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Abstract

With the advance in computer and network technologies, multimedia sys-
tems and Internet applications are becoming more popular. As broadband
network is prevailing, more clients are able to watch streaming videos or to
play multimedia data over the Internet in real-time. Consequently, there
is an increasing demand in the Internet for streaming video systems. As
the run-time environment of such applications tends to be dynamic, it is
imperative to handle transient overloads effectively. The goal of this work is
to develop an algorithm that would provide a robust and controlled behav-
ior of the video system so that important data is delivered on time to the
video clients. In order to address this problem, we propose a QoS-sensitive
approach that is using the technique of imprecise computation and is based
on the principle of tuning. Our algorithm is aimed to provide the best pos-
sible QoS to the clients in the current available network capacity. As an
environment to work with we have used a video system called QMPEGv2.
A set of experiments were carried out to evaluate the performance of the
algorithm. Through experiments, we show that the system can adapt to
dynamic changes in network conditions and provide almost always the best
possible QoS to its clients. Guaranteeing a certain minimal QoS level to all
clients is only possible when, in run time, an admission controller adjusts
the number of clients admitted to the system according to the capacity of
the network and video servers.

Keywords: Quality of Service, Distributed Video Systems, Imprecise Com-
putation, Feedback Control Scheduling, Congestion, MPEG Compression
Standard.
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Chapter 1

Introduction

Thanks to the advance in computer and network technologies, multimedia
systems and Internet applications have become quite popular today. As
broadband network is prevailing, more clients are able to watch streaming
videos or to play multimedia data over the Internet in real-time. Conse-
quently, there is an increasing demand in the Internet for streaming video
systems. Video data need to be compressed before being transmitted over
the Internet because of its large need in network bandwidth. The video com-
pression scheme developed by the Moving Pictures Experts Group (MPEG)
[18, 10, 36] has become the most notable one out of all other compres-
sion schemes. Although MPEG was originally designed for storing video
and audio on digital media, this compression scheme is also suitable for
transmitting video over a computer network. After years of development,
MPEG video has become one of the most popular formats for multimedia
applications ranging from relatively low bandwidth applications, such as
video-phone and video-conferencing, to higher bandwidth applications, such
as interactive video-on-demand.

Some of the existing video on demand systems are running on top of
a dedicated wide-band network, nevertheless, the interest in transmitting
MPEG videos over an uncontrolled network like the Internet is still grow-
ing. This is why a large amount of work has been devoted to the design of
distributed video systems for streaming videos over a non-dedicated open
network like the Internet [8, 10, 17]. MPEG video players are continuously
repeating the cycle of fetching MPEG compressed video frames, then de-
compressing and displaying these frames. MPEG video player systems are
firm real-time systems, i.e., video frames have to be displayed correctly and
promptly. Implicitly, each video frame is associated with a time constraint,
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2 CHAPTER 1. INTRODUCTION

i.e., the frame has to be displayed before its deadline. Otherwise, the frames
are of no use to the system and have to be dropped. Quality of service is in-
creasingly important for all components in distributed multimedia systems
and it ”represents the set of those quantitative and qualitative character-
istics of a distributed multimedia system necessary to achieve the required
functionality of an application. Functionality includes both the presentation
of multimedia data to the user and general user satisfaction” [38]. Sufficient
available time and bandwidth lead to satisfactory results, but video loss oc-
curs if these resources are insufficient. Using imprecise computation theory
[28, 23, 3] a good tradeoff is achieved between the quality of the transmit-
ted video and the available resources, such as time for transmission and
bandwidth.

In order to make the system adaptive to the change in network condi-
tions and to prevent the network from further congestion, many systems use
a software feedback mechanism [7, 32] to monitor the system status. Ac-
cording to the video clients’ status, adjustment is made in order to maintain
the quality of service for the video clients [13, 27]. In this paper, we analyze
a video system with a multiple server design which implements a specific
transmission scheme on the server side, employs buffer management on the
client side and uses a control mechanism between the clients and the server
so that the network delay and network jitter is taken care of [27]. We change
the design of this system and try a different software feedback mechanism
for managing the quality of video service and avoiding congestion in the net-
work. Our main focus is put on the issue of how to guarantee a robust and
controlled behavior of video servers which provide MPEG streams so that
important data are delivered on time to the video client. In order to achieve
this goal, we propose a QoS-sensitive approach that is using the technique
of imprecise computation and is based on a simple principle, namely the
principle of tuning. Our algorithm is aimed to provide the best possible
QoS to the clients in the current available network capacity. A set of ex-
periments have been carried out in order to evaluate the performance of
this algorithm and the results show that the system can adapt to dynamic
changes in network conditions and provide almost always the best possible
QoS to its clients. Guaranteeing a certain QoS level to all clients is only
possible when, in run time, an admission controller adjusts the number of
clients admitted into the system according to the network and video servers
capacity. We have analyzed the potential of combining the advantages of
imprecise computation with feedback control mechanisms and propose this
solution for future work.
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1.1 Report Outline

The remainder of this report is organized as follows. In chapter 2 prelimi-
nary knowledge and terminology needed for the rest of the report is given.
The problem description and problem statement are made in chapter 3. In
chapter 4 the approach and the methods to solve the problem are defined.
Chapter 5 presents the analysis of simulation experiments and results. The
report ends with a section on related work given in chapter 6, and a sum-
mary, given in chapter 7, where conclusions and future work are discussed.
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Chapter 2

Background

In this chapter we give the theory of the techniques used throughout this
report. We first shortly introduce principles of the MPEG encoding scheme,
then the notion of multimedia applications. Next sections follow with the-
oretical insights in imprecise computation and feedback control scheduling.
The last two sections describe the architecture of the QMPEGv2 video sys-
tem and give some network terminology used in the report.

2.1 Video Compression (MPEG)

The MPEG format is named after the Moving Experts Group that defined
it. To a first approximation, a moving picture (i.e., video) is simply a suc-
cession of still images - also called frames or pictures - displayed at some
video rate. Each of these frames can be compressed using the same tech-
nique used in JPEG. Stopping at this point would be a mistake, however,
because it fails to remove the inter-frame redundancy present in a video
sequence. For example, two successive frames of video will contain almost
identical information if there is not much motion in the scene, so it would
be unnecessary to send the same information twice. Even when there is
motion, there may be plenty of redundancy since a moving object may not
change from one frame to the next; in some cases only its position changes.
MPEG takes this inter-frame redundancy into consideration. MPEG also
defines a mechanism for encoding an audio signal with the video.

MPEG takes a sequence of video frames as input and compresses them
into three types of frames, called I frames(intra-frame), P frames(predicted
frame), and B frames(bidirectional predicted frame); these constitute a
group of pictures (GoP). Each frame of input is compressed into one of

5



6 CHAPTER 2. BACKGROUND

MPEG
compression

Input
stream

Frame 1 Frame 6Frame 5Frame 4Frame 3Frame 2 Frame 7
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Compressed
stream

Forward
prediction

Bidirectional
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Figure 2.1: Sequence of I, P, and B frames generated by MPEG

these three frame types. I frames can be thought of as reference frames;
they are self-contained, depending on neither earlier frames nor later frames.
An I frame could be simply considered as the JPEG compressed version of
the corresponding frame in the video source. P and B frames are not self-
contained; they specify relative differences from some reference frame. More
specifically, a P frame specifies the differences from the previous I frame,
while a B frame gives an interpolation between the previous and subsequent
I or P frames. In normal cases, the frame size of an I frame is larger than
that of a P frame; and the frame size of a P frame is larger than that of
a B frame [28, 22]. Figure 2.1 illustrates a sequence of seven video frames
that, after being compressed by MPEG, result in a sequence of I, P, and
B frames. The two I frames stand alone; each can be decompressed at the
receiver independently of any other frames. The P frame depends on the
preceding I frame; it can be decompressed at the receiver only if the preced-
ing I frame also arrives. Each of the B frames depends on both the preceding
I or P frame and the subsequent I or P frame. Both of these reference frames
must arrive at the receiver before MPEG can decompress the B frame to
reproduce the original video frame.

Note that because each B frame depends on a later frame in the sequence,
the compressed frames are not transmitted in sequential order. Instead, the
sequence I B B P B B I shown in Figure 2.1 is transmitted as I P B B I B
B. Also, MPEG does not define which ratio of I frames to P and B frames
should be used; this ratio may vary depending on the required compression
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and picture quality. For example it is permissible to transmit only I frames.
This would be similar to using JPEG to compress the video.

MPEG typically achieves a compression ratio of 90-to-1, although ratios
as high as 150-to-1 are also possible, as Peterson and Davie state in [31].
As regards the compression ratio between individual frame types, it can
be approximately 30-to-1 for the I frames, while for P and B frames the
compression ratios are typically three to five times smaller than the rates
for the I frame. The compression that can be achieved with MPEG is
typically between 30-to-1 and 50-to-1 [31]. In a video-on-demand system,
the video would be encoded and stored on disk ahead of time. When a viewer
wanted to watch the video, the MPEG stream would then be transmitted
to his/her machine, which would decode and display the stream in real-
time. Video can be compressed in real-time using hardware today, but
software implementations are quickly closing the gap. For executing the
decompression, low-cost MPEG video boards are available. Most of the
actual MPEG decoding is done in software. Not long ago, processors were
not so fast to be able to provide video rates of 30-frames-per-second when
decoding MPEG streams only in software, but since 1999, when the 400-
MHz processor architectures became available, it is possible to decompress
MPEG fast enough to keep up with a 640 x 480 video stream running at 20
frames per second [31].

2.2 Multimedia Applications

Multimedia is a term used to denote a set of applications, products and
technologies. Whereas computers today are mainly used for textual data in-
formation presentation and storage, multimedia uses the computer for text,
natural and animated images, rendered graphics, and realistic sound. Mul-
timedia applications are sometimes divided into two classes - conferencing
applications and streaming applications. Streaming applications, which we
tackle in this work, typically deliver audio or video streams from a server to
a client, and are typified by such commercial products as Real Audio [33].

Multimedia applications generally cannot use a reliable transport like
TCP [31, 37] because it cannot guarantee timely arrival of data. TCP uses an
end-to-end retransmission strategy to make sure that data arrives correctly,
but such a strategy cannot provide timeliness: retransmission only adds to
total latency if data arrives late. Multimedia applications being real-time
applications have tight latency bounds. Even though they miss out on the
congestion avoidance features of TCP, many multimedia applications are



8 CHAPTER 2. BACKGROUND

S
e

qu
e

n
ce

n
u

m
b

e
r

Packet
arrival

Time

Packet
generation

Playback
Buffer

Network
delay

Figure 2.2: A playback buffer

capable of responding to congestion by using various other algorithms. For
example, one way would be to change the parameters of the coding algorithm
to reduce the bandwidth consumed. To make this work, the receiver needs
to notify the sender that losses are occurring so that the sender can adjust
its coding parameters. Such a software feedback algorithm is used in the
QMPEGv2 video system that we work with in this thesis.

The playback buffer has an important role in a multimedia application.
Real-time applications need to place received data into such a playback
buffer in order to smooth out the jitter that may have been introduced into
the data stream during transmission across the network. The operation of
the playback buffer is illustrated in Figure 2.2. The left-hand diagonal line
shows packets being generated at a steady rate. The wavy line shows when
the packets arrive, some variable amount of time after they were sent, de-
pending on what they encountered in the network. The right-hand diagonal
line shows the packets being played back at a steady rate, after sitting in
the playback buffer for some period of time. As long as the playback line
is far enough to the right in time, the variation in network delay is never
noticed by the application. However, if we move the playback line a little to
the left, i.e., the buffer size is smaller, or the jitter in the network is greater,
then some packets will begin to arrive too late to be useful [31] and they
will be discarded.

Another key component of distributed multimedia systems are database
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systems. They provide durable and organized storage of multimedia objects
as well as concurrent access to these objects and their components. Infor-
mation stored in a multimedia database can be divided in two categories:
multimedia information, such as text, graphics, voice and video, stored and
accessed by the applications, and control information, such as synchroniza-
tion scenarios, layouts, QoS parameters, and localization rules [31]. The
system uses control information to access, deliver, and present the multime-
dia objects. To give an example, in the QMPEGv2 video system 2.5, the
control information is used by the master server to control the operation of
all video servers and also by video servers to locate the master server. A
synchronization service and token maintenance is provided through control
information.

2.3 Imprecise Computation

In a firm real-time system, every task must be completed before a certain
period of time (task deadline) is expired, otherwise a timing error occurs
and the result of the task is of no use any more, therefore it is discarded.
According to [23, 3], the imprecise computation technique can help meeting
all deadlines. It prevents timing errors from occurring and achieves graceful
degradation by giving the user an approximate result of acceptable quality
when the system cannot produce the exact result in time. The imprecise
computation technique structures every time-critical task so that it can be
logically decomposed into two subtasks: a mandatory subtask and an op-
tional subtask. The mandatory subtask is required for an acceptable result
and must be completed before the task deadline. The optional subtask re-
fines the result. If necessary it can be left unfinished, lessening the quality of
the task result. Consequently, using the imprecise computation technique,
the system load can be adapted to the existing situation by providing media
of varying preciseness or quality [23, 3].

2.4 Feedback Control Scheduling (FCS)

Feedback control scheduling is a technique used for managing the perfor-
mance of real-time systems and for introducing adaptability in environments
where the applied load on the real-time systems cannot be precisely deter-
mined before running the system [3]. The idea is to monitor the performance
of the real-time system and to adjust the system configuration in such a way
that the performance of the system converges towards the desired QoS spec-
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ification. An important part of the feedback control system architecture is
constituted by the following variables of a real-time system:

1. Controlled variables (y) are the performance metrics controlled by the
scheduler in order to achieve desired system performance. Controlled
variables of a real-time system may include the deadline miss ratio or
the CPU utilization [24].

2. Performance references (yr) represent the desired system performance
in terms of the controlled variables, e.g. the desired miss ratio or
the desired CPU utilization. The difference between a performance
reference and the current value of the corresponding controlled variable
is called a performance error (e).

3. Manipulated variables (u) are system attributes that can be dynam-
ically changed by the controller to affect the values of the controlled
variables.

Such system is depicted in Figure 2.3. A feedback control system consists
of a controlled system and a controller. Input to the controller is the per-
formance error, i.e., difference between the performance reference and the
the controlled variable. The goal is to control the controlled system such
that the controlled variable converges towards its corresponding reference.
The controller changes the controlled variable by adjusting the manipulated
variable, which is an input to the controlled system. The controlled system
consists of an actuator, which adjusts the “configuration” of a processing
plant according to the manipulated variable. The configuration of the pro-
cessing plant may, for example, be modified by changing the QoS-level for
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a set of tasks, where each QoS level of a task is defined by the number of
frames in each GoP. Further, admission control of arriving tasks may be
applied to enforce configuration adjustments. A basic scheduler schedules
the tasks according to a policy (e.g. earliest deadline first) [11, 12]. Finally,
the performance of the processing plant, including the controlled variable, is
monitored by the monitor. The monitor measures the controlled variables
and feeds the samples back to the controller.

2.5 QMPEGv2 Architecture

The design of the QMPEGv2 video system [27, 29], which we analyze and
use, is distributed and it uses a multi-server architecture (see Figure 2.4).
It is composed of three main parts:

1. the master server, which accepts requests from the clients, allocates
video servers to serve the request, monitors the system status and
regulates the flow of the video data so that the QoS is maintained.
The regulation of data flow is achieved by varying the amount of time
during which the video server can transmit data.

2. the video servers, which send video data to the clients, operating under
the control of the master server.

3. the clients, which receive the video frames from the video server and
display the frames on time. Each client has its own buffer to store the
received data and when there is a status change, it sends feedback to
master server.

The master server communicates with the video servers through a token-
passing protocol. The communication between the servers and the clients
is through the Internet, which is not controlled by the system. Below, we
present a scenario about how the QoS is controlled in this system. A client
initiates a video request and sends it to the server. After receiving the
request, the master server selects the least loaded video server to service the
request. A connection between the video server and the client is established.
While the video server is sending the video data to the client, the master
server acts as a scheduler to regulate the flow and the QoS of the data
according to the network conditions. The main purpose of the scheduling is
to maintain as good a QoS as the network condition allows. The regulation
is achieved by varying the amount of time during which the video server
can transmit data [27, 29]. The master server communicates with the video
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Figure 2.4: The overall system architecture of the distributed video system

servers by passing tokens, in a fashion similar to the token bus MAC protocol
[37].

In the design of this video system three factors have been considered
important for improving the video service:

1. a good transmission scheme on the server side,

2. an effective buffer management on the client side, and

3. a control mechanism between the clients and the server so that the
network delay and network jitter can be taken care of.

The transmission scheme of the QMPEGv2 system divides video trans-
mission into rounds. A transmission round is defined by a period of Tround

in m-sec. Each round is a unit for transmission management and must com-
plete within the period Tround. The frames transmitted within a round are of
two categories: (i) real-time frames - I, P and B frames and (ii) non-real-time
frames - the frames for initial buffering and advance buffering, transmitted
with no time requirement. Each round is divided into four sessions, namely
SESSION 0 to SESSION 3 with SESSION 0 bearing the highest priority.
The master server starts each round with SESSION 0, as depicted in Figure
2.5. It switches to the next session when the current session is completed.
In each session, every video server takes turns to transmit video. SESSION
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0 and SESSION 1 are designed for the transmission of real-time frames.
SESSION 0 is transmitting only I frame or P frame, while SESSION 1 is
for B frames. At any time, video transmission is under a QoS control. This
means that video frames may be dropped by the QoS control module when
the current available bandwidth is not enough to transmit all the sched-
uled frames in SESSION 0 and 1. In other words, if the transmission cycle
reaches Tround while still in SESSION 0 or SESSION 1, the unsent frames
are dropped [27, 29].

The measurement of video quality is based on QoS control in human
perspective as investigated in [28]. Frames are not dropped arbitrarily but
according to a performance metric considering the human judgment. This
performance metric is called “QoS-human” and it measures the number and
types of frames displayed by the MPEG video player. The pattern used in
QMPEGv2 for dropping and adding of frames is represented in Figure 2.6.
By employing this technique the bandwidth cost is reduced and the video
degradation is kept to a minimum. The assumption is made that the group
of pictures of the MPEG video has the pattern IBBPBBPBBPBB. 1

The transmission control scheme is based on a “Stop and Resume” con-
trol mechanism. The basic idea is to monitor the buffer status of the clients.

1This assumption is generally true, but not always [22]. Thus, not all GoPs consist
of the same fixed number of P and B frames following the I frame in a fixed pattern;
this is because more advanced encoders attempt to optimize the placement of the three
picture types according to local sequence characteristics in the context of more global
characteristics.
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Figure 2.6: GoP Pattern used for dropping and adding of frames

When the buffer exceeds a threshold previously defined in terms of bytes or
frames, the client sends a stop command to the server to stop the transmis-
sion and thus cause a decrease in the level of the buffer. The threshold of
the client buffer is calculated in advance. After the buffer is continuously
consumed, it eventually gets below the defined threshold. The transmis-
sion of media is resumed when the buffer drops below a certain limit. The
QoS control on the client side dynamically changes according to buffer sta-
tus. If the buffer status is higher than a certain predefined level, then it
is understood that the network bandwidth is enough for the current QoS
requirement and thus no frame dropping is needed. When the network is
congested, the buffer level drops. When it drops below the decided level,
the client drops the QoS requirement and demands the video server to drop
some frames in order to reduce the network load. The lower the buffer, the
more frames are skipped at the video server and hopefully the faster the
recovery of the network.

The QoS control on the server side must detect whether the current
available bandwidth can support the transmission demand of bandwidth.
Let T0 and T1 be the time needed for the video transmission in SESSION
0 and SESSION 1, respectively. If T0 + T1 > Tround then the QoS needs to
be lowered. On the other hand, if T0 + T1 < Tround, the current network
bandwidth is sufficient for the current QoS request (see Figure 2.5). The
master server can increase the server QoS. It chooses the video stream having
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the lowest QoS among all active video streams and increases its QoS [27, 29].

2.6 Definitions

Below we present the definitions of keywords used in the report.

Multimedia applications are applications that can combine text, graph-
ics, full-motion video, and sound into an integrated package.

Available bandwidth is bandwidth actually available for media transmis-
sions. Available bandwidth can also be measured in terms of network
efficiency. For example, in the case of transmitting media data, the
actual available bandwidth of the advertised 10 Mbps network drops
to about 6.4 Mbps, because of the overhead of physical headers of
packets, other protocol headers and contention costs for the channel.

Compression is the process by which data is compressed into a form that
minimizes the space required to store or transmit it.

Playback is the act of reproducing recorded sound or images.

Real-time is used to describe a system that must guarantee a response
to an external event within a given time (in contrast to “delayed too
much”).

Data in our case, is video or audio frames, stored in a multimedia database
and transmitted through a communication network from video server(s)
to client(s).

Real-time applications are applications that are sensitive to the timeli-
ness of data. They are characterized by the complete uselessness of late
data. Examples are voice and video applications, industrial control,
some file transfer applications.

QoS is the quality level of the video stream in terms of number of frames
in each GoP transmitted/displayed to/at the client.

Congestion is when the offered load of a data communication path exceeds
the capacity.

Latency is a measure of how long it takes a single bit to propagate from
one end of a link or channel to the other. Latency is measured strictly
in terms of time.
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Jitter is variation in network latency. Large jitter has a negative impact
on the quality of video and audio applications.



Chapter 3

Problem Description and
Statement

The following chapter presents the problem and analyzes it. Here we declare
the aims and objectives for this thesis work and outline the constraints and
assumptions that have been made regarding the problem.

3.1 Background

Streaming video systems that can provide good quality services to their
clients are highly demanded today. The performance of the existing com-
mercial video systems [33, 16, 17] relies heavily on the available network
bandwidth and on the utilization of a large amount of buffers. Moreover,
they do not provide QoS guarantees on video. When the available network
is not enough to transmit all the frames, the discarding of frames in these
systems takes place unevenly and in an uncontrolled way. By using QoS-
human [28] the discarding of frames is evenly distributed and is done in such
a way that important data have priority for transmission. An adaptive QoS
control on the server side would allow such efficiency in discarding frames
and have only the smoothness of the video suffer in case of occasional small
congestions in the network. There are not many video systems that can
support streaming MPEG video over the Internet, while at the same time
providing some guarantee on the QoS of the video being displayed [27]. One
of these video systems is QMPEGv2. This fact has motivated us to perform
the present study.

17
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3.2 Problem Analysis

3.2.1 Imprecise Computation Applied to MPEG streams

In order to guarantee a set of requirements on the behavior of a video server
in unpredictable environments, we need to have a QoS sensitive approach.
Therefore, we need servers that are flexible in their operation, that adapt to
the existing network condition and are able to manage the degradation of
service quality in a controlled manner. This could be achieved through ap-
plying existing successful techniques for managing performance and service
quality. One of the techniques we use to solve the given problem is impre-
cise computation [23, 3]. We also try feedback control scheduling [24, 5]. A
description of these techniques is given in chapter 2.

Due to the features provided by the MPEG standard [1], imprecise com-
putation can be effectively introduced in MPEG media files for the purpose
of providing approximate results when complete resources, like processing
capacity, storage capacity, I/O transfer capacity or network bandwidth ca-
pacity, are not available. Video compression algorithms use the fact that
there are usually only small changes from one frame to the next so they
only need to encode the starting frame and a sequence of differences be-
tween frames. As we have seen in section 2.1, the I, P, and B frames in an
MPEG GoP have certain interdependencies. The reconstruction of the first
P frame depends on the I frame. The decoding of the rest of the P frames
within the same GoP depends on the immediately preceding P frame. Fur-
thermore, the decoding of B frames depends on the preceding I or P frames
and the subsequent P frame. With these dependencies, skipping any B
frame does not cause the loss of any other frame. But skipping a P frame
or an I frame causes the loss of all its subsequent frames and the preceding
B frames within the same GoP. Taking into consideration these facts, we
can apply the notion of impreciseness to the MPEG GoP, and, thus, denote
the I and P frames as mandatory subtasks and the B frames as optional
subtasks. Hence, if we have to degrade the video by skipping frames, we
start discarding the B frames first, then the P frames and lastly the I frame.
Furthermore, according to the observations made [28], the B frames should
be skipped as evenly as possible, because they affect the smoothness of video
display; the skipping of the P frames should start at the end of the GoP. By
skipping some frames it is common to trade-off the quality of services of an
MPEG video player with the smoothness of video playing when the video
player is not operating in an ideal environment, such as with a slow network
or a slow processor [27]. The best choice is to skip as many frames as neces-
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sary and at the same time providing the highest possible video quality. The
media precision increases as the number of discarded frames decreases and
vice versa - media precision decreases as the number of discarded frames
increases. In this work, we define quality in terms of precision. High qual-
ity is determined by high precision, while low quality is determined by low
precision.

3.2.2 Initial study in FCS

The application of control theory to analyzing software systems has been
prevalent in the networking arena. Experimental results indicate that control-
theoretical techniques offer a promising way of achieving desired perfor-
mance in emerging Internet applications. In our case, the system works
in environments where the network conditions are time-varying and unpre-
dictable. Such systems are amenable to the use of feedback control loops
to dynamically correct the scheduling errors to adapt to load variations at
run-time. We do an initial study about the potential of using feedback con-
trol scheduling, introduced in section 2.4, and give the outline of this study
below.

We define the QoS level as the number of frames transmitted/displayed
per each GoP and introduce the following control-related variables:

1. Performance reference: the desired average QoS level the clients per-
ceive.

2. Corresponding controlled variable: the actual average QoS level the
clients perceive.

3. Manipulated variable: the QoS level, defined by the number of frames
in each GoP transmitted by the video servers to the clients.

Using feedback control scheduling and the notion of imprecise compu-
tation in our video system, would yield in a framework where the system
administrator is able to specify a desired QoS level in terms of video qual-
ity, and where the video system is able to adapt to varying network con-
ditions. According to this control mechanism between the clients and the
video servers, the master server monitors the system status for QoS control.
QoS is defined as the number of frames transmitted or displayed in each
GoP (see Figure 2.6 for reference). The master server responds to the feed-
back from the clients and changes the feeding pattern at the video servers in
order to maintain an acceptable QoS for the clients. Thus each video server
is sending the video frames from the server buffer to the client through the
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network in accordance to the specified QoS. The objective of this perfor-
mance control loop is to (i)avoid congestion in the network and (ii)meet the
individual deadlines of all served requests.

3.3 Objective

The objective of this thesis is to investigate how impreciseness is applied
and maintained in MPEG streams according to a given QoS specification
using feedback control scheduling and to propose a control mechanism for
QoS management in the concrete case of a distributed video system. This
includes:

1. Investigating how known algorithms for managing QoS using imprecise
computation have been applied to MPEG streams of data.

2. Establishing a framework where the best possible QoS level is provided
during transient overloads and changes in the network between video
servers and clients. This includes:

• Defining a QoS specification

• Formulating the algorithm for a control mechanism to manage
QoS

3. Implementing the proposed framework in the QMPEGv2 video system.

4. Evaluating the performance of the proposed mechanism of QoS control
in the QMPEGv2 video system.

3.4 Assumptions

We have made the following assumptions about the video system we work
with and the network it operates in. More details are stated later (section
5.2).

1. Internet is a “best effort” internetwork, which implies that delay, jitter
and packet loss can occur.

2. In order to simplify the problem we assume that all the clients are in
the same quality class, i.e., there is no differentiation of services to
different clients; the QoS is traded equally among all clients.
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3. We also assume that the video system has enough recourses to oper-
ate with processing power (CPU) for different operations, memory for
buffering media data, I/O for accessing multimedia documents, but it
might not have enough network bandwidth.
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Chapter 4

Approach and Solution

In the first section of this chapter we present our performance metrics, the
QoS specification and explain the relation between variables. Then follows
our argumentation of why it is difficult to use feedback control scheduling
for managing the QoS in the QMPEGv2 video system. In the next sections,
we portray the approach we have chosen to manage QoS in QMPEGv2. We
begin with generally describing our algorithm and its purpose. Then, after
the notations are explained, the outline of the algorithm itself is presented.
The chapter finishes with some analysis on the advantages and disadvantages
of the proposed solution.

4.1 Performance Metrics and QoS Specification

As variables for our control algorithm we have adopted the following metrics:

1. QoS level is the number of video frames in each GoP.

2. ClientQoS is the average QoS level on the clients side, i.e., the number
of frames displayed per GoP.

3. ServerQoS is the number of frames transmitted to the clients in each
GoP. This QoS level is determined on the server side as a function of
δ which is calculated based on ClientQoS.

4. minQoS is the minimum admissible ServerQoS. We define it as 4
frames per GoP transmitted to the client by the video server.

5. maxQoS is the maximum admissible ServerQoS. We define it as 12
frames per GoP transmitted to the client by the video server.

23
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Figure 4.1: FCS architecture for QMPEGv2

An upgrade in ServerQoS and enough available network bandwidth be-
tween the video servers and the clients leads to an increase in ClientQoS.
ClientQoS decreases in one of these two cases: (i) there is an upgrade in
ServerQoS and a congestion happens in the network; (ii) there is a degrade
in ServerQoS in order to avoid congestion. We measure the ClientQoS at
each sampling instant τ . According to our choice, τ = 1 sec.

In our approach we measure the performance of the video system in
terms of the QoS the client perceived, which is represented by the number
of frames displayed at the client per each GoP. This means the number
of frames out of maxQoS that are displayed at the client per GoP (Figure
2.6). We aim to have this QoS as high as possible using the current available
network bandwidth.

4.2 FCS and QoS Management in QMPEGv2

As we said in chapter 3, the idea of FCS is to monitor the performance of the
real-time system and to adjust the system configuration in such a way that
the performance of the system converges towards a desired specification.
Thus, if we have some desired level of performance - a certain QoS level (see
section 4.1 for definitions), the feedback control system always tries to bring
the system performance close to the reference. For example, if we have a
desired QoS level for the clients as performance reference (yr), the actual
average QoS level of the clients as controlled variable (y), and the QoS level
with which the video servers serve the clients as manipulated variable (u),
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we can construct a feedback control system as shown in Figure 4.1.
Let yr be the desired QoS level for the clients, y - the actual average QoS

level at the clients (ClientQoS), and u - the QoS level with which the video
servers serve the clients (ServerQoS). The controlled system encompasses
the clients, the network, the video servers and the monitor. Input to the
controller is the performance error, i.e., difference between yr and y. The
controller changes the controlled variable (y) by adjusting the manipulated
variable (u), which is an input to the controlled system. This is how the
controller adjusts the manipulated variable:

u = u + δ

where
δ = KI ∗ error

error = yr − y

and
KI ∈ R

Now, let us analyze this system closer. We describe each possible case
in turn. If y = yr we have the ideal situation when our goal coincides with
what is in reality. But usually this is not the case. If y ¿ yr, then the
feedback control system will degrade u so as to make y to converge to the
reference yr. See in Figure 4.2 an illustration of this process. If y ¡ yr
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then it implies one of the two cases: (i) there is congestion in the network
and the buffer level, consequently y, drops down because frames are not
arriving at the client; (ii) u ¡ yr and thus y ¡ yr. By observing only the QoS
level of the client (y), we cannot say which of these cases is true. In order
to solve the congestion problem we should degrade u. However, in order
to increase the client QoS level we should increase u. What should we do?
From this analysis we can conclude that, in order for this algorithm to work,
we cannot rely only on the client QoS status (u) alone to decide whether to
decrease or increase the manipulated variable u (ServerQoS). Using just
one controlled variable, y, we do not know when to increase u. In order to
see what really is happening inside the system, we must observe something
else, beside the client QoS status, that could be of value in deciding when
we should increase u. For example, in the original QMPEGv2 video system,
a second parameter observed by the master server is the current available
bandwidth, see more details in section 2.5. If we implement control theory
in the system, the problem with introducing one more controlled variable
is that it increases the complexity of designing a controller for the system
and analyzing its performance. On the other hand, to efficiently use FCS
it is necessary to have a model that adequately describes the behavior of
the system. We see that the choice of a controller is an interesting problem
in computing systems due to their nonlinear character. For the reasons
mentioned above and because of the limited time of the project, we decided
to leave the feedback control scheduling solution for future research and
investigations.

4.3 Algorithm Specification

We propose an algorithm that regulates how the QoS of the video service
of the system is changed dynamically according to the QoS levels reported
by clients to the master server. As metric of performance we have the QoS
that the client perceived (see section 4.1 for definitions), i.e., the number
of frames in each GoP displayed by the client. The higher QoS the client
perceives, the more the number of frames displayed by the client. One of
the consequences of not using the feedback control scheduling algorithm is
that we cannot make guarantees about the QoS that the clients perceive. In
other words, we cannot guarantee a minimal QoS (minQoS) to all accepted
clients. Our goal as stated in (3.3) is to provide the best possible QoS in
the present available network bandwidth even when changes occur in the
network between video servers and clients.
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In section 4.1 we have introduced the variables with which we work.
ServerQoS can vary within the bounds of 4 to 12, as shown in Figure 4.3.
Note that it is possible for the ClientQos to be lower than minQoS due to
the loss of frames occurring in congestion situations. In order to differentiate
between current ClientQoS and previous ClientQoS, we call these Ccurr and
Cprev respectively. As well, in our algorithm, we record what our previous
action was: increasing(+) or decreasing(-) QoS. For this we have introduced
the variable direction ∈ {+1,−1}. We also define that the optimal QoS is
the maximum QoS level possible to transmit in the current available network
bandwidth.

The goal we pursue through our algorithm is to maintain as good a
QoS as the network allows using imprecise computation. To do this, we
apply a very simple principle, namely - tuning. We dynamically change
the ServerQoS based on the relationship between Ccurr and Cprev and the
parameter direction, until we get the optimal QoS. This is very similar to
tuning an engine, which is to change the setting of particular parts of it,
especially slightly, so that it works as well as possible. When we change too
much in one direction and see a bad result we start changing back slowly
and eventually catch the right setting by constantly adapting to the system’s
response to our previous action.

We change the ServerQoS with δ which we calculate as follows:

δ = |error ∗ K|

where
error = Ccurr − Cprev
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and
K ∈ R+

is a smoothing factor. One of our tasks is to find for which K we reach an
optimal QoS level.

Our algorithm is functioning as follows (see its outline in Algorithm 1).
Every time a change occurs in the client QoS level, each client reports its
respective QoS level to the master server. Thus the master server monitors
the current client QoS level. The master server also records the previous
client QoS level with respect to time in the variable Cprev, and whether the
ServerQoS was previously increased or decreased in the variable direction.
At each sampling period (τ = 1 sec), the difference between Ccurr and Cprev

is calculated obtaining the parameter error. Using error, δ is derived.
Based on the relationship between Ccurr and the minimum acceptable QoS
(minQoS) we perform one of the following. If Ccurr is lower than minQoS,
then set the ServerQoS to the minimum acceptable QoS (minQoS), mem-
orize the present client QoS into the Cprev variable, memorize also the di-
rection of change, which is an increase in this case. However, when Ccurr is
greater or equal to minQoS we have four possible cases of the relationship
between the current client QoS and the previous client QoS. We always want
to have the relationship Ccurr > Cprev evaluated as true because we want
to provide as high a QoS as possible in the present network situation. So,
when we see that this relationship is true, our next step is to do the same
action as before: if we have previously increased the ServerQos we increase
it again, if we have decreased it, we decrease it again. If Ccurr < Cprev,
we understand that we acted in the wrong direction in our previous step,
so consequently we do the opposite: we decrease ServerQoS if before we
have increased it and vice versa. Two more cases which are important to
tackle are: (i) If Ccurr = Cprev then we increase ServerQoS with 1 to start
increasing ClientQoS if possible; (ii) If ServerQoS > maxQoS then we
automatically set ServerQoS to the value of maxQoS. When, after these
reasonings, the ServerQoS has been decided, it is broadcasted to all video
servers and their QoS level gets updated. This is the way we apply the
principle of tuning to this case.

The advantage of our algorithm is that it is simple and based on a basic
and intuitive principle, namely the principle of tuning. However, because of
its simplicity it might not encompass the whole spectrum of parameters that
influence the QoS perceived by the client. A more detailed analysis of the
advantages and disadvantages of the algorithm is made in the 5.3 section.
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Algorithm 1 QoS Management
Monitor Ccurr

Record Cprev and direction
Compute error and δ
if (Ccurr < minQoS) then

Set ServerQoS = minQoS, direction = 1 and Cprev = Ccurr

else if (Ccurr >= minQoS) then
if (direction = 1 and Ccurr > Cprev) then

Set Cprev = Ccurr

Increase ServerQoS with |δ|
Set direction = 1

else if (direction = −1 and Ccurr > Cprev) then
Set Cprev = Ccurr

Decrease ServerQoS with |δ|
Set direction = −1

else if (direction = 1 and Ccurr < Cprev) then
Set Cprev = Ccurr

Decrease ServerQoS with |δ|
Set direction = −1

else if (direction = −1 and Ccurr < Cprev) then
Set Cprev = Ccurr

Increase ServerQoS with |δ|
Set direction = 1

else if (Ccurr = Cprev) then
Set ServerQoS = ServerQoS + 1, direction = 1 and Cprev = Ccurr

end if
end if
if (ServerQoS > maxQoS) then

Set ServerQoS = maxQoS
end if
Update the QoS to the new value of ServerQoS at every video server
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Chapter 5

Performance Evaluation

The following chapter gives a detailed description of the performed experi-
ments. The goal and the background of the experiments are discussed, and
finally the results are presented and analyzed.

5.1 Experimental Goals

The main goal of our experiments is to see if the algorithm we presented
performs in the way we expect. We expect that it would make the video
system adapt to the exterior network conditions so that the best possible
QoS level is provided. We have studied and evaluated the behavior of the
algorithm according to a set of performance metrics which we described in
section 4.1. The performance evaluation is undertaken by a set of simulation
experiments in which two parameters have been varied. These are:

1. Load. Computational systems may show different behaviors for differ-
ent loads. In our case, we represent the load of the video system by the
number of client applications running. We use the number of clients to
create congestion in the network and measure the performance when
applying different loads to the system.

2. The smoothing factor K. The harshness or gentleness of changes ap-
plied to QoS level depends on the factor K. We vary this factor and
estimate for which of its values we get an optimal QoS level.

31



32 CHAPTER 5. PERFORMANCE EVALUATION

5.2 Experiment Setup

To evaluate the proposed scheme, we use the QMPEGv2 video system to
simulate multiple video servers with multiple clients connecting through an
open network. The simulation program is executed on the AMD platform (
∼ 902 MHz) [20] using the Microsoft Windows 2000 Professional operating
system [21]. Below are listed system parameters and assumptions. Some of
these assumptions come from the system definition of QMPEGv2 since we
have used this video system to test our algorithm.

1. Each video server services multiple streams and sends the video data
to the clients a packet at a time.

2. Each packet has a fixed size of 2048 bytes.

3. Packets are delayed by the network. The delay time used in the simu-
lation is the real delay time between two Internet hosts located on two
different continents. The data are collected using packets of the same
size as in the simulation. This delay time was added to simulate the
delay of video transmission due to distance between Internet hosts.

4. We assume 10 Mbps bandwidth limit on the open network.

5. The simulation time is 60 seconds.

6. As type of video content an action video is used. With this type
of video, from a human perspective, it is easier to observe the jerky
motion when the loss of frames occurs.

7. The size of the video clip on which we test is 10213 KB.

8. The number of clients being used varies in the range of 4 to 8. The
network bandwidth is sufficient for 4-5 streams with no skipped frames.

9. We assume that clients have infinite computational capacity for pro-
cessing the received media data.

5.3 Experiments

To conduct our experiments we use two PCs with the same configuration.
We start a master server application and two video server applications on
one computer and a varying number of client applications on the second
computer. They are connected into an isolated network with a bandwidth
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of 10 Mbps, see Figure 5.1 for reference. All the clients start requesting the
server for an MPEG video stream approximately at the same time. This
simulates the worst case phasing of the video transmission. Information like
ClientQoS and ServerQoS are recorded in a file each second. We run a set
of experiments considering the same value of K but changing the number
of video clients. Then we change to a different value of K and try it with
a number of four to eight video clients. This cycle continues until we cover
a wide range of combinations between these two parameters: the Load and
the factor K. In the end, after experimenting, we analyze the information
that we recorded.

The outcome of an individual run of experiments can vary to some degree
from the outcome of another individual run. This happens because the
network condition between clients and video servers can be different each
time and consequently the results of the control algorithm can differ too.
Thus, we repeat each experiment three times in order to present the average
result from a number of runs. One parameter setting implies the same value
of K and the same number of video client applications running. We have
tried seven values of K in the interval [0.2,1.4] with the step of 0.2.

5.3.1 Discussion On Results

The graphs in Figures 5.2, 5.3, 5.4 and 5.5, represent how the ServerQoS
changes depending on the value of K and how the ClientQoS adapts ac-
cordingly. We can see that ClientQoS is changing in the same direction as
ServerQoS, except in the cases when the system accepts more than seven
clients. Then we see that the difference between the ClientQoS and the
ServerQoS grows. Ideally, we want this difference to be close to zero, but
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due to the congestion which occurs in the network the ClientQoS is caused
to degrade. The QoS degrades with a growing number of clients, as ex-
pected. Nevertheless, it degrades differently for different values of K. The
graphs show that for some values of K the system deals better with a smaller
number of clients while worse with more than six clients in the system, for
other values of K, vice versa. For K ∈ {0.2, 0.4, 1, 1.2} we observe an in-
teresting phenomenon: the ServerQoS for eight clients is greater than for
seven. The explanation is that even if eight client applications are initially
started, very soon their number gets reduced down to five or six running in
the system and as a result ServerQoS is increased. Out of all figures we
can see that for K ∈ {0.6, 0.8} we get the best ClientQoS arcs. K = 0.8 is
better than K = 0.6 because the average QoS provided for six clients is the
highest and the average QoS provided for seven and eight clients in the sys-
tem is acceptable too. We can observe the difference in system performance
for different values of K in Figure 5.6.

The values of ClientQoS and ServerQoS shown in Figures 5.2, 5.3, 5.4,
5.5, are average values for a certain number of clients. Through experiments
we have noticed that some clients get a better QoS at the expense of others.
This means that some client QoS values may be high while others are low
and we take the average of all these values in order to be able to express
them on a plot and show in general how the factor K affects ServerQoS and
ClientQoS. When a client QoS gets below minQoS this means that even
though the video server still transmits at least minQoS number of frames
per GoP (ServerQoS ≤ minQoS), because of congestion some frames are
lost and thus we have: ClientQoS < minQoS.

We see from Figure 5.6 that all average ClientQoS values are above the
minimum admissible QoS (minQoS = 4). But the average QoS value in
the graphs doesn’t show the individual QoS state of each client. Depending
on K and Load the QoS that the clients perceive can vary from maxQoS
to minQoS and lower. In Figures 5.7, 5.8, 5.9, 5.10, 5.11 and 5.12, we
can see how the QoS varies specifically for each client in the cases: (i)
K ∈ {0.2, 0.6, 0.8} with five clients and (ii) K ∈ {0.2, 0.6, 0.8} with six
clients. We notice that when there are five clients in the system, in all cases
of K, the ClientQoS is more or equal to eight. We look at the following
cases:

• K = 0.2, five clients (Figure 5.7). The best performance for five clients
seems to be provided with this K for in the figure we see that no big
variations between the QoS perceived by different clients occur and
only one client drops to a QoS of eight frames displayed per GoP.
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Figure 5.2: Average ServerQoS and ClientQoS depending on K and num-
ber of clients
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• K = 0.2, six clients (Figure 5.8). ClientQoS is kept above minQoS
and although we see that the QoS for the sixth client gradually drops
from nine down to five, the QoS provided for the majority of clients is
reasonably good spanning between ten and six frames per GoP.

• K = 0.6, five clients (Figure 5.9). The QoS drops to value eight almost
for everybody.

• K = 0.6, six clients (Figure 5.10). One client gets a QoS below
minQoS while others are provided with acceptable media quality.

• K = 0.8, five clients (Figure 5.11). A big deviation in the QoS of one
client is noticed, while the rest get a QoS greater than nine frames per
GoP.

• K = 0.8, six clients (Figure 5.12). All clients are provided with very
good QoS except one which only gets minQoS in the last third of the
video stream. Here we can notice that all client QoS values are above
minQoS.
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We have performed some additional experiments to show more clearly
how the QoS of each individual client is changing depending on the Load.
We have done two experiments for each K, where K ∈ {0.2, 0.6, 0.8}. In
one of these two experiments we start with a maximum of seven clients and
degrade this number to five and to four at approximately even intervals of
the media stream length. In the second experiment we do the same, but
in the opposite direction: we start from a minimum of four clients and add
two and then one client application. The purpose of these experiments is to
see how efficiently our algorithm can adapt the ClientQoS according to the
current load in the system. In Figures 5.13, 5.14, 5.15, 5.16, 5.17 and 5.18
we represent the results of these experiments. They show that generally the
algorithm is successfully adapting to the change in Load, that is ClientQoS
increases with the decrease in the number of admitted clients, and decreases
with the increase in the number of clients. Other observations that we made
are:

• When the number of clients decreases from seven to five and then to
four, even with enough bandwidth to transmit maxQoS, the ClientQoS
increases but doesn’t reach maxQoS.

• When the number of clients increases from four to six and then to
seven, the QoS provided for some clients degrades but stays above
minQoS while the QoS of one or two clients drops to a level lower
than minQoS.

• The smaller the K, the smaller the variations in ClientQoS. For
K = 0.2, K = 0.6 variations are medium to small and for K = 0.8
some clients experience large variations in QoS.

Our algorithm cannot achieve guaranteed QoS for each client because
the resources we dispose of, such as time and bandwidth, are in limited
amounts. One more mechanism is needed to solve the problem of excessive
number of clients. The algorithm we have proposed works well when there
is sufficient bandwidth capacity to provide the minimum admissible QoS. If
the number of clients that get served is below a certain threshold, all the
clients are guaranteed to receive at least the minimum admissible QoS. If
the number of clients exceeds that threshold, some clients may get a QoS
level which is lower than minQoS or no service at all while others will still
get a good QoS.

We perform the following calculations to see how much bandwidth one
video stream needs in our case and then how many clients a network of 10
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Figure 5.13: QoS for 4 to 7 clients with K = 0.2

Mbps can support:

SizeofClip

T imeofClip
=

10213 ∗ 8Kb

60sec
≈ 1.4Mbps

10Mbps

1.4Mbps
≈ 7.1

Through these calculations we find that each client costs about 1.4 Mbps
of bandwidth capacity. Consequently, in theory at least, the video system
can serve 7.1 clients totally. In practice though, by experimenting we have
observed that the actual bandwidth we dispose of is not 10 Mbps but lower.
The available bandwidth is enough only for four-five clients to be provided
with the highest video quality. In other words, no congestion occurs when
four or five client applications are running simultaneously. Starting with
five-six clients accepted into the system, congestion happens and for this
reason the minimum acceptable QoS is not guaranteed to all clients any
more. The actual maximum bandwidth is less than 10 Mbps because there
is the overhead of physical headers of packets, other protocol headers and
contention costs for the channel (CSMA/CD access method [37]).

One of the strong points of our algorithm is the manner in which it tries
to avoid creating congestion in the network and diminish it once it happened.
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Figure 5.14: QoS for 7 to 4 clients with K = 0.2
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Figure 5.15: QoS for 4 to 7 clients with K = 0.6
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Figure 5.16: QoS for 7 to 4 clients with K = 0.6
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Figure 5.17: QoS for 4 to 7 clients with K = 0.8
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Figure 5.18: QoS for 7 to 4 clients with K = 0.8

It is sensitive to the changes in the network and adapts to them effectively.
If it sees no changes in the average video quality that the clients perceive, it
increases the served QoS slightly until changes occur in the network. Then it
acts accordingly. Observations from our experiments show that the system
can promptly react in congestion situations and succeeds in adapting the
video QoS to them.

Our objective (stated in section 3.3) was to establish a framework where
the best possible QoS level is given during transient overloads and changes
in the network between video servers and clients. We have seen through ex-
periments that our algorithm is good for adapting the system to congestion
situations and providing the best possible QoS, but it is still not enough for
guaranteeing a minimum acceptable QoS to all admitted clients. In fact,
no scheme can provide guarantees to all admitted clients unless one limits
the total number to a maximum number of clients that can be served at
the same time by the video server. In order to reach this goal we suggest
applying control theory in designing an admission controller. This addi-
tional mechanism would achieve utilization control by admitting the “right”
number of clients to be served by the video servers. Thus, at the expense
of rejecting excess clients, all admitted clients will receive a guaranteed QoS
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level.
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Chapter 6

Related Work

There are three topics closely related to the present work: imprecise com-
putation, quality of service for streaming MPEG video over a computer
network, and feedback control scheduling. Below we present various works
in these areas and their main conclusions.

6.1 Imprecise Computation

Amirijoo et al. have applied the notion of imprecise computation in databases
and used feedback control scheduling to show that the performance of databases,
in terms of preciseness of the results of transactions, can be controlled ac-
cording to a given specification [3, 4]. Further, with their approach, a
database is able to adapt to changes in load. Applying feedback control
scheduling in a database system providing MPEG streams, could yield in
a framework where the system administrator is able to specify the desired
performance in terms of video quality, and where the database is able to
adapt to a varying load and number of clients accessing audio-visual media.
We think that their approach should be used for a future improvement of
the QMPEGv2 video system performance.

Delgrossi et al. [15] have suggested solving the trade-off between the
quality of services of an MPEG video player and the smoothness of video
playing when the video player is not operating in an ideal environment
by sending the I, P, and B frames of an MPEG-coded video over streams
with different priorities. I frames have the highest priority. The high-
priority stream might receive guaranteed QoS service, while the lower prior-
ity streams get best-effort QoS. The principle of prioritization among MPEG
frames is also applied by us but in a slightly different way. We do not sep-

53



54 CHAPTER 6. RELATED WORK

arate the different types of frames into prioritized streams. Instead we skip
frames when it is needed in the order of their priority and sacrifice video
smoothness for the sake of reducing the bandwidth cost of the entire video
stream.

An imprecise algorithm for real-time compressed image and video trans-
mission has been proposed in [14]. This technique combines the advantages
of both compression and imprecise computation for the first time. The mo-
tivation for such an algorithm was the problem that compressed image files
cannot be decompressed if they are not transmitted completely. In this paper
Chen and Cheng investigate ways to split an image file into several smaller
sections, and then compress and transmit these sections. Using this method,
even if the available time is not sufficient for transmitting all the compressed
smaller sections, the receiver can still obtain some sections, making it pos-
sible to decompress the received compressed sections and reconstruct the
image/video on the basis of these received compressed sections. The paper
is a case study of the application of imprecise computation to compressed
image/video transmission. The disadvantage of this new technique is the
increasing of processing time on both the sender and the receiver while han-
dling image reorganization, compression, decompression, and reconstruction
which adds to the overall system load. Nevertheless, from the experimen-
tal results, it was concluded that this imprecise compressed image/video
transmission algorithm provides an excellent trade-off between the available
network bandwidth and the image quality.

6.2 QoS for Streaming MPEG Video

In the paper [22], results from a study of MPEG-2 video streams are pre-
sented to analyze the validity of common assumptions for software decod-
ing and identify a number of misconceptions about stream characteristics.
Correct assumptions about streams are needed to identify realistic timing
constraints for MPEG processing. In order for frame skipping to be most
effective it needs to be based on appropriate assumptions. Dropping the
wrong frame at the wrong time can result in a noticeable disturbance in the
played video stream. In the paper some common assumptions about MPEG
are presented and matched with the results of the analysis. Assumptions
about streams, frame size, and decoding time are examined. The results of
this study are very important for the work presented in this report and can
be effectively implemented in future, since in order to have the least quality
loss, we need to make right assumptions about stream characteristics.
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Compressed video, like the MPEG-I video, exhibits a multiple-time-scale
variable bit rate (VBR) behavior which makes it a major challenge in pro-
viding good quality of service and at the same time achieving high network
utilization. What makes the MPEG video a VBR transmission stream is
due to the difference in size among the I, P, and B frames. In other words,
the burstiness of the MPEG video depends on the video content of the clips.
If the variance of these VBR transmissions could be reduced, the network
bandwidth would be better utilized. Video smoothing is a powerful tech-
nique that is likely to be used for the real-time transmission of stored video.
Ng in [25] introduces a smoothing algorithm for transmitting stored MPEG-I
video stream under a user-defined maximum network bandwidth. It is based
on an existing optimal smoothing technique and makes use of the client’s
buffer to smooth the burstiness of the video streams. At the cost of skipping
a few B frames for a short period of time, this reserved bandwidth smooth-
ing algorithm has shown that the bandwidth utilization can be improved
dramatically. Ng also discusses the impact of the startup latency and the
client buffer size on the network utilization.

For the QoS support, various QoS control mechanisms have been pro-
posed. Bolot and Turletti proposed a rate control mechanism for transmit-
ting packet video over the Internet [9]. Reibman et al. [34] and Reininger et
al. [35] used an adaptive congestion control scheme to study the problem of
transmitting VBR video over ATM networks. Furthermore, Hasegawa and
Kato had implemented and evaluated a video system with congestion con-
trol based on two-level rate control [19]. Also, in [26, 27] ways are suggested
to make use of a feedback control mechanism to maintain the QoS of the
distributed video system.

Streaming video systems like RealPlayer and RealSystem G2 from Real
Network [33], NetShow from Microsoft [16] and Streamworks from Xing
technology [17] are commercially available. However, the performance of
these systems highly relies on the available bandwidth and on the utiliza-
tion of large amount of buffers. Moreover, they do not provide much QoS
guarantees on the video, not to mention that each of these systems has its
own proprietary video format.

In short, because there are so many aspects involved in developing a video
system, relatively few video systems exist that can provide the support for
streaming MPEG video over an uncontrolled network while still providing
some guarantee on the quality of service of the video being displayed.
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6.3 Feedback Control Scheduling

A widely used approach to achieving service level objectives for a software
system is to add a controller that manipulates the target system’s perfor-
mance parameters. Parekh et al. demonstrates a methodology for designing
such controllers for software systems using a statistical approach to system
identification [30]. They testify about the appeal and power of a control
theoretic analysis on a controller for doing admission control. The goal
was applying control theory to the evaluation of controllers used for service
level management of software systems. But rather than proceeding from
first principles approach, they advocate an empirical approach to system
identification using statistical techniques. This approach is more generally
applicable than the conventional first-principles approach because it treats
the system as a black box and, thus, it is not influenced by its complex-
ity. Both system identification and controller design are performed off-line,
based on data that has been collected form either controlled or production
runs of the target system. A remarkable correspondence was noted between
the predictions made by control theory and the observed behavior of an ac-
tual server. This approach could be tried in our case, since we have to deal
with a rather complicated system for which it is difficult to construct a valid
model.

In [2] Abdelzaher and Lu show that control theory offers a robust so-
lution to the server performance control problem. It solves the problem of
achieving overload protection and performance guarantees in the presence of
load unpredictability. They demonstrate that a general web server may be
modeled as a linear time-varying system. They describe the needed software
actuators and sensors, and cast server performance control as a classical feed-
back control problem. The objective of their performance control loop is to
(i) avoid server overload and (ii) meet the individual deadlines of all served
requests. Experimental results indicated that control-theoretical techniques
offer a promising way of achieving desired performance in emerging critical
Internet applications. This approach could be applied to services such as
multimedia too and, thus, provide overload protection for video servers and
performance guarantees for clients. As well, support for different classes of
(quality of) service can be provided and even individual performance guar-
antees could be given to served requests.



Chapter 7

Summary

Below a short summary of results is given. Suggested approaches, per-
formance evaluations are discussed and topics/issues for future work are
identified.

7.1 Conclusion

With the advances in computer and network technologies, there is an increas-
ing demand in the Internet for streaming video systems. As the run-time
environment of such applications tends to be dynamic, it is imperative to
handle transient overloads effectively. It has been shown that control theo-
retical techniques offer a promising way of achieving desired performance in
emerging Internet applications. Further, imprecise computation techniques
have shown to be useful in many areas where timely processing of tasks or
services is emphasized. The goal of this work is to develop an algorithm
that would provide a robust and controlled behavior of video servers so
that, as much as possible, important data are delivered on time to the video
clients. Our solution uses the advantages of imprecise computation with an
algorithm based on the principle of tuning. This algorithm manages the
performance of the video system in terms of the number of video frames
displayed at the client side. It reacts well to congestion situations in the
network, provides the best possible QoS to its clients, but cannot guarantee
a minimum QoS to all clients when the network is very congested. In order
to make any QoS guarantees we need a control mechanism, namely an ad-
mission controller, which would dynamically adjust to the current network
bandwidth capacity by accepting or rejecting clients into the system.
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7.2 Future Work

The present work can be seen as an impulse to do research about such issues
like modelling non-linearities peculiar to computing systems, accounting for
these non-linearities in control, the efficiency of control techniques in dealing
with parameter variation and load uncertainty. We have identified some pos-
sible research problems which are listed below. They are based on different
aspects and approaches to QoS management.

7.2.1 Feedback Control Scheduling

We consider feedback control scheduling theory as a promising way to pro-
vide guarantees on the client QoS. Thus, for future research and work we
propose to apply control theory in designing an admission controller which
would limit the number of clients who access the server concurrently by
denying service to some of them. Tarek and Chenyang describe this tech-
nique in [2]. If the client is not admitted, a short message may be returned
to the client informing them that the service is temporarily unavailable.
Client rejection is acceptable because no scheme can provide guarantees on
admission to all clients, unless one limits the total number of clients on the
Internet to the maximum number that can be served by a single video server
concurrently. The challenge a control loop accomplishes is that of provid-
ing performance guarantees to the clients whom the admission controller
chooses to admit. This way the server overload will be avoided effectively
and the individual deadlines of all served requests will be met.

7.2.2 Service Differentiation

Service differentiation is currently receiving more attention [2]. In our cur-
rent system architecture, the master server treats all clients alike in a first-
come first-served fashion. As a result individual performance guarantees
cannot be given to individual clients (or client categories). When the video
server is overloaded, all clients suffer unacceptable delays and connection
failures although enough resources may exist on the server to serve a subset
of clients efficiently. Computing the size of that subset is a challenge since
the load imposed by a single client is unpredictable. Real-time scheduling,
e.g., deadline monotonic, earliest deadline first, rate monotonic [6], can guar-
antee efficient service to clients if server utilization is maintained below a
pre-computed bound. In the absence of exact knowledge of per-client load,
utilization can be maintained around the bound via feedback control. How
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this can be done is depicted in [2]. This method is another way feedback
control theory could be used to provide guaranteed quality to clients.

7.2.3 System Modeling and Analysis

In order to be able to use the advantages that control theory gives, we
need to have a methodology for constructing and analyzing a model for
our distributed video system. Parekh et al. [30] are demonstrating such
a methodology using a statistical approach to system identification. Since
streaming video systems are quite complex, it is hard to derive accurate
system models based on analytical methods. It is then more feasible to derive
models based on statistical approaches. Due to the non-linear character of
computer systems, if non-linear control theory with more complex controllers
is applied to the QMPEGv2 video system, it will provide better insights into
the controlled system in comparison with classical control theory, which
requires restriction to linear regions of the controller operation.

7.2.4 Encoding of Frames

In our work we have adopted the assumptions made by the developers of
the QMPEGv2 video system. One of them is that the encoded video frame
sequence follows the pattern of “IBBPBBPBBPBB” and repeats itself. Ac-
cording to the analysis performed by Isovic et al. [22], this assumption
is not always true. Not all GoPs consist of the same fixed number of P
and B frames following the I frame in a fixed pattern. That is because
more advanced encoders attempt to optimize the placement of the three
picture types according to local sequence characteristics in the context of
more global characteristics. Other assumptions that have been made re-
garding the QMPEGv2 video system which are true on average but not in
all cases are that: I frames are the largest and B frames are the smallest;
all P frames contribute equally to the GoP reconstruction; MPEG streams
always contain B frames. If more right assumptions are considered in fu-
ture developments of the QMPEGv2 video system, the quality loss due to
misconceptions about the stream characteristics will be much reduced. For
example, to develop algorithms for QoS control that can deal with several
patterns for GoP frame sequences, not only with one pattern as it is done at
the current stage. This way frame skipping will be effected more precisely
and less frames will be lost in vain.
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