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Abstract

In a multicast network of a large number of receivers where transmission resources and
end-systems are of high heterogeneity, the receivers require automatically selected
heterogeneous QoS stream variants that meet their end-system requirements. In this thesis,
we introduce a Receiver Satisfaction Driven (RSD) method that takes into account user
preferences stored in user profiles in order to automatically select the stream variants that
maximize the overall user satisfaction. In the case of a large number of receivers, the
receivers may be partitioned into different user classes according to their bandwidth limit.
Each class is allowed to send one or several representative group profiles, depending on
the number of users in that group. The source processes the data from the group profiles
and determines the optimal QoS parameters for a given number of stream variants. Our
simulation results show that the streams variants generated based on representative group

profiles give a reasonable satisfaction level for all receivers.
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CHAPTER
INTRODUCTION

1.1 Thesis Motivation

Within recent years, the great improvement in network delivery infrastructures, digital
technologies and end-system processing power have made it possible to use existing
networks for multicast applications such as video conferencing, distance learning
(teleteaching), remote presentation and media-on-demand. In a network of a large number
of receivers where transmission resources and end-systems are of high heterogeneity, it
does not make sense for users with different capacities to receive the same multimedia
service for one multimedia stream content. Stream variants with different quality are
required for different users. On the other hand, due to the server link bandwidth limitation,

it is not possible to allow each end-user to receive a separate multimedia stream.

Studies have been done that try to find out how to deliver several multicast stream
variants from the source to target receivers by considering the variation of end-users’
requirements as well as network bandwidth limitation [AMK 97] [BTW 94-01] [CAL 96-
01]. In the case of a large number of users, multicasting can be used to send a single
stream from the source to many receivers. In order to adapt to its end-users’ bandwidth
capacity, a multicast stream may be sent in the format of a single stream, multiple stream
variants, or a set of streams representing layered encoded video image. In a single stream,
a single encoded multicast stream is transmitted by the source; the source uses the
feedback information from the receivers to adapt its data rate. With multiple stream
variants the source sends several stream variants carrying the same information with
different quality and bit rate (by encoding the stream variants with different compression
parameters). Each stream variant is multicast to a different group of receivers categorized
by their bandwidth capacity. Feedback from the receivers can be used to adjust the data

rate of the stream variant they are receiving. With layered encoded streams, the output
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stream is divided into a base layer and one or more enhancement layers. Each layer is
sent as a separate stream. The base layer is independently decoded and provides the basic
level video quality. The enhancement layers can only be decoded together with the base
layer to provide an improved quality. The receiver would then join at least the base layer

group, and join as many enhancement layer groups as his/her receiving capabilities allow.

In reality, bandwidth capacity is not the only factor that determines which stream the user
would like to receive. There are personal preferences for each individual such as the
acceptable and ideal level of the quality for the user. Those personal preference
parameters, together with the available bandwidth capacity, can be written into a user
profile. The data in the user profiles are used by a user satisfaction function to calculate
how much the user would be satisfied from a given stream. The set of stream variants that

generate the best satisfaction for all users should be sent out.

1.2. Thesis Objective

In this thesis, we will introduce a Receiver-Satisfaction Driven (RSD) method, which
makes usage of the user profile and the satisfaction function, to automatically select the
stream variants that maximize the overall user satisfaction. The source collects data in the
format of user population profiles from the receivers. The data in user population profiles
are used to calculate the overall user satisfaction level. A set of stream variants is
generated using certain optimization method that the satisfaction of all users is
maximized. The stream variants are for the same application content, but each variant
uses different quality parameters. In the simplest case, it would be a single channel,
however, in most cases, several concurrent channels would be selected. In a context of a
large number of receivers, the receivers can be partitioned into different user classes
according to their bandwidth limitation. We propose that each class of users can be
characterized by what we call a representative group profile. The source processes the
data from the representative group profiles, and use this information to select the stream

variants for transmission. Our simulation results show that the streams variants generated
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based on representative group profiles give reasonable satisfaction levels for all receivers

of an application.
1.3Thesis Contribution

The main contributions of the thesis are:

(1) We have defined an approach for automatically selecting the stream variants for
multimedia information to maximize overall user satisfaction.

(2) We have defined a scheme to partition the receivers into different classes and
characterize the receivers of a given class by representative group profile(s) that can
be used for the automated selection of stream variants.

(3) We have defined and compared three different user class characterization approaches.
The simulation results show that the satisfaction generated from the boundary-value

approach is the best among the three approaches.
1.4 Thesis Organization

The layout of this thesis is as follows: In Chapter 2 we introduce the fundamental
concepts of multimedia applications and quality of service. Chapter 3 is the literature
review on video multicast over the Internet. In Chapter 4 we propose the Receiver-
Satisfaction Driven method for automatically selecting QoS parameters. Chapter 5

presents some simulation studies and explains the results. Chapter 6 concludes the thesis.
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Chapter 11

FUNDAMENTALS OF QOS IN MULTIMEDIA SYSTEMS

2.1 Definition and Types of Multimedia Systems

The information/data being transferred over the Internet may be composed of the
following media types: text, images, audio and video. Within the context of this thesis,
the term Multimedia system is defined as being capable of simultaneously supporting the
processing and communication of several media types with at least one time-continuous
medium type in digital form [LG 96]. Following this definition, any types of multimedia
information have the following in common: 1. They contain at least one time-continuous

medium, 2. The time-continuous medium has to be in digital form.

There are many and varied multimedia system applications, however, they can be placed
into one of three categories: interpersonal communications, interactive applications over

the Internet and entertainment applications [HF 01].
® Interpersonal communications

An example of an application that involves text, images and audio integrated together is
computer-supportive corporative working (CSCW). Typically, a distributed group of
people all work on the same project, the user terminal is used as a shared workspace.
Other examples are feleconferencing, video telephony and multimedia e-mails where the
textual mail information is annotated with a digitized image, a speech message, or a

video message.
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® Interactive applications

The Internet is used to support a range of interactive applications; the most widely used is
the World Wide Web (also called Web). This comprises a linked set of multimedia
information servers that are geographically distributed around the Internet. Documents
comprising only text are created using what is called hypertext, while those comprising
multimedia information are created using what is known as hypermedia. A standard
format is used for writing Web document, known as the Hypertext Markup Language
(HTML). It allows the user to open a dialog with a particular server at the click of the
mouse. The users can use the Web to locate a certain document, a sound annotation or a
video clip. Other examples of interactive applications over the Internet include

teleteaching, telebanking and teleshopping.

® [Entertainment applications

Two examples of entertainment applications are introduced here: movie/video on demand
or interactive television. For movie-on-demand (MOD) or video-on-demand (VOD), a
collection of digitized movies/videos are stored on the server, normally the subscriber
terminal comprises a conventional television with a selection device for interaction
purposes. By means of a suitable menu, the subscriber is able to browse through the set of
movies/videos available and initiate the showing of a selected movie. In addition, the
subscriber can control the showing of the movie by using controls such as pause, fast-

forward and so on.
Broadcast television includes cable, satellite, and terrestrial networks. Inferactive

television enables the subscribers to actively respond to the information being broadcast.

It is typically used for voting, participation in games, home-shopping and so on.
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2.2 Multimedia Information Representation and System Requirements

2.2.1 Information Representation

Most multimedia system applications, represented by digital audio, video and image, are
converted from their analog counterpart. Analog to Digital Conversion (ADC) includes
converting continuous time into discrete values (also called sampling), converting
continuous sample values into discrete values (also called quantization), and representing

quantized values digitally (also called coding) [LG 96].

2.2.2 System Requirements

Most multimedia data places stringent requirements on the computer systems. They need
high storage and bandwidth; low delay and delay jitter; and synchronization among
related media types. On the other hand, digital audio, image and video data can tolerate

some error or loss.

® Storage and Bandwidth Requirements

Storage requirement is measured in terms of bytes or Mbytes. For example, the storage
requirement for an image (in octets) without compression is H * V * P / 8, where H is the
number of pixels on each line, V is the number of lines in the image, and P is the pixel

depth (bits per pixel).

Bandwidth is measured in bits per second (bps) or Mbit per second (Mbps). The
bandwidth requirement of different applications varies a lot. For example, digital
telephone has a data rate requirement of 64 kbit/s, but CD-Audio has data rate
requirement of 1,411.2 kbit/s, and HDTV (High-Definition Television) systems require
864,000 kbit/s [LG 96]. Since digital audio, image and video require huge amount of data
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for representation and high network bandwidth for transmission, data compression is

necessary for multimedia applications.

® Delay and Delay Jitter Requirements

To achieve a reasonable quality playback of audio and video, audio samples and video
samples (images) must be received and played back at regular intervals. For example, if
an audio piece is sampled at 8 kHz, it must be played back at 8,000 samples per second
[LG 96]. End-to-end delay is the sum of all delays in all the components of a multimedia
system, including disk access, ADC (Analog to Digital Conversion), encoding, host
processing, network access, network transmission, buffering, decoding, and DAC. Delay
jitter is the variation of the delay. Acceptable delay is a subjective matter and is also
application dependent. Most recent studies show that the end-to-end delay should be kept
below 300 ms for most conversational applications [LG 96]. For most information
retrieval type of applications, a few seconds of delay is acceptable. For telephone-quality
voice and television-quality video, delay jitter should be below 10 ms [HSS90]. Delay
jitter values for high-quality stereo audio must be kept particular small (below 1 ms)
[BL92]. Delay jitter can be removed with a first-in first-out (FIFO) buffer at the
destination before playing. Arriving packets are placed in this buffer at a variable rate;
the device will remove samples in the buffer at a fixed interval. The principle of this
technique is to add a variable amount of delay to each packet so that overall delay for
each packet from source to the sink is the same. For this reason, the buffer is often called
delay-equalizing buffer [LG 96].

® Temporal and Spatial Relationship among Related Media

The retrieval and transmission of related media must be coordinated and presented so that
the specified temporal relationships are maintained for presentation. In this context, the
correct or desired temporal appearance or presentation of the media items is called
synchronization. Two areas of work in synchronization are taking place — the first is to

develop mechanisms and tools to let authors specify the required temporal relationship
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easily. The second is to guarantee the specified temporal relationships by overcoming the

non-deterministic nature of communication system.
® Error and Loss Tolerance

We can tolerate some errors or packet losses in digital audio, image and video data. For
voice, we can tolerate a bit error rate of 102, For image and video, we can tolerate a bit
error rate from 10 to 10%. When compression is used, the acceptable bit error rate will

be lower because one bit error may cause decompression error of many bits.

2.3 Compression Techniques and Standards for Audio, Video and

Images

Digital audio, images and video require a large amount of data to represent and a large
bandwidth to transmit, thus data compression is essential in multimedia systems. Data
compression is achievable by exploiting two major factors: redundancy existing in audio,

image, and video data and the properties of human perception.
2.3.1 Data Redundancy

As introduced in Section 2.2, digital audio and image are a series of discrete sample
values, and video is a sequence of images played out at a certain rate. Sample values are
not entirely independent, neighboring sample values are correlated, this correlation is
called redundancy. Three types of redundancy exist in digital audio, images and video:
silence between talking spurts in digital audio, spatial redundancy caused by similarities
between neighboring samples, and temporal redundancy caused by similarities between

neighboring images.
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2.3.2 Human Perception Properties

The end users of digital audio, image, and video are normally human beings. Human
beings can tolerate some information error or loss without affecting the communication
effectiveness. But human perception sensitivities are different for the different signal
patterns, thus a compression technique should try to keep the important information and

remove the unnecessary information.

2.3.3 Compression Techniques

If the original data can be reconstructed exactly after using a compression technique, we
call this compression technique Jossless. Otherwise we call it Jossy. Lossless compression
techniques are used where no error or loss is allowed, such as legal or medical
documents. They exploit only data redundancy; the achievable compression rate is
normally low for lossless compression techniques. Lossy compression techniques are
normally used for compressing digital audio, image and video where some errors and or
loss can be tolerated. They exploit both data redundancy and human perception

properties; the achievable compression rate is very high.

There are many coding techniques and they can be categorized into: entropy coding,
source coding and hybrid coding. We are going to give several examples in each category

but we are not going into detail on this subject in this context.

Entropy coding is lossless and is independent of the type of information that is being
compressed. It is concerned only with how the information is represented. Examples of
entropy coding are: Run-length coding, Huffman coding and Arithmetic coding. Source
coding exploits a particular property of the source information in order to produce an
alternative form of representation that is either a compressed version of the original form
or is more amendable to the application of compression. Examples of source coding are:

Predictive coding, such as Differential Pulse-Code Modulation (DPCM) coding, and
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Transform coding [HF 01]. Hybrid coding refers to techniques that combine transform
and predictive coding techniques [LG 96].

2.3.4 Compression Standards

For digital audio and image applications involving storage or transmission to become

widespread in the marketplace, standards for audio and image compression methods are

needed to enable interoperability of equipment from different manufacturers. Several

standards of compression techniques for different applications have been proposed:

® MIJPEG (Motion/Moving Joint Photographic Expert Group) A sequence of frames
are send out one after another, each frame is applied with JPEG algorithm
independently.

® H.261 specifies video compression for videophone and teleconference applications at
a bit rate between 64kbps and 2Mbps.

® H.263 for videophone applications at a bit rate below 64 kbps

® MPEG-1 (Motion Picture Expert Group) Video can compress VHS-quality video at
around 1.5Mbps, mainly for video storage.

® MPEG-2 Video can compress studio-quality video at around 4 Mbps and HDTV at
around 20 Mbps, mainly for video transmission and distribution applications.

® MPEG-4 Video is intended for very-low-bit-rate video applications, such as personal

videophony.
2.4 Quality of Service (QoS)
2.4.1 Definition
QoS (Quality of Service) represents the set of quantitative and qualitative characteristics
of a distributed multimedia system necessary to achieve the required functionality of an

application [VKBG 95]. It includes performance-oriented attributes, such as transmission

delay, format attributes, such as compressing scheme, synchronization aspects, such as
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skew between audio and video sequence, cost issue, such as copyright charges, and user-

oriented attributes, such as subjective sound quality.

A set of requirement parameters can be negotiated and agreed among the users of a
multimedia application and the service offered by the service provider. When a user
needs to start a session, his/her local workstation submits a request with the required QoS
to the multimedia system. The system will either reject the request or accept the request
after some negotiation. Once the request is approved, the system is about to provide the
required QoS. This guarantee can be satisfied fully (deterministic guarantee), or with a
certain probability (statistic guarantee), or not at all (best effort), which is the traditional

system-sharing policy.

2.4.2 Layered QoS Model

QoS for multimedia application can be categorized into following layers: user level QoS,

application level QoS and system level QoS; under system level QoS there are device

3

QoS and network QoS. The hierarchy is shown in diagram below:

(User QoS)

/ (System QoS) \

(Device QoS) (Network QoS)
Figure 2.1. QoS Layered Model for Multimedia Systems [ES 03]
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User level QoS is also called perceptive QoS, it focuses on parameters such as user
satisfaction level, tolerable synchronization drift and visual perceptibility. Application
QoS parameters describe the requirements for media quality (represented by media
characteristics and end-to-end delay) and media relations (represented by media
conversion and media synchronization). System level QoS focuses on how to improve
CPU rate and available memory. Network QoS focuses on packet size, bandwidth and
end-to-end delay. Device QoS parameters include data transfer rate and sample rate. In
this thesis, we aim at how to improve user satisfaction level, thus we work on QoS at the
user level. QoS requirements from higher layers (e.g. user level) can be mapped into

requirements for their lower layers (e.g. application level)

QoS at the application layer can only be guaranteed when the required system resources
are properly managed. Each system component should have a resource manager. When it
receives a new session request, it will carry out an admission test. If the available
resources are sufficient to support the new request and the admission of the new session
does not interfere with the existing sessions, the new session will be admitted. Otherwise,
a new set of QoS parameters may be suggested to the application based on the available
resources. If the suggestion is acceptable to the application, the new session is started. In

all other cases, the new session is rejected.

2.5 Network Protocols for Multimedia Application

2.5.1 Protocol Stack for Multimedia Applications
Internet is a global network that supports a variety of interpersonal and interactive

multimedia applications. The diagram below shows a typical protocol stack for

multimedia applications:
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IP — Internet Protocol TCP — Transmission Control Protocol
UPD — User Datagram Protocol RSVP — Resource Reservation Protocol
RTCP—Real-time Control Protocol RTP — Real-time Protocol

SDP — Session Description Protocol SIP — Session Initiation Protocol

RTSP — Real-time Stream Protocol
Figure 2.2. Protocol Stack for Multimedia Applications [ES 03]

The IPv4’s multicast group address, Class “D”, makes multicasting possible. In multicast,
the application server sends one copy of each packet and addresses it to a group address.
The client decides whether or not to listen to the multicast (group) address. Multicasting
is helpful in controlling network traffic and curbs network and host processing by
eliminating traffic redundancy. Since multicast saves bandwidth and off-loads host CPU
cycles, it is used in multimedia applications such as teleconferencing (audio, video,
shared whiteboard, etc.) and distance learning. A router that can route packets containing
a destination IP multicast address is know as a multicast router (mrouter) [HF 2001] The
network formed by the interconnected set of mrouters is called Multicast Backbone

(MBone) network. MBone can be used for Internet desktop video-conferencing.
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2.5.2 TCP vs. UDP

Even though both TCP and UDP support transmission of multimedia application, TCP
was designed for non-real-time reliable applications (e.g., file transfers). TCP is
connection oriented, designed to provide reliable, fullduplex communication between
pairs of processes across a variety of reliable and unreliable networks. Multimedia
communications do not always require fullduplex connections for continuous media
transfer (e.g., TV broadcast). To achieve reliable, in sequence delivery of stream of bytes
over an unreliable underlying datagram service, TCP makes use of retransmissions on
timeouts and positive ACKs. TCP is not suitable for video and audio, because (a) jitter is
not considered in TCP, which is not sufficient to specify continuous media transport
requirement, (b) the use‘ of windows as flow control mechanisms introduces silence
period and generate bursty traffic, and (c) the time needed to transfer data correctly from
sender to receiver resulting from retransmission mechanism is too long for continuous
media [HBD 98].

UDP above IP can be used as a simple, unreliable connection for medium transport. It
offers only multiplexing and checksumming, nothing else. Higher-level protocols using
UDP must provide their own retransmission, packetization, reassembly, flow control,
congestion control, etc. Many multimedia applications use UDP because for information
being received and output continuously, it is inappropriate to request blocks that are

received with errors to be retransmitted.
2.5.31IP and QoS

IPv4 today does not support Quality of Service. User data is segmented and carried in
variable length packets. But recent explosion of Internet services (and applications)
demand the IP network support QoS functionalities such as: admission control, packet
scheduling, classifier mechanism to sort packet into different priority groups, policies and
rules for allocating resources, and so on. Two schemes have been researched and

standardized, one called integrated services (IntServ) and the other differentiated services
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(DiffServ).

The IntServ solution defines three different classes of service. The three classes are:
guaranteed, controlled load (also known as predictive) and best-effort. For IntServ, each
traffic flow has a fixed path; the resources for each flow are reserved before the flow
starts. The protocol for reservation is called Resource Reservation Protocol (RSVP) [RFC
2205, 2206]. RSVP guarantees the QoS of the traffic, but since the reservation is made
before the transmission starts on a per-flow basis. However, scalability to large networks

is a problem for RSVP.

Using the DiffServ approach, individual flows are not identified. Instead, the individual
flows in each service class are aggregated together. Flows are treated on a per-class basis
rather than on a per-flow basis. Traffic classification and policing are handled at the
border or edge nodes of the network. Within a DiffServe network, the fype of service
(TOS) field of the IP header is replaced by a 6-bit field called differentiated services (DS)
field. DS field is used to determine relative forwarding priority. Different amounts of
bandwidth are allocated to different classes. The advantage of DiffServ is lower router

overheads while the disadvantage is that the QoS cannot be guaranteed [RFC 2474-5].

IPv6 is the next generation IP [RFC 1883-7]. In contrast to the 32-bit address in IPv4,
IPv6 has 128 bits for addresses. It will enable every digital device to have its own IP
address. IPv6 also has more multicast addresses which allows a large number of
simultaneous multicasts. IPv6 also supports harder quality-of-service guarantees for
packets associated with interactive and multimedia applications, relative to those
traditional applications such as email and file transfers. IPv6 header has a Traffic Class
field that can be used to provide priority treatment to key customers or applications. For
example, classes 8-15 are for packets containing real-time streams such as audio and
video, while class 1 is given to packets that contain network news and 4 for FTP. Both
these applications (news and FTP) are less sensitive to delay and jitter than multimedia
application data. The flow label gives a powerful tool for traffic engineering and load

balancing purposes, and allows the identification of end-to-end flows. Unique addressing
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makes it possible to identify traffic flows in much better detail, and the hierarchical

addressing structure makes it easier to have aggregate flow processing on networks.
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CHAPTER III

PRACTICE OF VIDEO MULTICAST OVER THE
INTERNET

3.1 Issues in Real-Time Multimedia Multicasting

In real-time multimedia (such as video) multicasting, the Internet’s transmission
resources and end-systems are of high heterogeneity. Ideally, each receiver should
receive video that is commensurate with its own capability and the capability of the path
leading to it from the source, regardless of the capability of other users. But distributing
video using individual feedback-controlled point-to-point streams may result in
unrealistic bandwidth requirement when there are a large number of receivers, and lead to
great loss and delay. Thus, there is a trade off between bandwidth and granularity of
control. A lot of research has been done to find an effective way to distribute multiple
multimedia streams to meet the end users’ requirements at a lower network cost (i.e.,
without taking too much bandwidth) [BTW 94-02] [AMK 97] [CAL96-01, 02]. When
picking up the number and content of the streams, not only should we consider the end
users’ bandwidth limitations, but also the end users’ personal preferences (we call it user
profile in our context). The first section of the following literature survey presents
adaptive rate control techniques ' to adjust video traffic characteristics without
considering user profiles; the second section presents techniques that consider user

profiles.

! Adaptive in this thesis refers to the video rate adaptation according to the changing conditions of the network
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3.2 Adaptive Bit-Rate Approaches without Considering User

Preferences

Three different approaches to the multicast transmission of digital video are going to be
presented in the following context: single stream approach and multiple stream variants

approach, as well as layered stream approach.

3.2.1 Single Stream Approach

A single encoded video stream is transmitted by the source with feedback being returned
from the receivers to the source. The source uses the feedback information to adapt the
data rate, as well as the compromise between frame rate and resolution. A potential
problem with this approach is the problem of “feedback implosion” which can occur if

there are a large number of receivers attempting to return feedback to the source.

A representative of the single stream approach is IVS (the INRIA Video-conference
System), which is presented by Bolot, Turletti and Wakeman [BTW 94-01]. They
described a videoconference system for the Internet that employs a single stream adaptive
approach. To adjust the output rate of the video coder, three parameters are considered:
the refresh rate, the quantizer and the movement threshold. The specific requirements of
the application determine which of the three parameters will be adjusted when adapting
the output rate of the encoder. Feedback information is based on packet loss. A reception
reports including this information is sent back to the sender through RTP and RTCP
[RFC 1889].

As we mentioned before, the single-stream approach may cause network congestion and
the sender may get overwhelmed: if the congestion is close to the source then all
receivers will detect the congestion and will send a notification to the source. A
mechanism called probabilistic multicast [Ammar 94] addresses this problem. A
probabilistic multicast message is only accepted by members in the multicast group with

a certain probability, and only those members respond. Other than that, Bolot, Turletti
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and Wakeman proposed a probing mechanism, which is similar to probabilistic multicast,
to solicit feedback information in a scalable manner [BTW 94-02]. With this probing
mechanism, a source of real-time traffic can estimate the number of the receivers and

control the load generated by the feedback traffic.
3.2.2 Multi-Stream Variants Approach

In this approach, the source sends multiple streams carrying the same video with different
quality parameters like frame rate and resolution. Each stream is multicast with receivers
being able to choose the stream that is commensurate with their capability by joining the
corresponding group. Feedback from the receivers can be used to adjust the data rate of

the stream, within certain limits.

A typical implementation of this approach aimed to improve fairness significantly at a
small bandwidth cost is Destination Set Grouping (DSG) [CAL96-01, 02]. In DSG, a
source maintains a small number of video streams with the same content, but targeting
receivers with different capabilities. Each stream is feedback-controlled by its group of
receivers. Receivers may move among groups. An Intra-stream Protocol is used by
receivers listening to the same stream to adjust the data rate of the stream within its
prescribed limits. Receivers use packet loss rate to indicate unloaded, loaded and
congested status. The source adjusts the data rate (through changes in compression
parameters “down” if CONGESTED, “up” if “UNLOADED?”). An Inter-stream protocol
is used by receivers to change to a higher or lower quality stream as their needs change.
Changing may occur when (1) a stream is operating at its high quality end, receivers are
either satisfied or can handle even better quality; (2) a stream is operating at its low
quality end, receivers are either satisfied or want to lower the video quality; (3) a stream
is operating at some point with some receivers capable of handling better quality video
but have not been able to move the quality up because of other low capability receivers in
the same group. Stream Advance Solicitation is a mechanism to allow high-capacity

receivers to leave a group that is rate-controlled by some low capacity members.
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While DSG is attractive in resolving the heterogeneity issue, it has the potential problem
of network overloading caused by the transmission of multiple stream variants. The
Bandwidth Control [LA96] mechanism can be used to effectively control the effect of
stream replication to the point where it does not hinder network operation. Three
bandwidth control mechanisms are carried out to control the possible adverse effects of
stream replication: (1) Congestion History Checking, (2) Local Area Bandwidth Limiting,
and (3) Limiting the Overall Bandwidth. The first two are applied at each receiver. The
last one provides macro control at the video source to attempt to limit the overall

bandwidth of the multicast session.
® Congestion History Checking

Replication is caused by receivers oscillating back and forth between different data rate
streams. Each receiver maintains a congestion history database to keep track of
congestion caused by its stream group change. An entry is made into the database when a
receiver switches from stream group Sy to S, Future switches are accepted or abandoned

depending on the time since the last switch.
® [ocal Area Bandwidth limiting

This method is to limit the number of streams by letting receivers coordinate their stream
changes with other receivers in the same locality through a simple exchange of status
messages. Two schemes are defined in this mechanism:(1) Bandwidth limiting over the

same subnet, and (2) Bandwidth control over a larger scope.

The first scheme puts a strict limitation to allow no more than n streams over the same
subnet. Each receiver multicasts STATUS messages with its current stream number, and
keeps a record of active streams by listening to STATUS messages from other receivers.
This scheme is implemented by exchanging current and intended stream numbers through
3 messages: REQ, ACK and SYN. A receiver R can move from stream Sy to S, when 1)

Snis already an active stream over the subnet, or 2) there are no more than n-1 streams on
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the subnet; or 3) R is the only one receiving Sy on this subnet, otherwise, other receivers

of Sy must also be willing to switch from Sy to S,

The second scheme is developed to control the bandwidth over a large geographical
scope. Instead of imposing a strict limitation on the number of streams allowed over TTL,
a receiver tries to move from Sy to S, with a certain probability. A SYN message is also

sent if it really moves, to allow other receivers previously receiving Sy to move as well.
® Limiting the Overall Bandwidth

In a network where a source maintains a small number of video streams that carry the
same video but each targeted at receivers with different capabilities, the overall
bandwidth is the total bandwidth of all streams leaving the source for the different
receivers. It is proposed to add a “macro” control at the source that can be used to limit
the overall bandwidth needed for multicasting all streams into the network. This
mechanism assumes that the source is unable to calculate the exact bandwidth used by the
streams, controlling the overall bandwidth will help minimize problems that may be

caused by multiple stream variants.

The following formula are used to calculate the upper bound, lower bound, and the

estimated total bandwidth usage for total number of active streams:

Bmax = ZiBiNiLi

Bmin = ZBi(Lmax;+D;-1)

Best= Baat Bain)/2

where the following notations are defined:

Lmax; — where the maximum hop distance to its receivers for stream i, calculated
using the protocol maximum TTL estimation technique of the DSG
protocol [CAL96-01]

L; — the average receiver hop distance for stream i

D; — the number of distinct distances among receivers for stream i
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N; — estimation of the number of receivers for stream i

B, — data rate transmitted on stream 1

Brmax — upper bound on the bandwidth usage in the network. It is realized when there
are no shared links among any of the receivers for any particular stream.

Bmian — lower bound on the bandwidth usage in the network. It’s realized if for a
certain stream, all receivers with the same hop distance are on the same
subnet and receivers with different distances share links as much as possible.

Best— estimated total bandwidth used. This estimate is far from being accurate; it will
be correlated with the actual bandwidth usage

The goal is to keep By under a certain predetermined threshold . p=B’*y, where B’ is
the estimated overall bandwidth when all receivers are receiving the same stream and the
stream is at the highest data rate. Determining vy is a hard problem, which is still under
research. The source periodically checks to see if the estimated bandwidth (Beg) has
increased beyond the threshold value (B), if it does, the request for quality increase is
abandoned [LA 96].

3.2.3 Layered Video Streams Approach

In this approach, the output stream is divided into layers, one base layer and one or more
enhancement layers. The base layer can be independently decoded and provides a low
quality of service. The enhancement layers can only be decoded on top of base layer to
provide an enhanced quality of service. The source sends each layer to a different
multicast group. Besides the base layer, receivers can subscribe to as many enhancement
layers up to their allowed network capability. Video layering can be supported by many
video compression techniques. There are various protocols to implement this approach.
In the following context, as an example, we are going to present two major protocols.
One is the Receiver-driven Layered Multicast (RLM), and the other is the Layered Video
Multicast with Retransmissions (LVMR).
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® Receiver-driven Layered Multicast (RLM)

RIM is proposed by McCanne, Jacobson and Vetterli [JV 96]. In RLM, the burden of
adaptation is moved from the sender to the receivers, resulting in enhanced system
scalability. Each video layers is sent to a separate IP multicast group. Each receiver
subscribes to a certain set of video layers by joining the corresponding IP multicast group.
When a receiver detects congestion, it drops a layer. When there is spare bandwidth
available, it adds a layer. Congestion is detected based on the packet loss rate. There is no
explicit feedback on whether the current reception level is too low. Thus join experiments
are carried out by a receiver to find out if it is capable of handling an additional video
layer. A failed join experiment may bring congestion to the network. Therefore, a
learning algorithm and a join-timer are proposed to minimize the frequency and duration
of join experiments, in order to bring down the possibility of congestion caused by join-

experiments as much as possible.

RLM proposes shared learning for all users to learn from other receivers’ failed join-
experiments, so that the receivers can add and drop layers indiscriminately. Before a
receiver starts a join-experiment, it multicast to the whole group about the specific layer
it is going to try to join. This requires each receiver to maintain a variety of state
information. Also, the exchange of control information may decrease usable bandwidth.
Therefore the shared-learning scheme helps to improve scalability, but with a potential

cost of bandwidth usage and message processing overhead to a lot of receivers.

SCUBA (Scalable ConsenUs Bandwidth Allocation) [AMK 97] is a related protocol that
enables a video source to intelligently account for receiver-interest in their rate-
adaptation algorithms. It reflects receiver interest back to the source by using a scalable
control mechanism. A “flat delivery” variant is to supplement sender-based adaptation
and a “layered delivery” variant is to supplement receiver-based layer adaptation. For
“layered delivery”, SCUBA assigns layers by distinguishing more important sources
from less important ones, and assigns layers from different sources to network channels

with different priorities.
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® Hierarchical Rate Control in LVMR

Layered Video Multicast with Retransmissions (LVMR) [LPA 97] also uses layered
coding over the Internet. This scheme improves the quality of reception within each layer
by re-transmitting lost packets and applying an adaptive playback point scheme to help
achieve more successful retransmission. It also adapts to network congestion and

heterogeneity using a Hierarchical Rate Control (HRC) mechanism [LPA 98].

HRC distributes information among the sender, receiver and some agents in the network
so that each entity maintains information relevant to itself. In addition, HRC enables
intelligent decisions on conducting join/leave experiments or choosing one of several

possible experiments based on minimum state information at the agents.

In order for the receivers to make meaningful decisions on adding or dropping a layer, it
is fundamental that results of join/leave experiments done by other receivers have to be
multicast. LVMR uses intelligent partitioning of the knowledge base and distributes

relevant information to the members in an efficient way.

3.3 Approaches that Consider User Preferences

The techniques we have discussed in the last section focus on solving the problem of how
can the end users communicate with the sender effectively and get the multimedia stream
that is most close to its maximum bandwidth capability. On the other hand, the
techniques discussed above ignored that for the end user, bandwidth limitation is not the
only factor that decides which stream to choose. Just like each individual person has his

own taste, the choices of the heterogeneous end users are impacted by factors like:
® Different hardware and/or software resources available in the workstation

® Different user-level QoS parameters (i.e. user preferences). Such as compromise

between low-cost service or high reception quality (which may imply higher cost); or
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compromise between different QoS aspects, such as frame rate, color, resolution,
disturbance through packet losses, etc.
® Different transmission-level QoS parameters (provided by the network) due to

specific network architecture and interconnection structure.

The following context is going to present the studies that shows how user preferences

have influence on the choice of multimedia streams for the end users.

3.3.1 QoS Management Using MPEG-4/DMIF

In replicate streams or layered stream scenarios, it is necessary to distribute part of the
QoS management process and allow each user process to make QoS decisions based on
its local context. Bochmann and Yang proposed a design of a teleteaching system, which
uses a special paradigm for QoS negotiation [BY 99] In this paradigm, each source
provides several stream variants of the same application content in order for the receivers
to make a choice based on their QoS parameters. They also explain how the Delivery
Multimedia Integration Framework (DMIF) of MPEG-4 can be adapted as a session
protocol for such an application. This research work developed a framework for QoS
management of tele-teaching applications. It was assumed that different stream variants
(same content, but different QoS characteristics) are multicast to the students’
workstations and the so-called QoS agent at each workstation may select the stream that
is most appropriate after processing the student’s preference profile. The structure of the

system is shown in Figure 3.1.
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This research work introduced the concept of user preferences into QoS negotiation, but

it also leaves certain issues open, like:

® What are the composition of user preferences, and how can they be quantified in
order to be used to determine QoS choice?

® What are the appropriate number and content of the stream variants that sender need
to multicast to the receivers so that for all end-users, their QoS agents can have

ample choices to be able to select the stream best suited for the user’s preferences?

Research works related to these issues and further studies in this area will be discussed in

following subsections.

3.3.2 Mapping User Level QoS From A Single Parameter

Antony Richards et. al proposed an end-to-end network QoS architecture that introduces
the concept of “satisfaction” to quantify the QoS provided by the system [RRWA98]. In
their work, they explored the relationship between the Application layer and the User
layer, and defined a translation function that provides the many-to-one mapping between
the application specific parameters (such as frame rate and resolution) and the user
satisfaction parameters. Likewise, the relationship between the Application layer and the
Resource layer (such as bandwidth capacity) is also mapped to the translation function.
The approach discussed in the research work enables the system to configure itself by
taking into account the relative importance, to the user, of variables such as frame rate
and resolution, based on the users’ setting of the satisfaction or cost functions. The main

proposals of this research work are the following:
® Specifying User Preference
For a single media type, the user has a minimum acceptable quality level (i.e. the lower

bound) M, anything below this level brings 0 satisfaction; and an ideal quality level (i.e.

upper bound) I, the user’s satisfaction reaches 1 at this point and can not be higher.
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Reception of media stream is also constrained by the user’s network resource capacity,
indicated by bandwidth limit L. Anything beyond the user’s bandwidth limit cannot be

decoded by the user and brings 0 satisfaction level.
® Translating a Single Application Parameter to its Component Satisfaction

The component satisfaction s; for a single application parameter is a function of the value

x; of this parameter:

i = gi(x)
Between the lower bound M and the upper bound I, s; is a monotonically increasing

straight line function of x;, as shown in Figure 3.2:

Satisfaction level

sx) A
]

Appllcati& parameter X

S(x)=0for x<M
S(x) = (x-M)NI-M) for M<=x<=I
S(x)=1forx>1

(134

I -- receiver’s “ideal” level

M-- Receiver’s minimum accepted level

Figure 3.2: User satisfaction Level as a Function of Single QoS Parameter

When there are more than one application parameter, a combined satisfaction S(tot)

should be computed as:

S(tot) =f (s1, 52 -..50) = n/(X(1/5)
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The reason for choosing this formula is that it has the following properties: if the user can
not get satisfied at all from one single application parameter (s;=0 for some i), the
combined satisfaction is 0. On the other hand, if the user gets fully satisfied from every

application parameter (si= 1 for every i), the combined satisfaction level is also 1.
® Choosing an Application Level Operating Point within the Bandwidth Limit

Within the bandwidth limitation of a given user, there can be multiple value
combinations of some set of application parameters. For example, we can get many
combinations of frame rate and resolution by changing the values of the parameters yet
restrain the needed bandwidth within a given limit. From the satisfaction function above,
those combinations result in different levels of user satisfaction. We should therefore
search for the combination that maximize the satisfaction level within the bandwidth

limit'.
3.3.3 QoS Negotiation Based on Device Capabilities and User Preferences

Most multimedia applications require the user to select certain QoS parameters. But as
the range of hardware, software, and media types are getting wider, the need for an
automated system to do the selecting process is increasing. K. El-Khatib, X.He and
G.v.Bochmann developed a scheme for representing and storing the user preferences in a
user profile [KHB 00]. The device capabilities are stored in a device profile. The design

of automated QoS-aware applications is presented.

Each end user has a device profile and a user profile. The device profile may cover the
hardware platform (CPU model, the size of the memory, microphone...), system
software (operating system, list of audio and video encoders...) and applications (JMF,
Vic, Vat...) available on the device. The user profile may capture the personal properties
and preferences of the user, such as the user’s personal information, his/her choice of

receiving/sending audio and video such as the frame rate, the resolution, the audio
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quality and the degree of preference for each media type. The device and user profiles
are expressed in the Composite Capabilities/ Preferences Profile (CC/PP)? using the
Resource Description Framework (RDF), so that the selection of media types and QoS

parameters can be done automatically when the information reaches the sender.

There is a list of combinations of the QoS parameters at the sender side. Optimization
has to be done based on the two profiles from the multiple end-users. Each combination
is run through the algorithm that is derived from Richards’ mapping method (introduced
in Section 3.3.2, to quantify the user preferences and device capability into a user
satisfaction level). The list of stream variants that produces the best satisfaction level is

selected.

In this research work, the authors also presented an extension to the framework
presented by Richards to enable weight assignment to different parameters and

participants. As an example:

Stor " = fromp (S1y «eeeSns Wi, ceesWy)

=n*avg(w) /> (wisy)
where w; is the weight for the individual satisfaction s;

El-Khatib’s research work incorporates the teleteaching architecture introduced in
Section 3.3.1 and Richards’ mapping algorithm introduced in Section 3.3.2. It gives a
detailed study on how to generate the user profile and device profile, and what QoS
should be selected. It also introduces an effective way to transfer those data.
Furthermore, it extended Richards’ framework by enabling weight assignment. Yet in a
network that has a large number of end-users, it is unrealistic to deliver the profiles of all
end-users’ to the sender. Besides, the sender has to optimize the number of stream

variants that are going out. These are issues that are addressed in this thesis.

2 Details about CC/PP are available from W3C Forum. http://www.w3.org/
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CHAPTER IV

RECEIVER SATISFACTION DRIVEN QOS
MANAGEMENT FOR MULTICAST APPLICATIONS

4.1 Open Issues

In Section 3.3, we discussed the earlier works that have been done to develop QoS
management approaches that involve user preferences. Section 3.3.1 presents the using of
the DMIF session management protocol for multicasting applications. The protocol
aimed at distributing part of the QoS management process between source and receivers;
The QoS manager in the source node determines the list of potential stream variants for
each logical multimedia stream, and informs the receivers about these variants. Based on
the user profile, the QoS agent at each receiver node selects the stream that gives the
highest level of appreciation to the receiver. DMIF is used for session management of a

tele-teaching application including different QoS alternatives for the participating users.

As proposed in Section 3.3.2, each user specifies the minimum acceptable and ideal value
for each QoS parameter (such as frame rate and resolution). A satisfaction function maps
the actual QoS value of the user satisfaction onto a range between 0 and 1. QoS
parameters that are higher than the ideal value will not increase the satisfaction level,
similarly, any parameter value that are lower than the minimum will not reduce the
satisfaction level below 0. The overall satisfaction level for all users is calculated as the
weighted average of satisfaction for each individual receiver. Different users have
different bandwidth limits; the users are classified according to their bandwidth limits.
Bandwidth limit and user preference values are applied to the satisfaction level function

to determine which multimedia stream is best for the receiver.
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Section 3.3.3 presented architecture for taking personal preferences into account. Each
user has a profile that covers his QoS preferences and policies for handling incoming and
outgoing calls. Based on user profile information from all communicating parties and the
candidates’ device limitations, the middleware architecture is presented to select the
device and QoS parameters that best suit all the parties. Even though it is about end-to-
end personal telecommunication, the way it stores user profiles in a machine-
understandable format and uses it to optimize QoS parameters can also be applied to

multicast applications.

As discussed earlier, a certain number of important system aspects have been defined,
such as: (a) the system architecture which uses DMIF [BY 99] as session management
control panel; (b) a function to translate user preferences into user satisfaction level; and
(¢) a machine-understandable format of user and device profiles to allow information
communication and the automatic calculation of the user satisfaction from those profiles.
Still, there are some open issues regarding the sender-side intelligence and the
communication efficiency between sender and receivers. In the earlier works, it was
assumed that the sender sends out all combination of QoS parameters (for the same
application content) so that the QoS agent at the receiver side have enough choices to
apply its intelligence to select the stream whose combination best suits its user. In reality,
there are a variety of QoS parameters and each parameter may take a wide range of
values. Among the many possible combinations, the sender can only store and deliver a

limited number of stream variants for one multimedia content.

It is therefore proposed in this thesis to have a QoS negotiator at the sender side to
automatically select a list of stream variants. It needs to have some knowledge about the
receivers to determine the value of the QoS parameters of the stream variants to be sent.
It would determine not only the value of the QoS parameters, but also the number of
stream variants that are sent out. In order to be in a position to make meaningful
decisions, the QoS negotiator should collect the user profiles that contain user
preferences and device information from all the QoS agents in different receivers. In the

case of a small group of receivers, it is feasible for each group members to send their user
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profile. But when there are a large number of users distributed over a wide geographical
area, this approach is not feasible because of the large number of reports to be received
by the sender. We therefore propose to partition the receivers into different classes
according to their bandwidth limitation. Since receivers with the same bandwidth limit
are likely to have similar end-system requirements and QoS preferences, we tend to
partition the receivers based on their bandwidth limits, and each class submits one copy
of a representative user profile that represents, approximately, all the receivers in this
class to the sender. The partitioning could also be done by region in addition to
bandwidth limit if there is a large multicast group; each class would then send several
representative group profiles. We are going to discuss the detail of this grouping
(partitioning) approach in Section 4.2. The work of this thesis is meant to present some

solutions to these problems.

4.2 Receiver-Satisfaction Driven (RSD) Solution and System

Architecture

The solution introduced in this section is meant to find the optimal number of streams
and the optimal QoS parameters for these streams that produce the best satisfaction level
for all users, which is a quantified QoS calculated based on user preferences and
bandwidth limits of all users. Before we start to unwrap the different aspects of the

solution, let us take a look at the basic system architecture shown in Figure 4.1:
This architecture is characterized by the following points:
Each receiver has its own QoS preference file.
Based on the user profiles, the centralized QoS negotiator at the sender side decides

whether to send out one channel, two channels, or more channels, as well as the

values of the QoS parameters for each of those channels
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Figure 4.1. Basic System Architecure of Receiver-Satisfaction Driven (RSD) solution:



® The user profile managers at the receiver side receive the information about the
available stream variants from the sender, and then apply the satisfaction algorithm

to select the stream variant (channel) that best suits the receiver.

4.3 Optimizing User Satisfaction for Small Number of Users

Section 4.2 presented the system architecture and how the system works. In this section,
we are going to introduce the User Satisfaction Function derived from Richards’ research
work [RRWA 98] introduced in Section 3.3.2. An example will also be given on how the

optimal QoS parameters are calculated.

4.3.1 User Satisfaction Function for a Single user

The satisfaction S; for user i with respect to the multimedia stream parameters for all
stream variants is determined as a function of all multimedia parameter vectors and data
from the user profile
Si=f( Fr, Res, Pro;)

where Fr is the vector of frame rates for the different streams (Fri, Fry ... Fry), and k is
the number of channels. Similarly, Res is the vector of resolutions of the streams. Pro; is
the user profile for user i, which includes the minimum value (Min) and ideal value
(Ideal) for each QoS parameter, for example, Min/" indicates the minimum frame rate
for user i, Ideal”" indicates his ideal frame rate. Pro; also includes the bandwidth limit

(BwLmt;) for user i. An example of a user profile is shown Section 4.3.2.

As we discussed in Section 3.3.2, the satisfaction of user i, with respect to a single QoS
parameter x, is a function of x, the user’s minimum value for x (indicated as Min;) and the
user’s ideal value for x (indicated as Ideal;). Bw, is the bandwidth required for

transmitting and storing stream x
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Sx (x, Min; Ideal)

=() if x <= Min;* or Bw,> BwLmt,
= (x - Min;) / (Ideal;" - Min;*) if Min;* <x< Ideal}*
=] if x >= Ideal;*

where Ideal;* and Min;* are constants that are defined in the user preference profile. All

values are real numbers. Sy and is a non-linear function of x. The functional relationship

between Sy and x is shown in Figure 3.2 in Section 3.3.2.

In our case, we have two QoS parameters for a stream, namely frame rate and resolution.
Using the formula in Section 3.3.2 for the joint satisfaction in respect to these two

parameters, the satisfaction of user i with respect to the stream / is:

Si1=2/(1/Sx(Fry, Min"" Ideal"") +1/ Sy(Res,, , Min** Ideal{*))
However, when the bandwidth required by stream / is larger than the user’s bandwidth

limit BwLmt; then we have, S;,;= 0.

Since the QoS agent at the receiver station selects the best stream among the available

streams, the satisfaction of user i will be given by

S ( Fr, Res, Pro;) = ]‘llax (Si)
4.3.2 Define the Overall Satisfaction Function for All Users
The overall satisfaction for all users is a function of the individual satisfaction of all
receivers of the applications. It is obtained by some kind of averaging. We assume in
general that each user may have a weight factor w;. However, in most cases, the weight

factors will be equal.

We consider two methods of averaging:
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(i) Arithmetic average
8= (Si* wi)/Tw,
l 1
(i)  Collaborative average

S= 3w (T w/S))

The collaborative average is adapted from Richard’s research work [RRWA 98]. It is
the appropriate averaging formula to be used in the case that it is important that all
participating receivers obtain a non-zero satisfaction, for instance in the case of
collaborative work within a teleconference setting. The collaborative average becomes
zero when the satisfaction of at least one receiver becomes zero. In the case of using the
arithmetic average, the overall user satisfaction may still be significant when some users
obtain completely unsatisfactory quality (satisfaction zero), given that other users obtain

a high satisfaction level.
4.3.3 Example of Calculating Overall User Satisfaction Level

In this section, we present a simplified example to show how the RSD approach
calculates the overall user satisfaction. In this example, we assume no grouping, and no
automatic optimization of QoS parameters by the sender. Those issues will be discussed
further in our simulation study in Chapter 5. In this simplified example, we will consider
only 4 users, who exchange their profile information directly with the QoS negotiator at

the sender side, and the average of the satisfaction of the 4 users is the selection criteria.

Table 4.3.3.1. User Population Profile

Suppose there are four receivers in the network, their user profiles are as follows:

Rec._ID | BW_Limit Fr_Min Fr_Ideal Res_Min Res_Ideal
A 2400 3 9 192 (160X120) | 1200 (400X300)
B 4200 4 8 243(180X135) | 2187 (540X405)
C 8000 11 16 432 (240X180) | 2700 (600X450)
D | Unlimited 20 35 768 (320X240) | 4800 (800X600)
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Rec._ID
BW_Limit
Fr_Min
Fr_Ideal
Res Min
Res_Ideal

— Receiver ID

-- Bandwidth limit in terms of kbps
-- Acceptable frame rate level

-- Ideal frame rate level

-- Ideal resolution level, indicated by (horizontal_resolution x vertical_resolution )/100

- Acceptable resolution level, indicated by (horizontal_resolution x vertical_resolution )/100

We assume that the sender will send two stream variants and will select one of the

following three configurations:

Table 4.3.3.2. Candidate Stream Variants of Two Channels

Config ID | Fr_Chl Res Chl | Fr Ch2 Res_Ch2 | Bw_Chl | Bw_Ch2
X0 11 308 15 1200 1478 7855
X1 7 1000 21 3600 3055 32989
X2 8 2000 14 2500 6892 15273
Config_ID -- ID of the configuration

Fr_Chl -- Frame rate for channel 1

Res_Chl  -- Resolution for channel 1

Fr_Ch2  -- Frame rate for channel 2

Res Ch2  -- Resolution for channel 2

Bw_Chl -- Bandwidth needed for channet 1, calculated as Fr_Ch1 * Res_Chl * 0.4364 (the compression constant)

Bw_Chl  -- Bandwidth needed for channel 1, calculated as Fr_Chl * Res_Ch1 * 0.4364

We use “channel 1” and “channel 2” to indicate the two stream variants. In the context of

this research work, the word “channel” and “stream variant” are used interchangeably.

Determination of user satisfaction levels

We apply

the satisfaction function introduced in Section 4.3.1 to calculate the user

satisfaction. Here is an example of calculating the satisfaction level of user A with

respect to ¢

onfiguration X0 :

SA(Xo) = Max (SA(Clmll), SA(CIII’IIZ) )
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The user can choose among the two streams of X0, and since the bandwidth limit for user
A is 2400, which is lower than the bandwidth requirement for the second channel,
S4(Chnl2) = 0.
S4(Chnll) = 2/{(9-3)/(11-3) + (1200-192)/(308-192)] = 2/[0.75+8.69]
=0.21

Therefore, S4(Xg) = Max (0.21, 0 ) = 0.21

Using the same approach, we can calculate the user satisfaction for user A, B, C and D

with respect to X0, X1 and X2, and obtain the following results:

Table 4.3.3.3. Satisfaction for All Users w.r.t. Stream X0. X1, and X3

Config ID Sat A Sat B Sat C Sat D Sat_Overall
X0 0.21 0.065 0.48 0 0.19
X1 0 0.51 0 0.12 0.16
X2 0 0 0 0 0
Sat ”X”  -- The satisfaction level for receiver “X”
Sat_Overall -- The overall satisfaction level for all receivers, calculated by the arithmetic average value of

Sat_A, Sat B and Sat C

From the satisfaction matrix table that the best overall satisfaction is 0.19, which is

provided by the pair X0.

4.3.4 Selecting the Optimal Stream Variants

For a fixed number of channels, we aim to select the multimedia stream parameters for
each of the channels so that the overall user satisfaction for all users can be maximized.
We may want to achieve the goal by optimizing the satisfaction function introduced in
Section 4.3.2, which takes the user profiles as input, and calculates the overall
satisfaction for all users. The satisfaction function is non-linear and discontinuous since

the satisfaction jumps to zero when the bandwidth required by the offered stream variant
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exceeds the user’s bandwidth limitation. This introduces some difficulties in solving the

optimization problems as discussed in Section 5.3.

4.3.5 Selecting An Appropriate Number of Channels

When considering how many channels are good enough to generate a reasonable
satisfaction level for all users, ideally, it would be one channel for each user. Due to
network resource constraints, the bandwidth limit exists not only at the receiver node, but
also at server access link to the network. Too many channels may cause congestion at the
server access link and lead to packet loss and thus lower satisfaction level. If we apply
the layered stream approaches discussed in Section 3.2.3, we may achieve to transmit a
larger number of stream variants (i.e. channels) without laying too much burden on
network traffic. Still, the total bandwidth needed for the channels should not exceed the

source bandwidth limitation.

Our simulation results in Section 5 show that the average satisfaction rises when we
increase the number of channels. When we partition the users into different classes
according to their bandwidth limit, the simulation results show that the satisfaction is
good when one channel is dedicated to one class, which means the number of channels is

the same as the number of classes.

4.4  Characterizing User Classes

In a context of a large number of users receiving the application from one source, the
database complexity at the sender side may not allow all users to submit their user
profiles. Receivers may be classified into different user classes based on their bandwidth
limit. The user profiles for each class may be summarized into one or several
representative group profiles, which contain the same parameters as a user profile. The
source only receives the group profiles and does the optimization based on these group
profiles. This means that the source selects the QoS parameters that maximizes the

satisfaction for all classes, as indicated in the figure below:
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Figure 4.2. System Architecure of (RSD) Solution with Characterizing User Classes

When we compare Figure 4.2 with Figure 4.1, we see in Figure 4.2, the receivers are
partitioned into different classes. For each class of receivers, we assume that their
bandwidth limitation is the same. There is a “Group Profile Manager” for each class. The
Group Profile Manager collects the data from the user profile managers in its group. It

generates a “representative group profile” representing all users of that group, and then
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sends this to the source. Since there may not be the same number of users in each class,
the large classes can be partitioned into small classes, and generate multiple
representative group profiles. The number of group profiles for each class can be
proportionate to the number of users in that class. Or, to make it simple, each class may
generate one representative group profile, and attach the number of users to be used by
the source as a weight factor. The source does the optimization using the group

representative profiles and the weight factor.

Characterizing user classes may encounter certain degree of information loss. It is
important that the representative group profiles reflect the user preferences of the whole
group, so that the selected stream is not too different from the real optimal values. If the
representative group profile only covers some extreme cases among the receivers,
streams selected based on the representative group profile that satisfy that profile

completely, may still get poor satisfaction from many individuals in that group.
In the following, we are going to introduce three methods for determining the group
representative profiles. We call them mid-point value, average value and boundary value

methods. We define the following variables to represent the parameters in user profiles:

Values in the user profile for user i:

fiMin;  — Minimum frame rate
resMin; -- Minimum resolution
frideal; —- Ideal frame rate

resldeal; — Ideal resolution

Values in the representative group profile for group:

gpFrMin - Representative minimum frame rate
gpResMin -- Representative minimum resolution
gpFrideal -- Representative ideal frame rate

gpResldeal -- Representative ideal resolution
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® 4.4.1 Mid-Point Method

In this method, the values of the parameters in the group profiles of the group are the
mid-points (i.e. (max+min)/2) of the maximum and minimum values of the individual

user profiles.
gpFrMin = ( m?x(erin,-)+mir!_1(erin,-))/2,
gpFrldeal = (meilx(frldeal,-)+miin(frIdeal,-))/2
gpResMin = (miax(resMin,-)+n¥in(resMin,-))/2

gpResldeal = (max(resldeal;)+min(Ideal;))/2

* The max( ) and min( ) indicate the maximum and minimum value of the above symbol sets in the user class.

This method is applied based on the assumption that the preference values of the
individual user profiles are normally distributed, and the variance should not be too big.
Our simulation studies show that if there are some extreme values, like an extremely
large ideal value or extremely small minimum value, the group profile generated by this
method cannot be representative for this group. In this case, streams obtained by this

approach may not meet the requirements for a majority of the users in the group.

® 4.4.2 Average Value Method

In this method, the parameters of the group profile are the mean value of these parameters

over all users in the group. We write n for the number of receivers in this group

gpFrMin = (3 (fiMin,))/n

1]
gpFrldeal = (O (frldeal;))/n
gpResMin = (3 (resMin;))/n

gpResldeal = ( ) (resldeal;))/n
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This approach is based on the assumption that receivers that have the same bandwidth
limit are more likely to have similar preferences, which is true in many cases. My
simulation studies show that in a group that has a small number of users, the user
preferences could also be distributed divergently, which indicates a high variance. In such
a case, this approach may not be representative. In this case the streams obtained by this

approach may not generate good satisfaction levels for a majority of users in the group.

® 4.4.3 Boundary Value Method

In this method, a parameter of the group profile is the maximum of the same parameter

over all individuals in the group.

gpFrMin = max(frMin;)
i

gpFrldeal = max(frldeal;)
!

gpResMin = max(resMin;)
3

gpResldeal = max(resldeal;)
1
This method expands the preferences of the representative to cover every member’s
preferences in this group. My simulation studies show that streams obtained by this

approach may not be able to generate the best satisfaction level for the majority of

members, but at least the stream is acceptable by most users.
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CHAPTER V

SIMULATION STUDY AND RESULTS

5.1 Simulation Review

In last chapter, we defined the Receiver Satisfaction Driven solution, which includes the
optimization criteria and three different approaches of user class characterization. We
experimented with this RSD approach in a simulation environment including a
population of simulated users. By comparing the results for different cases, we will be
able to answer the following questions, as discussed further on in this chapter:

(1) Is it easy to find the optimal QoS combination?

(2) How does the user satisfaction vary with the number of channels and how many

channels are required to obtain a “reasonable” user satisfaction?
(3) How effective are the three methods of characterizing user classes, and how do the

results differ from the case that no grouping takes place?

We present in this Chapter the simulation results when the sender send out one, two three
and four streams that have the same content, but different QoS parameters. The same sets

of simulation are also done with partitioned user classes.

Our simulation study shows that there is limitations in MATLAB fminsearch ()
functionality. Due to the bandwidth limit for each class, and the user’s minimum and
ideal values for each QoS parameter, our optimization criteria is not linear nor quadratic,
the optimum found by fminsearch() may not be the global optimum. In our simulation,
we resolve this issue by running multiple optimizations with uniformly distributed initial
values, then pick up the best value among the set the local optimum. An example of the
multiple “local” optimization results will be presented in Section 5.3, the variance among
the local optimums is reasonably small. As for the user population, as we mentioned

before, the users are so diversified due to various network conditions, end-system
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equipments, and even geographical regions, it is difficult to simulate a user population
that covers all realistic user preferences. In our simulation, we simulate user populations
of type “A” that covers four classes of users with low, medium, high and unlimited
bandwidth limitation (details will be given in the following section). Based on this
simulated user population, our simulation results show that the overall user satisfaction
level increases with increasing the number of channels. We expect this to be true also for
a real user population. When the number of channels reaches the number of user classes,
the overall user satisfaction level is the best, which is about 75% -- 85%. On the other
hand, the average satisfaction for a single channel is between 25%-30%; for two channels,
between 50%-60%; and for three channels, between 65%-75%. Among the three ways of
grouping, the boundary-value method produces the best results in terms of user
satisfaction level. Since the user class characterization summarizes the preferences from
all individual users, it suffers a certain degree of information loss. The satisfaction with
user classification is slightly lower than the corresponding cases without user
classification. But generally speaking, the results between the two are close enough to
show that the representative group profiles of the classes represent well the user

preferences of the individual users in its class.

In our simulation, we generate a user population of 100 users based on the criteria
presented in Section 5.3, which categorize all users into four classes. The same
simulations have been run 20 times with different randomly chosen user populations to

show how stable the simulation results are.

5.2 Simulation Assumptions and Parameters

This simulation model has been proposed under the following assumptions:

(1) Server link bandwidth limitation has not been considered
(2) The network bandwidth limitation has not been considered
(3) The end-user bandwidth limitation has been categorized into low, medium, high and

unlimited.
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We made such assumptions in order to isolate the satisfaction issue we are trying to
resolve even though those assumptions may not be true in a real network. The factors of
server link bandwidth limitation and the network bandwidth limitation can be added on in

future work, which will be discussed further in the last section.

The teleteaching application involves multicast to a large number of receivers that are of
high heterogeneity. Due to divergent geographical distribution and available network
resource, it is hard to predict a general pattern of all receivers in the network. In our work,

we simplified our users to 4 classes with the bandwidth limits of 2.4MBps, 4.2MBps, 8
Mbps and unlimited.

The following tables show the detailed information of the user population type “A” that
was used for most of our simulations. The frame rate is measured in frames/second, and
resolution is measured by the product of horizontal and vertical resolution divided by 100.
For each class, the user preferences are uniformly distributed within a range indicated in
the table. For example, the minimum frame rate for group 1 ranges from 1 to 3, means
that the minimum frame rate of users in group 1 range from 1 frame/second to 3
frames/second, and they are uniformly distributed. The bandwidth is calculated as the

product of frame rate and resolution multiplied by a constant 0.4364

Due to the heterogeneity of the users, the simplified user model may not be able to
exactly reflect a real situation. But it provides reasonable information needed for the

simulation.

Table 5.1. Simulated user population profile type A:

frMin |frlIdeal| resMin resldeal bwLmt
Class 1 1--3 4--9 27243 | 243--2187 2400
Class 2 4—7 | 8—13 | 108--432 |432--2187 4200
Class 3 8--11 | 12--17 | 261--1044 [1044--2700| 8000
Class 4 12--15| 16—21 | 432--1044 |1044—-3888| unlimited
frMin - Minimum frame rate frldeal - Ideal frame rate
resMin - Minimum resolution resldeal - Ideal resolution
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bwLmt — bandwidth limit

The frame rate is measured in frames/second. Resolution is measured by the product of horizontal
and vertical resolution divided by 100. The relationship between resolution values in above table and

the horizontal and vertical resolution is presented in the following table:

Indicator 27 243 2187 108 432 261 1044 2700 3888

Horizontal X vertical| 60%45 [135%180| 540%405 90%120 | 180*%240| 140%186 | 2804373 |450%600| 540%720

User population profile type “A” is also presented in graphical format in Figure 5.1. The
gray boxes indicate the range of the minimum values (frMin and resMin) for 4 classes of
users. The black boxes indicate the range of ideal values (ftMax, resMax) for 4 classes of

Uusers.

Class 4
Frame rate A
20 —
Class 3
15 —
Class 2
10 — Class 1
5 Class4
Class2
Classl
0 i i f i f f i >
500 1000 1500 2000 2500 3000 3500 Resnlntion

Ranoe for minimum valnes

_ Range for ideal values

Figure 5.1 Graphical Presentation of the Simulated User Population Profile Type A
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The parameters for the MATLAB optimization function will be presented in section 5.3.

5.3. Restriction of MATLAB fminsearch Method and Solution

Simulation in this project has been programmed with MATLAB. As to the optimization
part, we use the fminsearch’ function defined in the MATLAB Optimization Toolbox 2.1

to help find the QoS parameters that give the best satisfaction level for all users. x =
fminsearch(fun,x0), where fun is the User Satisfaction function introduced in

Section 4.3. This function starts at the point x0 and find x where the function fun() has
a local minimum. x0 and x can be scalars, vectors, or matrices. In our case, x0 is a vector
of QoS parameters such as frame rate and resolution. They are selected via a uniform
distribution random generator within a reasonable range for this QoS parameter. x is a
vector indicating the QoS parameters of the streams and fun( ) is the negative of the
satisfaction function which has x as argument and also depends on the user preferences
and bandwidth limits. x is the optimal QoS parameter set found by fminsearch( ). As
shown in Figure 3.1 in Section 3.3.2, the user satisfaction is one when the QoS
parameters reach its ideal values and is always 0 when the QoS parameters are below its
minimum values or when the stream exceeds the user’s bandwidth limit. As a result, the
satisfaction function is not a linear function, nor is it smooth function. Using fminsearch(
) with random x0 can only find its local optimum around the X0 area, which in most

cases, is not necessarily the global optimum within the user accessible range.

In order not to be restricted by the limitation of the program and to reach the global
optimum as closely as possible, we run the optimization function 15 times with uniformly
distributed x0, and pick up the best satisfaction level found together with its associated
frame rate and resolution. Using the 4-channel case, non-grouping as an example, Figure
5.2 presents the distribution of the satisfaction for the 15 tests. From Figure 5.2 and the

table in Appendix 1, we see that the standard deviations of selected values for the 15 tests

3% = fminsearch (fun,x0) starts at the point x0 and finds a local minimum x of the function described in fun.

x0 can be a scalar, vector, or matrix.
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are reasonably small. The maximum value is found in 7 tests out of 15, and the QoS

parameters in the 7 tests are the same, which means that by running more number of tests,

the probability of finding the global optimum is increased.

Satisfaction of 15 tests wth different initial values for 4-channel case
wi thout G ouping

Satisfaction

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

Test 1D (1-15)

Bl Satisfaction

Maximum v: 0.7803
Standard Deviation: 0.078

Minimum satisfaction:0.6033

Average satisfaction: 0.7112

Figure 5.2. Maximum Satisfactions Found in 15 Tests with Different Initial Values for the 4-channel

Case without Grouping
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5.4 Simulation Results without Grouping

1,2, 3 or 4 channels of multimedia streams are sent out from the distribution center (the
sender). The different streams provide users the same application with different QoS. In
order to verify the credibility of our simulation model from a statistics point of view, 20
sets of tests have been done with different randomly chosen user populations, each
including 100 users according to the user population profile type “A” shown in Figure 5.1
and Table 5.1. For each set of test, the 100 users consist of 25 users of class 1, 25 users of
class 2, 25 users of class 3 and 25 users of class 4. The minimum and ideal appreciation
values for frame rate and resolution in the profiles are chosen randomly from a uniformly

distribution over the value ranges shown in Table 5.1.

As shown in Figure 5.3, even though there are small fluctuations, the satisfaction levels
of the 20 tests for each number of channels are pretty much close to one another. The
difference between the results for those different test runs are therefore due to the
statistical variation of the user profiles of the test user population. The results of these

simulations will be discussed further in Section 5.4.1.

Before we compare the simulation results between different numbers of channels, let us
assume that there is only one class of receivers — class 1, and they are expecting a single
multicast stream. We have plotted the relationship between frame rate, resolution and
user satisfaction for class 1 for a single channel in 3-D graphic format in Figure 5.3, to
see how the user satisfaction changes with the changes of the resolution and the frame

rate values.
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frame rate

Figure 5.3 3-D Relationship Between Frame Rate, Resolution and User Satisfaction Level for a Single

Stream

From the figure, we can see a trade-off between frame rate and resolution. At the same
satisfaction level, a higher frame rate is always associated with a lower resolution. In the
following section, we are going to compare the satisfaction levels generated from
different number of channels to see how many channels are good for generating a

“reasonable” user satisfaction level before we characterize the user classes.
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5.4.1 Comparing the Average Satisfaction for Different Number of Channels

User Satisfaction without User Qass Characterization for 1, 2, 3
and 4 Channel s Across 20 Tests
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Figure 5.4. User Satisfaction Level for 1, 2, 3 and 4 Channels across 20 Tests

As mentioned above, the simulations were repeated for 20 different user populations, all
statistically selected based on the user population profile “A” of Table 5.1. The detailed
results for 1,2,3 and 4 channels are given in Appendices 2,3,4,5 respectively. The results
are also shown in Figure 5.4. The result show that the larger the number of channels, the
better the users get satisfied in general, which was to be expected. The Appendices also
present, for each test simulations, the change of frame rate and resolution for 1, 2, 3 and 4

channels across 20 tests.

From the results in Appendices we see that the bandwidths of most “picked” channels lie
on bandwidth limits of one of the user groups. For example, when we check the
bandwidth (abbreviated as “BW”) or “bwCh1”, “bwCh2” columns, we can see that the

bandwidths needed for optimal stream variants are close to the group bandwidth
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limitations (bwLmt) shown in Table 5.1 in Section 5.2. This means that the best user
satisfaction is obtained when we make full utilization of the provided bandwidth for each

user class (which is to be expected).

For the one-channel case, from the table above, we see that in 90% out of the 20 test
cases, the optimal streams can satisfy users in the first and second group, users in the

third and fourth group are not satisfied at all for most cases.

For the two-channel case, the first channel concentrates on the first group, whose
bandwidth limit is 2400, and the second channel jumps between the third and fourth

group. In 7 out of 15, the second channel adapts to the preferences of the third user class.

For the three-channel case, the first channel still adapts to the first group, but with a lower
frame rate and higher resolution combination in general. In comparison with the two-
channel case, the three-channel case provides more options to the users, thus the first
channel can better focus on serving the first group users and do not need to worry about
how satisfied the users in other classes would be. In that way, it can pick up QoS
parameters that better suit the first class of users. The general satisfaction level of the
users of class 1 is higher than in the two-channel case. In the second channel in the three-
channel cases, in 5 out of 20 cases adapts to the user class 2, in the other cases to the user
class 3. As a result, the satisfaction level of class 2 is 16.7% higher than in two-channel

case, and for class 3, it’s 76.5% higher! For class 4, it’s 11% higher.

For the four-channel case, since there are as many channels as user classes with their
specific bandwidth limitations, each channel can adapt to a specific user class, therefore,
the overall satisfaction levels of each group are improved greatly. The average
satisfaction is between 75% and 85%. For user class 4, the class with unlimited
bandwidth capacity, the satisfaction reaches 100%. We may observe from the results in
the appendices that for the four-channel case, the first and second channel takes lower

frame rates but higher resolutions than those in the three-channel case.
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5.5 Three Different Approaches to Characterize a User Group by a

Representative Group Profile

The decision of characterizing receivers according to their bandwidth limits is based on
the fact that the receivers that have the same bandwidth limit are more likely to have
similar preferences, and the values of the preferences of their class representative are

more likely to represent the preferences of individual receivers.

In Section 4.3, we introduced 3 different ways of summarizing user profiles into a
reduced number of representative profiles. They are the mid-point, average value and
boundary value methods. We also discussed their characteristics, pros and cons under
different scenarios. In this section, using the 2-channel case as an example, we are going
to show, in the case of grouping, how the user satisfaction level depends on the

approaches taken for obtaining the representative group profiles.

The following graph presents the user satisfaction level for three different
characterization approaches as well as for the case without grouping. It has been run for
20 tests on the same user population profiles as we did for non-grouping (see Figure 5.4).
Again, for each test there are 100 sample users. The detailed results can be found in

Appendix 6.
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Figure 5.5. User Satisfaction Level for 3 Ways of User Class Characterization

The results shown in Figure 5.5 show that the satisfaction level in the case of grouping is

lower than in the case without grouping, due to the so-called “information loss” which is

introduced when the sender processes the representative group profiles instead of the

individual profile of all the users. Among the three characterizing approaches, the

boundary-value approach gives the best satisfaction level, about only 0.05 lower than the

non-grouping case. The other approaches are about 0.07 lower than without grouping.

Also, if we look at the standard deviation, the boundary-value approach has the smallest

standard deviation among the three user group characterization approaches. As a result, in

following simulation, we are going to use only the boundary-value approach to determine

the group profiles.
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5.6. Simulation Results with Grouping

As discussed in the above sections, the receivers may be partitioned into several groups

and each group is characterized by a given value of the bandwidth limits. In our

simulation, each class sends one representative group profile to the sender. The data in

the representative profile include the boundary values of the class and the number of

users in the class. The sender uses the representative group profiles to do the

optimization. The obtained QoS parameters of the streams are meant to satisfy the users

at in the case of optimization without grouping. The goal can be verified by taking the

QoS parameters back to the real users, and see how they get satisfied from the streams

generated from the representative group profiles.

The detailed results for the 1,2,3 and 4 channel cases are presented in Appendices 7,8,9

and 10, respectively. The results are also shown in Figure 5.6.
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Figure 5.6. User Sat. Level with User Class Characterization for 1,2,3,4 Channels across 20 Tests
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When we look at the graph above, we notice that the satisfaction level is a straight line at
0.25 for the 1 channel case. The user population is modeled in a way that if a high-quality
stream can fully satisfy the 4™ class users (100% satisfaction), it is not affordable to the
other three classes due to their bandwidth limits. The satisfaction generated by the high
quality stream is always (1+0+0+ 0)/4 = 0.25. On the other hand, a lower quality stream
may satisfy more than 1 channel of users, but it may not satisfy some high-quality classes
at all (like class 3 and class 4) because it does not meet their acceptable levels. Also a
lower-quality stream can not give a high satisfaction to its users due to its low quality. As
a result, when there is only 1 channel allowed, the high quality stream is always picked

up to make the average satisfaction maximum.

If we compare the average satisfaction of grouping with the non-grouping case, we see
that the characterization approach gives slightly lower satisfaction level than without
grouping. For the 1-channel case, by average, it is 0.25 vs. 0.2985, for the 2-channel case,
it is 0.5080 vs. 0.5204, for the 3-channel case it is 0.6536 vs. 0.7355, and for the 4-
channel case, it is 0.7651 vs. 0.8095. The difference is due to the information loss due to
the processing of the representative group profiles instead of the real user profiles. One
benefit of user class characterization is that by summarizing a large number of end-user
profiles into a few copies of representative group profiles, the control traffic is effectively

reduced to avoid network congestion.

From Appendices 2-10, we can compare the QoS parameters selected in grouping and
non-grouping approaches to verify the accuracy of the characterization approach with
respect to QoS parameter selection. For the 1-channel case, the streams generated without
grouping meet in most cases the bandwidth limit of the first class, and serve the first
group the best, also serve the second class, but give poor user satisfaction level for third
and fourth class. In contrary, the streams generated with grouping serve the fourth class
only, since they are high quality streams and can not meet the bandwidth limits for the
first, second and third class, leading to 0 satisfactions for those classes. Although the

satisfaction levels are close between grouping and non-grouping, the selected QoS
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parameters are very different. As a result, for the 1-channel case, when there are a small

number of users, the non-grouping approach is preferred.

For the 2, 3 and 4 channel cases, the selected QoS channels are similar between grouping
and non-grouping, although grouping produces lower frames rate and higher resolutions
than non-grouping. For the 2-channel case, the first channel in both approaches (grouping
and non-grouping), meets the first class bandwidth. The second channel, while trying to
meet the bandwidth limit of one class, jumps between satisfying the second and the third-
class users (as shown in Appendix 3)for the non-grouping case, and for grouping it

concentrates on serving the second-class users in case of grouping (see Appendix 8)

For the 3-channel case, in both grouping and non-grouping approaches, streams in the
first channels are to meet the first class bandwidth limit, and the stream generated from
the second channel jumps between satisfying second and third class users, while the third

channel remains dedicated to the fourth class users.

For the 4-channel case, each channel is dedicated to one class of users in both grouping
and non-grouping approaches. The simulation results show that for grouping, when
increasing the number of channels, the selected QoS parameters become closer to the

QoS parameters selected without grouping.

3.7 Validate Optimization Method by Varying User Sample Modeling

In order to validate our optimization method, we run through the simulation for 1,2,3,4
channels with populations generated according to a different user population profile (user
population profile type B shown in Figure 5.6). Even though the profile type B is
populated within the same range as the original profile (user population profile A), the
distance between the minimum value and the ideal value have been redefined to
differentiate from the original ones, so that we can compare the results between the two
samples. In profile A, there is no overlap between the minimum and ideal values, but for

profile type B, the minimum and ideal value range may overlap. For example, in profile
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type A, the frame rate profile for class 1 users are: minimum: 1- 3, ideal 4 -9. In profile
type B, these ranges are, minimum 1-5, ideal 2-9. The users are more diversified within

one class in profile type B.

Appendix 11 shows the user population profile of type “B”. The original profile —
population profile type “A” -- is shown in Table 5.1 in Section 5.2. Figure 5.7 also

presents the user population profile of type “B”.
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Figure 5.7. Graphical Presentation of Simulated User Population Profile B
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Detailed simulation results with population profile B, including non-grouping and
grouping, are shown in Appendices 12,13,14,15,16,17,18,19 Appendices 12 and 13 are
for the 1-channel case, non-grouping and grouping, respectively. Appendices 14 and 15
are for the 2-channel case, Appendices 16 and 17 are for the 3-channel case, and
Appendices 18 and 19 are for the 4-channel case, non-grouping and grouping,

respectively.

For the 1-channel case, the results are similar between for populations of type A and type
B. Class 3 is better satisfied for type B populations, since users in this class have
preferences closer to their peers in the neighboring classes. The compositions of the QoS
parameters between the two different cases are close, too. As for the average satisfaction

level, it is 0.2985 vs. 0.3106 without grouping; and 0.25 vs 0.25 with grouping.

For the 2, 3 and 4 channel cases, the results are similar between the population type A
and B. Especially for the non-grouping, not only the satisfaction are close to one another
in both case, but also the selected QoS parameters are not far from one another. Also,
since the distance between minimum and ideal are more flexible in population profile
type B, class 3 is better satisfied with a cost of slightly reduced in satisfaction for its
neighboring classes. For the grouping case, the selected QoS parameters show a bigger
difference between the population types “B” and “A” than without grouping, but their
overall user satisfaction levels are close to one another. We can draw the conclusion that

the RSD approach works similarly with both types of user populations.
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CHAPTER VI

CONCLUSIONS AND FUTURE WORK

In a multicast network of a large number of receivers where the transmission resources,
the end-systems and the receiver preferences are of high heterogeneity, multicast streams
with the same content but different QoS parameters should be sent out to the target
receivers in such a manner that each receiver finds a stream with appropriate quality. In
this thesis, we make use of the concept of user profiles and a user satisfaction function to
automatically select the stream variants for a multicast application that can maximize the

average user satisfaction level for all receivers.

By introducing the Receiver-Satisfaction Driven (RSD) method, this thesis draws the

following conclusions:

1. Given the user profiles and the number of streams to be transmitted, we can use the
RSD method to automatically select the QoS parameters of the stream variants that
maximize the average user satisfaction.

2. When there are a large number of receivers, we can partition the receivers into
different user classes, the RSD can be applied to automatically select the optimal set
of stream variants based on the representative group profiles.

3. For the three different user class characterization methods: namely average value,
mid-point value and boundary-value methods, the average user satisfaction obtained

with boundary-value method is the best.

This thesis leaves the automated selection of the number of channels for future study. For
this purpose, one should take the bandwidth limitation at the server side as a constraint
and optimize the number of channels to be multicast by the source and consider at the

same time the trade-off with the obtained user satisfaction. Another item is that one can
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build the prototype implementation of the RSD approach that runs in a real network

system.
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