions given above:

Dm = jm+dm—l “&m
bm = am -am-l _l
7]
from there;
Dm = jm _bm +dm-l =8y _—l" = jm _bm + Dm-l
7]
So;
Dm-l = jm-l -bm-l + Dm—2
By recursion:

D, —2],, Zb

n=p+l n=p+l

In a video-on-demand application, once the decoding has started, pictures have to arrive
at a fixed rate of 4, but even the pictures that do not meet this deadline are used. In
other words, in VOD as a presentational application, there is no reason to drop late
pictures. In these applications, delay jitter is the important factor not the delay itself. In
fact, that is why we can have buffers at the server and the client. These buffers are used

to buffer pictures before and after congestion at the server and the client, respectively.
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However, in conversational applications, in order to keep the synchronization between
the server and the client, any late picture is dropped and having big buffers does not make
sense. The present analysis is applicable to conversational applications by substituting

p=1 or another small value depending on the delay tolerance of the application.

Now, we are ready to relate the incoming traffic to the outgoing traffic.

Theorem I : If S, =( PraxsPumin)then S, =(4.p.;,) forall m.

Proof
Lower bound:
1

Ifa,2d,, ;(I.6-3) = - =apy +i— 2d,_ +—

1 1

Ifa,<d,, ;I6-3) = w=d +;l- 2d,  +—

m-1

Hence

Therefore, forany m22,u 2Y".

Upper bound:

We use induction.

Stepl: If a, <d, (e.g. whenp>l) = d,=d, +ﬁ5d' +L.

Prin

If a, >d, (only whenp=l) = d,=aq, +i

From Lemma |, m=2,p=1 = aZSa,-i'——l— = d25a1+l+ !

min pmin

1 1
+—=a, +—

But d=a
R !
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So

d,<d +
Hence
P 1
nun dz _'dl
Step2: If d,, <d, + m-1 we show that d,,, < d, +2 .
min pmin
If a,, <d, = d,,=d,+-sd+21s]
.u pmin Au
If L > dm = dnu-l = am+l +l
From Lemma |, for m>p we have a,,, <a,6 + -
pmin
a,. Sa,;thus for m>1:
d,,<a,+ - +—l-
pmin ”
m
(11.6-4) = d,, <d+
pmin
Therefore;
m-1
n S
Prin d.—d
So,for m>1, p_. islessthanany X* = d’" ""1 . QED.
m- &
Theorem 2: If S,, = (Pp0c+ Puin) then:
0sj, S;-—l- ;m>1
Pun H
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p min

and for m < p obviously

(I1.6-5)



m—-1 m-p

<p <mzl.m=p . L5 (IL6-6)
ﬂ pmm pmin pmnx

Proof

Since S, =(U4,p,;,) forall m>1;

d,+m———l-$d,,, sd,+m—l
u

So;
d+Mm2<y <4 +m2
By the definition of jitter;
05 j, s~
p min #

This makes sense because in the output, frames can only be late for display and never
1

early. Besides, maximum jitter is j, = that happens if 4 >> p,.. .
Also;
mlca —a<m! (L6-7)
H Prin

For m > p, according to the definition of delay:

m-l-a,,-f-ap <D, < m-1

” pmin

-a,+a,

By using lemmal and lemma?2, (I1.6-6) is easily obtained. Furthermore, since for m < p
we have a, < a,the upper bound of (I1.6-6) is valid for all m. QED.
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(11.6-5) can be used to estimate p,,, for a given level of acceptable jitter. If this value is

(Jm)max » then:

pmin =
~+ (o) max
Lemma 4: For all m;
1
d,2a,+—
Y7,
d,2d,  +
Proof
Ifa,2d,, = dmzam+l2am+-l— . d,2d, ,+—
U H
Ifa,<d,, = d,=d_++ 24 ++, d 2d_ +-
u

Theorem 3: Forallm; D, 20.

Proof

Obvious from the definition of delay and lemmad. QED.
Consequently;

Siz S,

n=p+l n=p+|

(I1.6-8)

QED



Theorem 4: If S, = (Ppaxs Pmin) 30d U = p,,, then;
j.=0 ;forallm

D, >p-1 ; for m>p
U

Proo,

This can be proven using Theorem 2 and makes sense, intuitively, because the video
sequence is displayed at the same rate as the minimum arrival rate. However, buffer

length at no time will be decreasing.

Theorem 5: If S,, = (Ppuxs Prmia) A Py SUS poothenfor m> p:

D £— ——
o4 Pras
Proof
First we show
a, > a, ,+ L + im (II6-9)
d,=d,, +l+ i, (I1.6-10)
H

- Ifa 2d form>p we have i, =a, -d,_;

m = “m-1 * m

. | R 1 .
a,=d, +i, 2a, +—+i 2a, +—+i,
max

and

d,=a, +-l-=d +-l-+i,,,

m-1
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- Ifa, <d

'm m-}

we have i, =0. Thus;

m-i

d =d_ +i=d_ +i+i
u u

1.
Lemma2 = a,za,  +—+i,.

max

Now we show:

m-p

a,a,+ +1(p,m) (m.6-11)
d =d+"L 1 1(p,m) (I6-12)
y7i
From (I1.6-9);
a,,za,,+ +i,_, , a,2a,, -i-L +i,
= a,2a, ,+ +I(m—-1,m)
By applying (I1.6-9) recursively;
a,2a, +m—p +I(p,m)
Similarly, with recursion, (I1.6-12) can be proven.
From (I1.6-11), (I1.6-12) we have;
d,—-a, <d, +m—-l+1(p,m) -a,- n-e -I(p,m)
H max
Thus;
D, < m-l_m-p QED



From there, the maximum value of delay can be found to be:

M-1 M-p _
H Prna

D =

D,

When M, ¢ and one of p_,,,p are known, the unknown parameter can be found for a

given maximum tolerable delay. From maximum delay we can obtain the minimum

physical size of the play-out buffer in terms of number of frames:

D, |M-1 M-p
B =" =[ R ];t (IL6-13)

I1. 7 Summary

In this chapter, we investigated fundamental requirements of video transmission. In the
case of stored video, we found that (I.5-12) reflects overflow/ underflow constraints of
the buffers at the sender and the receiver. Besides, in (II.5-8) we obtained a minimum

overall size for these buffers.

The main results of our jitter analysis are (II.6-8) and (I1.6-13). From the former,
we can find an underflow avoidance condition on the minimum sustained network
throughput given the maximum acceptable jitter by the viewer. The latter can be used to
find a minimum for the physical size of the buffer at the video client in order to avoid
overflows. Using this value and the minimum overall buffer size in (II.5-8), the

minimum size of the sender’s buffer can be found.

In these formulas, p_, and p,., can be thought of as hypothetical limits on the

burstiness of a successful video traffic. Any video transmission process must remain

between these boundaries. If at some point during the transmission, for example, the
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sustained minimum frame rate is evaluated to be less than p_,, . a request for bandwidth

increase must be issued.
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CHAPTER IIT

EXPERIMENTAL WORK

In our experiments, we considered the combined effect of delay jitter and data loss on the
quality of an MPEG-2 video, transmitted over a dedicated 10 Mbps Ethernet. Studying
delay jitter independently from the loss, in such an environment, is not possible.
Because, if MAC frames carrying the video data belonging to a certain video frame are
delayed long enough to create jitter, they are most of the time dropped by NIC at the
sender due to random back-off algorithm. Note that the only reason for delay in
transmission of a MAC frame is a loaded channel that can cause collisions and therefore

make that packet subject to random back-off algorithm.

The only way to study the effect of jitter, solely, on QoS is to have a lossless full-
duplex Ethernet. However, with that configuration, nodes can not be directly connected
to the channel. Instead, a switch should be used. In that case, buffers of the switch must
have enough capacity in order to have a lossless transmission in presence of some level
of background traffic. Unfortunately, in our project we could not prepare such an

environment.

Video-Server Testset

Video-Client

Figure 5. Experimental Set-up
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Figure 5 depicts the set-up for the experimental phase of the project. The server, the
client and the test-tool were all connected to an isolated |0BASE-T Ethernet. In these
experiments, subjective rating of video quality and loss rate were used as user-level and
application-level QoS parameters, respectively. Also, inter-arrival times of MPEG
frames and IP-packets were measured in order to be used in finding appropriate
application-level and IP-level QoS metrics, respectively. All these items were measured

under different load conditions and their relationships were investigated.

I11.1 Elements of the system

H1.1.1. Video server station

A 300 MHz Pentium-II with 128 MB-RAM was used as the video server. Debian
GNU/Linux 2.0.33 was chosen as the operating system due to its superior networking
capabilities and available open source kernel, which makes it ideal for lab environments.
Two SCSI hard disks with a capacity of 6.2 GB/each were installed on this machine
which contained the VOD server application and the MPEG-2 bit-streams. The video
server was equipped with a 10 Mbps Ethernet adapter.

H1.1.2. Video client station

A 300 MHz Pentium-II machine, similar to the server with 128 MB-RAM and
running Debian GNU/Linux operating system, was used as the client. The client took
advantage of a Vela 2000-0206 MPEG-2 video decoder board [61]. A 3.4GB IDE hard
disk was installed in this machine to prevent possible SCSI device conflicts with the
video decoder, which had a generic SCSI interface.

1I1.1.2.1. MPEG-2 Hardware Decoder

A VELA 2000-0206 ISA SCSI-I MPEG-2 video/audio decoder board
[61] developed by Vela Research Inc. was installed in the client machine. This
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decoder has been designed to handle compressed digital video from NTSC
resolution MPEG-1 (352 x 240 pixels) to CCIR —601 (ITU-R-601) resolution
MPEG-2 (740 x 480 pixels) and half D-1 (352 x 480 pixels). It also supports
PAL resolutions of 704 x 576, 352 x 576 and 352 x 288 pixels.

The decoder has a SCSI-II fast/wide, single-ended (16-bit) interface. All
commands and data to the decoder are transferred via the SCSI bus and the ISA
interface is used only to power up the board. This decoder supports MPEG-2
program streams and transport streams at data rates of up to 15 Mbps. Thirty 64-
KB buffers can hold up to 1.92 MB of MPEG data for playback. The video
output of the decoder was fed into a color TV monitor as composite video. Audio

was sent to the TV monitor through a balanced stereo output.

The decoder can perform flow control over the input video by using the SCSI
Disconnect-Reconnect commands. For a host adapter, the decoder was connected
to an Adaptec AHA-2940 Ultra-wide SCSI-II PCI bus card.

The Vela decoder has been originally designed to function under Windows
NT. Therefore, the device driver application for Linux had to be developed as
part of the project as well as a prototype video transmission application. The
device driver application, after pre-loading 16-29 buffers of the decoder issues a
playback command and then continues to send 64-KB blocks of video data to the
decoder.

II1.1.3. Testset

InterWATCH 95000 (IW95000) ATM/LAN/WAN protocol analyzer developed

by GN-Nettest [62] was used to measure the traffic sent over the network. However, a

piece of program had to be written in order to calculate the MAC-frame inter-arrival

times as well as the mean, variance and distribution based on timestamps obtained from
the tool. In addition to its wide range of capabilities for ATM networks, IW95000 has
many LAN-related features. The following are some of its main features:

Graphical user interface based on Solaris 2.5.1.
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o T-layer protocol analysis.

« LAN /O modules support 2 ports, which can be, configured as dual Ethernet.

This allows the testset to both, monitor and generate traffic using the same

module.

« Non-intrusive (monitoring and performance analysis) and intrusive (traffic

generation) tests and measurements.

The server, the client and the test-tool were all connected to an isolated 10BASE-T

Ethemnet with a star topology (see Figure 5).

I11.2 Video Clips
In order to understand the behavior of Ethernet when carrying MPEG-2 bitstreams, the

video sequences in Table | were used in our experiments.

Sequence Modality | Q - Factor Bit Rate | Encoding Rate
(Mbps) (frames/sec)
Hook 10q.mpg VBR 10 24
Hook20q.mpg VBR 20 24
Martin10q.mpg VBR 10 24
Martin20q.mpg VBR 20 24
4HD1AFFP.MPG CBR 4 30
4HDI AFFS.MPG CBR 4 30
6HD1AFFT .MPG CBR 6 30
6HD | AFFP.MPG CBR 6 30
8FD1FOEP.MPG CBR 8 30
8FDIFOES.MPG CBR 8 30

Table 1. MPEG-2 Video Sequences
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All CBR bit-streams are almost 60 seconds long while VBR bit-streams are only 10
seconds long. So, VBR sequences were concatenated 6 times to make them almost equal
in duration to the CBR sequences. The number of bits per picture for these sequences
were obtained using an application called “mpegstat” (see Figures 6 through 15). Notice
the difference between a VBR and a CBR video. For the CBR sequences, the running
mean can be easily visualized from the figures while for a VBR sequence, the mean

varies depending on the contents of the video sequence.

II1.3 Background Traffic

IW95000 was used to inject background load into the network. This background traffic
is actually a continuous stream of fixed-size (64 bytes)’ Ethernet frames that imposes a
specified utilization of the channel bandwidth. In fact, the traffic generator attempts to
transmit at the specified load by adjusting the gap between generated packets, following
Ethernet MAC specifications. For any level of load, this gap is a different, but fixed,

value.®

Experiments were conducted for 0%, 75%, 95%, 96%, 97% and 98% background
load. The reason for choosing these values was the following; we noticed that for loads
below 95%, background traffic had virtually no effect on the MPEG traffic. On the other
hand, for 98% load the quality of video was so poor that it deemed totally unacceptable
and tests for higher loads were not necessary. Indeed, with that level of load most of the
time the video could not even be displayed. The reason for this, seems to be the loss of
the first packet that contains MPEG-2 Sequence-Header-Code. Similarly, sometimes the
client application would not properly end because the last packet, which is used to mark

the end of transmission, was lost.

Using VOD system, video sequences were transferred from the server to the client
under different load conditions.

5 According to (46}, 80-90% of packets on a typical Ethernet have a length of 64 bytes.
¢ As noted in [49), this results in the worst case throughput in Ethernet.
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Figure 6. Picture Sizes: hook10q.mpg, VBR, Q=10, 24fps
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Figure 7. Picture Sizes: hook20q.mpg, VBR, Q=20, 24fps
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Figure 8. Picture Sizes: martinl0q.mpg, VBR, Q=10, 24fps
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Figure 9. Picture Sizes: martin20q.mpg, VBR, Q=20, 24fps
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4HD1AFFP
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Figure 10. Picture Sizes: 4HD1AFFP.MPG, CBR, 4Mbps, 30fps
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Figure 11. Picture Sizes: 4HD1AFFS.MPG, CBR, 4Mbps, 30fps
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Figure 12. Picture Sizes: 6HD1AFFT.MPG, CBR, 6Mbps, 30fps
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Figure 13. Picture Sizes: 6HD1AFFP.MPG, CBR, 6Mbps, 30fps
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Figure 14. Picture Sizes: SFD1FOEP.MPG, CBR, 8Mbps, 30fps
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Figure 15. Picture Sizes: SFD1FOES.MPG, CBR, 8Mbps, 30fps
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I11.4 Protocol Architecture

The VOD (Video on Demand) application consists of a server and a client. The server is

single threaded, i.e. it can have only one client but it can be upgraded to a multi-client

server. MPEG-2 video files are stored on the server and are transmitted to the client upon

its request. Figure 16 shows the protocol stack implemented at the server and the client.

UDP (User Datagram Protocol) was chosen as the transport protocol for two reasons:

1. Video applications are very demanding in terms of bandwidth. The overhead
imposed by UDP is only 8 bytes per datagram.

2. Video applications are delay sensitive. Therefore, most of the times they can not
tolerate flow control mechanisms such as retransmissions used in TCP. Also, small

overhead of UDP requires little processing time.

VOD Application

MAC (IEEE 802.3)

Physical

Figure 16. Protocol stack at the server and the client

I11.5 Protocol Data Units

Every time an application-frame is fragmented into UDP-datagrams an IP-header of
length 20 bytes is added to each UDP-datagram to form an [P-datagram. Thereafter, the
IP-datagrams are passed to the physical layer, i.e., Ethernet. Since the MAC-frames
(Ethernet-frames) can convey at most a payload of 1500 bytes, an [P-datagram may need
to be segmented into two or more Ethernet-frames. In this case, an [P-datagram is broken
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into a few 1500-byte IP-packets and perhaps one [P-packet shorter than 1500 bytes, each

of which carries the same IP-header but it also has a segmentation offset that is needed

for reassembly at the destination. Then, an 18-byte MAC-header is attached to each IP-

packet to form a MAC-frame. Figure 17 depicts the protocol data units at the various

levels of the protocol architecture.’

8 Bytes
Appl. MPEG-2 Data
Header
8 Bytes
uDP
Header
20 Bytes
P
Header
Seg. IP-H Seg. IP-H
Offset Offset
18 Bytes
MAC-H MAC-H
Figure 17. Protocol Data Units

II1.6 Scheduling of Video Traffic

\'0)))
Packet

ubDP
Datagram

P
Datagram

P
Packets

MAC
Frames

As was mentioned before, we have considered future enhancement of this application to a

multicast system. This will require the design of a scalable communication system. For

instance, controlling the flow of video stream making use of feedback from the clients

does not make sense in such an environment.

In the absence of such flow control

7 For details on segmentation procedures and communication protocols refer to any data communication
book such as [56),[57] and [58].
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mechanisms, we are required to design proper mechanisms to avoid overflowing or
underflowing the client’s buffers when delivering the video stream. The Real Time Clock
(RTC) of Linux has been employed at the server to properly schedule the transmission of
video streams. Using this facility we make sure that the rate of picture transmission does
not exceed the rate at which the decoder can process the video stream. This rate is

actually the encoding rate of the video sequence typically 24 or 30 frames per second.

To perform this task successfully, the video file is processed using “mpegstat”
application where the picture sizes are obtained in terms of bits per picture. This way the
video delivery process knows the size of the video frames, in advance. Before a picture is
sent to the client, a portion of the file as big as the picture size is read from the hard disk
into the memory. In order to reduce the burstiness of the video traffic, pictures within
each second are not sent back to back. Instead, each picture is sent in an appropriate
fraction of a second (referred to as a picture-interval in our analysis in the previous
chapter) so that we will eventually keep the desired picture rate. This fraction depends on

the encoding rate.

To reduce the burstiness even further, each picture can be divided into PPF
(Partitions Per Frame) partitions and sent gradually but in a way that the picture rate is
kept constant. Equivalently, the server can control the maximum amount of data that is
carried by a packet (TR_BLK_SIZE). These two methods can be combined.

Every time the server’s UDP socket is invoked, a UDP datagram is sent to the
client’s UDP socket. If a partition of the current picture (if PPF=1 the whole picture is
considered one partition) is smaller than TR_BLK_SIZE, it will be sent. Otherwise, it
will be further divided into sub-partitions as shown in Figure 18.

The VOD application introduces an overhead of 8 bytes per packet that is merely
used for measurement purposes at the client and has no role in the video transmission
process. Therefore, “TR_BLK_SIZE + 8” is an artificial maximum for the PDU
(Protocol Data Unit) length of a UDP datagram. This 8-byte header contains two fields,
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the first of which carries the number of picture to which the packet belongs (pic-no). The
second filed holds the number of packet within that particular picture (id).

Picture #i
Sub-partition
#1
Partition e . Partition
#1 ® #PPF
Sub-partition
#k
Pic-no |id sub-partition

UDP-datagram payload

Figure 18. Partitioning a picture

As noted above, depending on the encoding rate of the sequence, a fraction of a second is
allocated to each picture. If the transmission of a picture takes less than the allocated
time interval, the server waits until the end of picture-interval before it starts delivering
the next picture to its UDP socket. On the other hand, if a picture is so large that the
transmission time exceeds the picture-interval, the server starts sending the next picture
immediately. However, this will reduce the overall picture transmission rate slightly and
the server will not try to compensate for that. For instance, in video sequence
“6HD1AFFP.MPG” whose trace is shown in figure 13 many frames are of size 500,000
bits or larger. With a transmission rate of 10Mbps each of these frames need at least 1/20
seconds to be sent. Thus, each one of them adds (1/20 — 1/30) seconds to the
accumulated delay. Clearly, if such large pictures are numerous, after a while the
decoder buffer will run out of data and the viewer will experience a picture freeze in the

video. As possible solutions for this problem, the following procedures are suggested:
Procedure 1.Collectively Reduced Picture-interval Scheduling:
For each sequence, adjust the length of the picture-interval based on empirical statistics

of the video so that overall transmission rate of 30 fps (24 fps) is achieved. In other
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words, for some video sequences that have many large pictures we need to allocate less
than 1/30 (1/24) sec to a picture. At first, the contrary may seem right. However, if small
pictures occupy time slots that are slightly shorter than 1/30sec, they can compensate for
those pictures that need more time to be transmitted. Figure 19 helps explain this idea.

Pic#1 Pic#2 | Pic#3 | Pic#4 Pic#301
0 1730 230+ 0 330+0 1 1+6
Pic#1 Pic#2 Pic#3 Pic#4 Pic#30
L | | > !
0 131 231+ 6’ 31+ 3031+ 6°

Figure 19. Collectively Reduced Picture-interval Scheduling

Consider a 1-sec interval and suppose that one picture (pic#2) among 30 pictures takes
(1/30+9) sec to be transmitted. Using the first scheme (depicted in the upper part of
Figure 19), we need (1+ 4 )sec *2 send all 30 pictures. Now, consider the second scheme
(depicted in the lower part of Figure 9) in which 1/31sec is allocated to each picture. The
second frame needs (1/31+6”) sec to be sent (8” > & ). However, the total time needed to
transmit all the pictures is (30/31+0") sec which is less than 1 sec as long as
6 <1/31sec.

Procedure 2.Delay Compensation Scheduling:

It was previously mentioned that the current VOD System does not redeem for those
pictures whose transmission times surpass the designated picture-interval. Though not
very efficient, this method of video scheduling is easy to implement. The Delay
Compensation Scheduling that is introduced in this section is more elaborate but it could
solve the delay problem. In this scheme, every small picture can participate in
eliminating the total lag (L) that is produced by large pictures. Any picture #j whose
estimated transmission time (e;) is shorter than the target picture-interval (T) can donate

its spare time to reduce the total lag (L). In this system, the scheduler should be able to
anticipate the transmission time of each frame. If F; is the size of picture #j and R is the
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transmission rate, then simply e; = F;/R. The effect of errors in this estimation can be

masked by buffering video at the receiver. In this mechanism, picture-interval

dynamically changes to maintain the required frame rate but it can never exceed T.

The amount of time that a picture can contribute to reduce the backlog depends
not only on its own estimated transmission time but also on L. In other words, the VOD
system sends one picture every T seconds unless there is a backlog, in which case it
reduces future picture-intervals until L becomes zero again. The flow diagram in figure

20 presents this algorithm.

Due to the time-dependent nature of video, pictures have to meet their deadlines.
Therefore, if L exceeds some threshold, delivering delayed pictures, especially in
conversational applications, is pointless and they may have to be dropped. However, this
problem can be overcome by buffering at the receiver-end and starting video display a

little later than the first picture arrives.

Other Techniques

The problem of scheduling a bursty video traffic® has been addressed by many researches
[32-36]. The techniques that are developed in this area are called bandwidth smoothing
methods. Procedures 1 and 2, though somewhat crude, can be placed among these
methods. More sophisticated traffic smoothing schemes include [32]:

« Average Bandwidth Allocation algorithm (ABA)

o Critical Bandwidth Allocation algorithm (CBA)

« Minimum Changes Bandwidth Allocation algorithm (MCBA)

« Minimum Variability Bandwidth Allocation algorithm (MVBA)

« Piecewise constant Rate Transmission and Transport (PCRTT)

In the case of prerecorded video, these algorithms take advantage of prior knowledge of

the picture sizes. The main idea here is to transfer some of the load of large frames to

¥ Compressed video is intrinsically bursty due to its frame structure and scene changes.
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smaller frames. This way, large frames can be sent at a slower rate than they require and

still meet their deadlines.

Based on the frame sizes and the size of the buffer at the receiver, these methods
generate a transmission plan that consists of some fixed-rate runs. The goal is to reduce
the peak bandwidth requirement with the minimum number of runs. Note that, every rate

change at the beginning of a run requires bandwidth negotiations with the network.

f Y

7

Wait for e, = F,IR
T-e,

Send 0 YESNO L=L+(e,-T) || Send

L=L-min(L,T —e,)

L>0

NO
Send  |————— Waitfor T ~¢; —min(L,T -¢;)

Figure 20. Delay Compensation Scheduling

IIL.7 System Parameters

TR_BLK_SIZE: Since the maximum allowable length of a UDP-datagram is 64 KB,
TR_BLK_SIZE can be at most 64 KB less 16 bytes to account for 8 bytes UDP-header
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and 8 bytes application overhead per packet. However, for all the experiments, this
parameter was set at 32 KB. The reason behind this selection was that after a few trials,
the loss ratio due to collisions seemed to be higher in presence of load when very large
UDP packets were used. This observation can be justified noting that a complete UDP
packet is lost if any of its constituent [P packets is lost. Therefore, longer UDP packets
represent larger steps in data loss accumulation. On the other hand, very small UDP
packets introduce more overhead and also more I/O operations specially at the client that
can cause delays and perhaps data loss due to receive-socket buffer overflow even with

no-load condition.

The true impact of TR_BLK_SIZE on the video transmission has yet to be
explored. The effect of /O overhead on the performance of VOD application was proven
in practice when the original 128 MHz CPU was upgraded to a 300 MHz CPU. While
8Mbps video sequences could not be successfully received and viewed with the slower
CPU, after replacing it, not only could we receive the bit-streams without any loss in the
socket buffer but we could also activate the monitoring features of our application which
also involved a great deal of /O overhead and kernel space procedures. The VOD
system was also proven to be very demanding in terms of CPU-time consumption at the
server. Any process running simultaneously on the server could slow down the rate of

transmission and cause pauses in the picture.

Another reason for choosing 32 KB for TR_BLK_SIZE was the fact that for some
of our video clips that contain pictures larger than 32 KB, we would have the opportunity
to study fragmentation of MPEG-frames into more than one packet and distinguish
between application and UDP layers.

PPF (packet per frame): It was set to 1, i.e., pictures were not partitioned before being

passed to the transport layer for reasons similar to those mentioned above.



Socket Buffers: The default value for the socket buffer size in Linux is 64 KB. However,
it has been observed that this parameter plays an important role in the process of video

transmission and its effect has to be closely investigated.

In the absence of load, send-buffer does not seem to originate any problem even
when it is much smaller than the default value. As a matter of fact, for the video
sequence ‘6HD1AFFS.MPG’ we found a buffer of size, oddly enough, 3400 bytes to be
sufficient but necessary. Receive-buffer on the other hand, is more stringent. For the
same sequence, under no-load conditions the minimum required buffer-size at the client
was measured to be 55000 bytes. Although, one should note that 1-min video clips may

not be long enough to cause an overflow situation.

In the presence of load, the default value may not be large enough for an MPEG-2
application especially for the send-socket buffer. As was explained before, the server
sends each picture in a picture-interval with no attention to the conditions of the network.
So, if the network is congested the data received from the application has to be stored in
the socket buffer before gaining access to the channel. Under heavy-load conditions the

required buffer space could be much more than 64KB.

On the other end of the channel, the client’s socket has to also be larger as the
network load increases. This is due to the fact that as soon as the server gains access to
the channel, it will attempt to transmit all the data accumulated in its buffer. This may
result in an overflow condition at the client’s receive-buffer. Obviously, if the client
replenishes its socket buffer at a slower rate than it receives data from the network

(maximum 10 Mbps) overflow is inevitable.

Similar behaviors have been reported for Ethernet in [45] and [49]. Authors of
these papers have noticed the effect of background traffic and large pictures in creating
long delay variations (jitter) and consequently overflow/underflow situations. They

classify the jitter of Ethernet frames as follows:
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1. Pre-capture Jitter: When the channel is busy, the first MAC frame in the
sender buffer has to wait to gain access to the network (Deferment Jitter). In
this case, all the packets behind this one experience head of queue jitter.
When a collision occurs, one of the other nodes may capture the channel.
This makes the packets in the sender buffer to experience collision jitter.
Collision jitter can be as high as i(Z"““‘“"’ —1) time slots or 263 msec for a

i=l
10 Mbps Ethemnet where time slots are 51.2useach. Deferment jitter is less
significant. The maximum length of a background traffic packet is 1518 bytes.
So, the maximum amount of time a video packet has to wait to attempt
transmission is:

1518x8
10Mbps

+9.6us =1.2ms

Pre-capture effect results in packet clumping where many packets are stored in the

sender’s buffer.

2. Mid-capture Jitter: when the sender finally gets the control of the channel
after a period of pre-capture, it is likely to transmit many packets that have
been clumped in its buffer. Capture effect contributes to this process. This

will result in small inter-arrival times at the receiver.

Another factor that may contribute to overflow problem at the client is the fact
that the decoder is only able to accept 30 pictures per second and it has only 1.92 MB to
store video data. So, the extra amount of data has to be kept temporarily in the receive-
socket buffer.

In order to avoid the possibility of overflowing the socket buffer, the socket buffer
space was increased to 1.5 MB on both sides. To make sure that this value is large
enough, a modified version of VOD software was used where 30 pictures were sent in a

row within 1-sec intervals instead of sending one picture at a time. Under no-load
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conditions, no overflow was experienced. Indeed, for the sequence “4HD1AFFS.MPG”
a 410,000-byte receive-buffer and a 3400-byte send-buffer were big enough. Therefore,
with the original VOD system these buffers can accommodate periods of no-access to the

channel up to at least 30*1/30=1sec.

At the time these experiments were conducted, the analyses in chapter II had not
been completed. If this was not the case, condition (II.5-6) could have been used to
estimate the overall required buffer sizes at the server and the client for each sequence.
Despite the fact that large buffers introduce large delays, we decided that in a VOD

system, as a presentational application, preventing data loss is more critical.

Under these conditions, the main source of data loss will be the random binary
exponential back-off algorithm when the VOD application attempts to gain access to the

channel.

In order to increase the accuracy of our results, for each sequence and for each
load condition, tests were performed five times and an average of the five trials was used
in the analysis stage. In each trial, along with some other things that will be mentioned
in future sections, inter-arrival times for MPEG-frames, UDP-datagrams and Ethernet-
frames (from hereon the term data-unit may be used equivalently for all these data
structures) were measured. Then first, second and third moments of them were

evaluated.

I11.8 VOD System Operation

When the server is launched, it opens a socket and waits for a call from the client. If it
receives a request it sends an acknowledgment back to the client and opens the video file.
Then client sends a message indicating that it is ready to receive the video. The server
starts by sending the pictures reading one picture from the hard disk at a time until the
end of the file is reached at which point the server stops transmitting and exits. The last
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packet sent to the client is always an empty packet that the client interprets as the end of
transmission and stops reading from its socket. The video decoder has thirty buffers of
size 64KB each (1.92MB in total) to store the data before decoding. The playback delay
depends on the video trace. For example, for a 4Mbps encoded video clip under no-load
condition, if 20 buffers have to be pre-filled this delay can be found to be:

20 x 64 KB

= 2.56 sec
4 Mbps

One of the decoder’s requirements is that it only accepts data in blocks of 64 KB.
Thus, the client application makes sure not to pass the data read from the socket to the
decoder before at least 64KB of data is available each time. Hence, the data is read from
the socket into a temporary buffer of size 128 KB in the main memory first. Since UDP-
datagrams have different lengths (always less than 64KB) the accumulated data in this
buffer may be more than 64 KB before being transferred to the decoder. The portion of
the data that is not sent to the decoder is copied to the beginning of the 128KB buffer and

future data are stored in this buffer in a way that the order of received data is preserved.
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CHAPTERIV

MEASUREMENTS AND RESULTS

IV.1 Performance Metrics

In this chapter, first we explain how the VOD application and IW95000 test-tool were
used to perform measurements on the traffic. A list of statistics that were obtained for
inter-arrival times of IP-packets and MPEG frames is provided in section [V.2. Finally,

in section IV.3 we analyze the measurements of interest.

IV.1.1 Application Level

Data Loss Ratio: The server application reports the size (in terms of bytes) and the
number of each picture being transmitted as well as constituent packets. Also, at the end
of transmission it reports the total number of pictures, packets (UDP-datagrams
equivalently), video-bytes and data-bytes that were transmitted. In case pictures are
being partitioned before transmission, the size of each partition is also reported. This

data can be saved in a file and be reviewed later.

On the other side, the client application records information that pertain to the
received data such as pic-no, packet-id, size of pictures and size of packets. By
comparison, one can identify the lost pictures or packets. A picture is considered lost if
none of its constructing packets are received. At the end of transmission, the client
reports the total number of pictures, datagrams, video-bytes, data-bytes and the duration
of transmission. Using this information and the corresponding items reported by the
server, the amount of lost data can be found in terms of bytes, datagrams and pictures.

The client also records the offset time of arrival of each UDP-datagram and each
picture in separate files along with corresponding pic-no and packet-id. Using these files,



one can know the approximate time that a certain lost part of the video was supposed to

arrive.

Inter-arrival Times: Using the above information, the delay between arrivals of two
consecutive pictures or datagrams can be calculated. By processing this data, the
frequency distribution of picture inter-arrival times and datagram inter-arrival times as

well as their running averages can be found.

Decoder Buffer Occupancy: Every time the client attempts to write a block of 64KB to
the decoder it also inquires the number of decoder buffers that are full at the time and
records that in a file (buf_occ) as well as the current time. This way we can study buffer

requirements of different video sequences.

Socket Input/Output Rates: When the server finishes writing one picture to its socket, it
computes the time passed since the end of last picture (last_time_passed) and then
registers the ratio “pic_size/last_time_passed” in a file as well as the current time. Note
that this value is in fact the source rate, which is input to the socket not to the network.
At the end of transmission it also reports the mean rate which is the total number of bytes

transmitted divided by duration of transmission.

Similarly, every time the client reaches the beginning of a new picture, it
computes the time passed since the beginning of the current picture (last_time_passed)
and records the ratio “pic_size/last_time_passed” along with the current time in a file.
Note that this value is not the socket throughput rather it is the output of the socket,

which depends on how often the client reads from the socket.

IV.1.2 Network Level

Network Utilization: TW95000 plots the level of network utilization versus time by
MPEG-2 traffic generated from the server as well as total utilization in case there is a
background traffic on the network. An average of both quantities is also available.
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Network Throughput: TW95000 plots the bandwidth consumed in terms of bytes/sec
versus time for the MPEG-2 traffic as well as the total occupied bandwidth if there is a
background traffic. A separate graph is provided by the test-tool that shows throughput

in terms of MAC-frames per second. An average of these quantities is also available.

MAC-frame Inter-arrival Times: TW95000 can decode Ethernet frames according to a
specified protocol filter. The arrival time of each frame is given which can be used to

calculate the inter-arrival times (with | #sec precision).

Collision Counts: TW95000 can monitor the number of collisions between stations
connected to the network as well as collisions between stations and its own traffic

generator.

IV.2 Statistics

For each sequence and for each load condition the following statistics were obtained for

data-units inter-arrival times (denoted by X from hereon).

» Sample Mean ( x ): Sum of all inter-arrival times in a trial divided by sample size (N),

as a measure of central tendency.

« Sample Standard Deviation ( STD ): A measure of variation and dispersion

e Median: A value that S0% of the total number of X's lie below it.

o First Quartile (Q1): A value that 25% of the total number of X's lie below it.

e Third Quartile (Q3): A value that 75% of the total number of X's lie below it.
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¢ Quartile Deviation (QD): QD= o3 ; gl

e Mean Absolute Deviation (MAD):

y |x,. —median|
MAD = z:‘__N

o Coefficient of Variation (COV): A measure of relative variation
COV = STD/Mean

o Kurtosis: A measure of concentration about the mean compared to a Normal

distribution with the same standard deviation.[59]

o Skewness (sk): A measure of symmetry of a distribution around the mean. (59]

o Index of Dispersion for Inter-arrivals (IDI) [60]: A measure of burstiness.

Let S,be the process that represents the sum of k consecutive inter-arrival times
{ X,....X,; }. Then IDI denoted here by J, is defined as Var{S, ] standardized by its

value for a Poisson process;

_Var(S,]
©kEMX]
Since ETS,]=kE[X] it follows:
kVar{S,]
Jy=—
E°[S,]

According to the definition, for a Poisson process J, =1 for any k. In general
however, for a renewal process®, J, is equal to the squared coefficient of variation

because Var(S,] = kVar{X].

? A renewal process is a series of events in which the times between events are independently and
identically distributed (iid). Poisson is an example of a renewal process.[60]
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Essentially, IDI compares a process against a renewal process. Obviously, our arrival
process at none of the three layers is a renewal process because arrivals are not iid.
For example, IP-packet arrivals at the beginning of each picture-interval are more
likely than at the end. Also, in a period of access to the channel immediately after a
period of no access, arrivals at all three layers are more probable. In order to
calculate IDI for our arrival process we used the sample mean and sample variance of

S, as estimators for E[S,] and Var(S,]. In each trial, k was chosen to be 1/1000 of

the sample size.

-

-

g
IDI = %
mg

o Index of Dispersion for Counts (IDC) [60]: Another measure of burstiness that also
describes how a process deviates from a renewal process. Let N, be the process that
counts the number of arrivals in the interval (0,t]. IDC denoted here by I(t) is defined
as:

_Var[N,)
~ EIN,]

I(t)
For all three layers we chose t=100msec. Number of arrivals in each one of these
time intervals forms a sample set. Again, we used sample mean and sample variance
of N, as estimators of E[N,] and Var([N,].

2

o
IDC =—-
my

t

IV.3 Results

IV.3.1. Decoder’s Buffer Occupancy

Figures 21 through 24 show the decoder’s buffer length with 0% and 97%
background load for “4HD1AFFP.MPG” (CBR) and “6hook10q.mpg” (VBR).
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As previously mentioned, the video decoder requires at least 16 full buffers (each 64 KB)
before launching the playback process. During all our experimental tests we have
preloaded 20 out of 30 buffers. As the network load increases, transmission delay
increases that results in pauses in the video represented by drainage points where the
graph meets the horizontal axis. Each time the decoder runs out of data it waits for at

least eight buffers to be filled before restarting the video.

From our experiments it has become evident that the buffer requirements for the
VBR sequences are much more stringent than those for the CBR sequences. Note that for
the VBR sequence *“6hook10q.mpg” at some points the decoder has required to retrieve
almost 8 of its buffers (512 KB) in a short period of time in order to satisfy the desired
display rate of 24 frames per second. This means that we need a buffer size in the order
of 512 KB to compensate for a slow or temporarily congested channel. On the other
hand, the buffer occupancy for CBR sequences is almost constant which means the rate at
which the decoder retrieves data from its socket is almost equal to the rate at which data

are received. In the case of CBR video, the need to a buffer is not significant.

Our experimental results also indicate that VBR sequences are more sensitive to
background load. Figures 25 and 26 compare the decoder’s buffer occupancy for
6hook10q.mpg and 4HD1AFFP.MPG for 95%load. Even though the mean bit-rates of
both sequences are in the same order of magnitude, the VBR sequence is much more
affected by the load than the CBR sequence.

Figures 21 through 26 depict also the running average of the inter-arrival times at
the 3 layers under study. When the level of background traffic is low, these curves
quickly converge to their mean values but at higher levels of load this convergence is

much slower.
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IV.3.2. Inter-arrival Times

Figures 27 through 32 display examples of graphs that were obtained for inter-
arrival times vs. time for all layers. In these figures, variations of inter-arrival times of
data-units over time with 0% and 97% background load have been shown for the

sequence “6hook 10q.mpg”.

As can be seen, in the no-load condition, inter-arrival times at all layers are
slightly and regularly spread out around a mean value whereas in the presence of
background traffic they demonstrate a volatile behavior evident from the large spikes in
the graphs. These long delays are due to collisions in the channel that result in long
waiting times for video to be transmitted. On the other hand, we can easily notice some
down-spikes in the graphs which represent very small inter-arrival times. These ones are
due to collisions too. In fact, in periods of no access to the channel, application data
accumulate in the server’s socket buffer and once the access to the network is granted a
burst of data is generated where delay between consecutive data-units is very small. This

phenomenon was explained earlier as pre-capture and mid-capture effects.

Because each picture is sent in one picture-interval, one may wonder why there
are some variations, however small, around the mean inter-arrival time even in the
absence of background traffic. A small number of inter-arrival times above the mean are
of course due to some large pictures that need more time than a picture-interval to be

transmitted. However, the rest of them can be explained as follows:

In section “IV.l Performance Metrics” we described how picture inter-arrival
times are calculated after the receive-socket and in the application space. Some UDP-
datagrams that arrive at the client may not be read from the socket immediately. Indeed,
they may pile up and then be read at once. So, the measured inter-arrival times between
them and perhaps pictures that they belong to are minimal. On the other hand, the delay
between this “read” operation and the last one may be so large that the overall measured

picture inter-arrival iime becomes larger than its corresponding value at the server.
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However, this delay is not visually experienced because enough data exists in the
decoder’s buffers. Remember that 20 of the decoder’s buffers are filled before playback
of the video starts.

1V.3.3. Frequency Distribution of Inter-arrival Times

For the first trial, among five similar trials performed under the same load
conditions, frequency distribution of inter-arrival times of all data-units were obtained.
Figures 33 through 38 demonstrate those graphs for sequence “6hook 10q.mpg” With 0%
and 97% background load. It has to be noted that class widths for MPEG and UDP layers

are Ilmsec while at the [P-layer they are 10 u sec.

For all bit-streams, it was observed that the distribution of inter-arrival times at all
layers approaches a Poisson-like PDF as the background load increases from a Gaussian-
like PDF that exists for no-load condition. In other words, when no background traffic is
present data-units arrive regularly therefore inter-arrival times are concentrated about
some mean value. However, when background load is injected in the channel, some
data-units are delayed longer than the mean value but for each such data-unit and right
after that, a group of data-units will have inter-arrival times that are smaller than the
mean value. This mechanism corresponds to capture effect previously explained. Because
of intense concentration of inter-arrival times about 2msec at the IP-layer, one can
appreciate this concept more easily using figures 39 and 40 which depict the same
distributions as in figures 33 and 34 but in a logarithmic scale. Nevertheless, in all cases
the mean value of inter-arrival times slightly increases with background load as can be

seen from figures 41 and 42 which will be explained next.
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IV.3.4. QoS Metrics

Among all the statistics and measurements that were obtained for inter-arrival
times, in each set of tests, it seems that COV, STD, IDI and IDC could better serve our

purpose, i.e. their variations follow the network conditions and quality of the video.

Figures 41 and 42 show COV for sequence “6hook10q.mpg” for MPEG and [P
layers. Similar graphs were obtained for all other video clips. In these figures,
probability of loss for video bytes can be read on the right hand axis and the horizontal
axis gives the background load in terms of available bandwidth. As can be seen, those
parts of the graphs below 70% load, have been cut off because the variations are
negligible. On the other hand, for load levels of 95% or higher, the graphs demonstrate a

fast rate of increase.

This behavior can be attributed to the contention-based nature of Ethernet. In
fact, as load increases Ethernet shows a snowball effect where each collision results in
even more collisions. As a result, most of the time on the channel is spent resolving
collisions rather than data transmission [58)'°. Many researches such as [45] and [49]
have reported this kind of behavior for Ethernet. They have noticed that the performance
of Ethernet in transmission of compressed video is adequate up to almost 60% utilization
of the network. At this point, network becomes saturated and performance reduction as a
function of utilization shows a sharp slope. Our network starts to saturate at higher
utilizations because we have only two transmitting nodes, the server and the traffic
generator. This fact has also been noted in [44] where video transmission is successful

with network utilization of 90% because only two traffic streams share the channel.

It has to be mentioned that the points on the horizontal axis do not actually
represent the utilization of the network by the traffic generator in terms of bandwidth.
Indeed, they are utilization in terms of time. For instance, a utilization of 95%
corresponds to a throughput that is less than 9.5Mbps. The reason for this discrepancy
lies in the fact that we have used very short frames of length 64 bytes for the background
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traffic. Since there is at least 9.6 s delay between any two consecutive Ethernet frames

(IEEE 802.3 requirement), a considerable portion of the time on the channel is actually
idle. We decided to use short frames because of their more severe effect as they result in
more collisions due to a larger number of transmission attempts in order to maintain a

certain level of utilization.

Figures 43 through 48 depict similar graphs for STD, IDI and IDC which
demonstrate the same kind of increase with load as COV. As can be seen from all these
graphs, as the load increases and naturally the quality of video decreases, these statistics
of [P-packet inter-arrival times increase. Moreover, variations of each of them follow the
variations of their MPEG layer counterpart. So, if the desirable level of any of these
metrics at the application (MPEG) level is known we can decide what its [P-level

counterpart should be or vice versa.
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CHAPTER VI

CONCLUSIONS AND RECOMMENDATIONS

By realizing the importance of buffer overflow/ underflow conditions at the sender and
the receiver in a VOD application, through an analytical study, we found some
constraints (boundaries) on the network throughput in each picture interval based on
quantities known prior to that picture interval. These quantities include picture sizes,
physical sizes of the buffers at the sender and the receiver, buffer length at the sender in
the preceding interval and the playback delay. These constraints should be satisfied at
the sender side. Another result of this analysis was an overall minimum buffer size at the

sender and the receiver based on the size of pictures in the sequence.

We also performed an analysis on the impact of burstiness of the video traffic
delivered to the decoder, on the jitter perceived by the user. This burstiness is the result
of network inability to follow the variability in the picture sizes. To avoid jitter, we need
to prevent starvation at the decoder’s buffer. We found a relationship between the
maximum acceptable jitter and the minimum sustained frame rate in the network. This
relationship can be viewed as a mapping rule between user’s QoS parameters (jitter) and
network QoS parameters (throughput). At the same time, to avoid overflow we need a
buffer that can accommodate the longest delay possibly experienced by a frame in the
play-out buffer. This resulted in a formula for the physical size of the play-out buffer
based on the maximum rate at which frames are fed to the receiver. Having found this
value, knowing the minimum overall buffer requirement found previously, a minimum

can be found for the sender buffer.

In our experiments, we concentrated mainly on QoS mapping. We believe that
graphs such as those ones shown in figures 42 to 48 are providing us with the QoS
mapping rule that we are looking for. In other words, any of STD, COV, IDI or IDC of
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[P-packet inter-arrival times may be used to find out about the user-level quality of
service. On one hand, variations of each of these quantities with network conditions
(background load) at the network level, closely follow their counterparts at the
application level. On the other hand, at both of these levels, they consistently increase as
the background load increases (quality of video deteriorates). Especially, COV seems the
most appropriate as it demonstrates the least degree of dependency on the type of video
bit-stream. For the sake of brevity, similar graphs for other video clips have not been
included.

During these experiments, we considered a subjective rating scale that reflected
the visual quality of video as perceived by the user in which Q=1 and Q=10 represented
the perfect and the poorest quality, respectively. In all our graphs for different metrics,
the breaking point corresponds to Q=2 or Q=3 which always happens at 95% load. COV
at this point, in our experiments, depending on the bit-stream, lies in the range [2.3,2.8].
Noticing that COV can have values of up to 6.2, this range of variation seems very small.
Hence, it can be claimed that for any type of video (VBR with different Q-factors and
CBR with different bit-rates) the user will find the quality of video acceptable as long as
COV of IP-packet inter-arrival times is below 2.8.

Obviously, many more tests with different setups, have to be conducted to
confirm this statement and to find the precise values or perhaps closed form formulas. As
a potential continuation of this project, it would be interesting to experiment with video
clips that are available at various levels of quality. For example, different encoding rates
for the same CBR sequence or different quantization factor for the same VBR sequence.
Also, more sophisticated subjective and objective methods of rating can be used to
evaluate video quality for as was mentioned before mere data loss ratio is not an adequate
indicative of video quality. Because, MPEG video is compressed in a way that different
pieces of bit-stream vary in terms of significance. For example, loss of an I-frame is
more destructive than a P-frame or a B-frame, in two ways. Firstly, because they carry

more information and secondly because their loss propagates to future frames.



Looking back at our original motivation in figure 1, our newly found rule can be
implemented in “QoS Evaluation” module. However, it is worth mentioning that the
dynamics of COV or any other metric need to be explored further. To clarify this subject,
remember that our experiments were conducted under certain conditions including
sample sizes that correspond to l-minute long video clips. Suppose that this is the
minimum acceptable duration of sampling period in order to have a required accuracy
and suppose that “QoS Evaluation” module performs a test similar to our experiments
every | second and every time it uses a set of data gathered over past 1-minute interval.
Therefore, in case of a change in the network conditions, 59/60 of the data used in the
first test under new conditions will not be valid. If no other changes happen in the
network, this module will need 1 minute to completely recover from the last change and
produce reliable results. So, the rate of update and the amount of old data that can be
used have to be optimized. This may also help verify which one of our statistics is the

most robust in terms of response to the changes in network conditions.

Besides, we noticed that VBR sequences are more sensitive to the background

load in the network and also have more stringent buffer requirements at the receiver.
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APPENDICES

A. MPEG Standards"

Digital video is among the most demanding applications in terms of storage space and
transmission bandwidth. Luckily, video data contains a great degree of redundancy, both
within each frame (spatial redundancy) and between consecutive frames (temporal
redundancy). Compression techniques that are used to reduce the amount of essential
data for storage or transmission take advantage of these redundancies. Some compression
standards such as JPEG encode each frame by itself and therefore do not provide inter-
frame reduction. In 1992, the Moving Picture Experts Group (MPEG) developed the
MPEG-1 standard (ISO/IEC 11172) that supports Inter-frame coding as well.

MPEG-1 was designed to produce VHS quality compressed audio/video at a bit-
rate of approximately 1.5 Mbps for storing on digital media. However, bit-rates as high
as 5 Mbps are achievable.

The increasing need for higher bit-rates and error resilience in transmission
applications motivated the MPEG committee to introduce MPEG-2 (ISO/IEC 13818)[54]
in 1994. MPEG-2 is an extension on MPEG-1 that can be used by a larger range of
applications at bit-rates of 1.5-10 Mbps and at different resolutions. Later, a project to
define the MPEG-3 standard was proposed for HDTV. However, this project was
cancelled when MPEG-2 proved that with a few enhancements it could also support
HDTYV services. Nowadays, MPEG-2 is the most widely accepted standard in digital
broadcast TV and HDTV. For applications such as video conferencing, which require
lower bit-rates and delay bounds, an MPEG-4 standard is being developed.

The MPEG specifications include standards for compressing, multiplexing and
reconstructing of video streams and consist of three parts: video, audio and system. The

! For a complete source on video compression and MPEG standards refer to [S5].
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video and audio parts deal with encoding processes while the system part of these
standards guarantees the integration of the audio and video streams with proper time
stamping to allow synchronization of the two. The MPEG standards do not specify any
particular encoding algorithm but they indicate the format (syntax) in which data should
be presented to a decoder and also the rules of decoding process (semantics). Therefore,
an encoder can use any encoding process to produce a bit-stream that complies with the

syntax and can be decoded according to the decoding semantics.

The system portion of the standard specifies how one or more elementary audio
and video bit-streams are combined along with timing information to produce a single
bit-stream suitable for storage and transmission (a system stream). MPEG-2 defines two
types of system streams: Program and Transport streams. The MPEG-2 Program Stream
(PS) is compatible with MPEG-1 and is used for relatively error-free environments.
MPEG-2 Transport Stream (TS) is designed for use in error-prone environments. TS
packets have a fixed length of 188 bytes while PS streams use long variable length
packets.

The MPEG compression algorithms are lossy, i.e. decoded bit-streams can not
completely reconstruct the original data. These algorithms exploit the human inability in
distinguishing small changes in pixel values and perceiving small quantization noise in
audio signals. High levels of compression are achievable through removing redundant
information. The MPEG video compression scheme is based on two techniques: Discrete
Cosine Transform (DCT) for reducing spatial redundancy and Motion Compensation for
reducing temporal redundancy. DCT converts pixel intensities to a frequency-based
equivalent, which is a series of numbers that represent every detail in a pixel block.
Motion compensation is used to find the closest macro-blocks from one picture to
another. A macro-block is a portion of the screen consisting of a few pixels. For
instance, in the format 4:2:0 a macro-block is 16x16 pixels in the luminance space and
8x8 in the chrominance space. In temporal compression, the two pictures are subtracted

from one another and the difference is then encoded as a still image.
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In a video sequence, contents of close pictures are usually similar and total scene

changes are rare. Temporal compression takes advantage of this fact to remove those

parts of information that are common between consecutive pictures. An MPEG video

stream contains three types of pictures:

Intra-frames (I-frames). Self-contained pictures that are coded as still images.
These frames are encoded without reference to any other frame and thus can
be used as decoding starting points. These frames are normally the largest
among the 3 types because they can only be spatially compressed.

Predictive frames (P-frames): Pictures that are coded with reference to a
previous [-frame or P-frame and can be used as a reference point for future P-
frames or B-frames. They are usually smaller than I-frames because of

temporal reduction.

Bi-directional frames (B-frames): Pictures that are coded with reference to the
closest two I-frames or P-frames, one encoded in the past and one encoded in
the future. They can not be used as a reference point for other pictures. B-

frames have the highest level of compression.

MPEG video bit-streams are organized in groups of pictures. A Group of

Pictures (GOP) normally contains one I-frame, a few P-frames and possibly some B-
frames. An MPEG sequence may look like: IBBPBBPBBPBBIBBP.... The structure of
a GOP is specified by two parameters: the number of pictures in it (N) and the number of

B-frames between two successive P-frames (M). Obviously, such a sequence of data

results in a very bursty traffic due to the difference between picture sizes. Also, scene

changes cause variation of size within a certain type of frames. Such traffic is called

Variable Bit Rate (VBR). Because bursty traffics have undesirable impacts on networks,

MPEG encoders can also produce Constant Bit Rate (CBR) video streams where frame

sizes do not vary a lot but the picture quality could be poor. The reason for this is that, in

order to maintain a fixed bit rate, pictures with different sizes need to be encoded at

different Quantization Parameters (Q-factors).
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B. Scalable Video Encoding

Another challenge for real-time applications especially video on the Internet is
heterogeneity. Users of the Internet are very different in terms of decoding capabilities
and connection speed. Suppose the video bit-streams are encoded at a fixed bitrate. If
this bitrate is low enough, everyone can receive and decode the video sequences at a low
quality in which case those with high-speed connections will not be able to take
advantage of their fast connections. On the other hand, if the bit-streams are encoded at a
high bitrate, people with slower connections can not see the video in real-time. Scalable
video encoding is a technique that is proposed [24] to deal with this problem without
having to store video bit-streams at different bitrates in order to accommodate needs of

heterogeneous clients.

A scalable video encoder produces a bit-stream that can be decoded at different
bitrates. Bit-streams are encoded only once but the video server decides the number of

bits from the sequence to be transmitted depending on the available bitrate.

In addition to heterogeneous networks, digital TV broadcasting can also benefit
from scalable codecs to achieve graceful degradation of picture quality depending on
available bandwidth.

This method can very well go hand in hand with resource reservation protocols
such as RSVP[26] because bit-streams can be pruned at routers in order to adapt to
available bandwidth at different links.

106



C. Optimal Channel Rate Allocation

In this sequel, we follow the analysis in [25] but applied to a VOD system comprising
scalable video facilities. The notation adopted here is consistent with chapter II.5. One
of the requirements of a seamless video transmission is a constant delay for all the
pictures in the sequence. This condition guarantees a jitter-free reception. Let

D, denote the end-to-end delay of each frame. We can write:

D, =0+t +ét,

where &, and &, are the delays in the sender and receiver buffers and &c is the

frame transmission time. Given that the picture interval is T, the total number of video
frames stored in the server and client buffers at any time is given by:
D, -&

AN T ete
T

Similar to the analysis in [25] we assume that the server and the client are shifted
by an amount equal to the transmission delay, &c. Note that this assumption is

particularly true if the server is able to retrieve all of a video frame from the hard disk on

time to be delivered over the channel.

The size of the buffer at the client plays a major role in the performance of the system.

. .
ik(i) - 'Z NG when j2 AN

B,(j) = ijl i=l
Y R when j < AN (1)
i=l

The client buffer occupancy can be expressed by:

In order to find the buffer size needed to prevent a buffer underflow, we must get

the client buffer’s occupancy in time interval (j + 4N).
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From (1), we obtain;

j+AN j
B,(j+AN) = 3 R()- Y 5()

=l i=1

JxaN ] J @)
= ZR(:’)—(ZS(E) -ZR(D]

i=j+l i=1 i=l

where the term in parenthesis represents the amount of data ready at the output buffer of
the server at the end of the j” interval. A buffer underflow at the client side will not

occur as far as the right-hand side of (2) remains greater than zero.

The conditions to prevent a buffer underflow-overflow at the client can be expressed by:

j*AN

0< Y R(i)-is () < B™ 3)

i=l i=l

Assume the use of scalable video encoded video streams with M different levels. Assume
further P possible channel rates for each frame interval. Define the sequence of possible
resolution scales by x = {x(1), x(2), ..., x(N)}, where x(i) is the scale index for frame i.
The number of bits generated is given by Sxixi), and the associated distortion is Dxixi).
Lety = {y(1), y(2), ... y(N + AN)} denote the sequence of transmission rate choices where
y()e {1....P} and the associated channel rate is R, (i). Obviously, the latter will be
constrained as well by the scheduling algorithm. In this way the sequence of Sxi(i) and
Dxixi) represent the rate and distortion of each frame for a given choice of x, and

R, (i) represents the channel rates for each frame interval for a given y.

Due to the end-to-end delay, AN, the client processes the (i — AN)™ frame at time

i (with respect to the server). In this case, we have to properly set R, (i) and

S i-am({ —AN) to prevent the decoder buffer underflow. This is expressed by:

B,()=B, (i-D)+R ()~ S ;o (i—AN)20
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Channel rate is also constrained by the scheduling policy and in the general case by the
policing function. These two policies are implemented by monitoring and enforcing the
bit rate of the (video) sources. Let L(i) denote the state of the monitor function and
assume that the monitor function depends only on the previous step L(i-/) and the

channel rate R, (i), i.e.,

L) = F(R (i), LG ~1)

The policing function decides whether to admit the data with bit rate R, (i) into

the network according to a criterion:

if L@)=F(R,U),Li-1)el
admit R, (i); otherwise

reject R, (i)

In the general case, the last two expressions constrain the client buffer states as
well as the monitor function transitions. In this way, we can formulate the traffic policy

and data generation rate as follows [25].

Find mappings x :(l,...,N) = (I,..M)and y:(l,...,N + AN) - (l,...P) that solve
N
minz D, ()
i=l

subject to the constraints

B, ()20
Lie L Vi=1..N+AN

In this way, the channel rates and the encoder bit rates are allocated jointly to avoid

decoder buffer underflow and meet the last two constraints.
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