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Abstract

Adaptive Quality of Service Management in
Wireless/Mobile Networks

By
Mahmoud R Sherif

Adyviser: Professor Ibrahim Habib

In wireless ATM based networks. admission control is required to reserve resources in
advance for calls requiring guaranteed services. In the case of a multimedia call. each of its
substreams (i.e. video. audio and data) has its own distinct quality of service (QoS)
requirements (e.g. cell loss rate, delay. jitter, etc.). The network attempts to deliver the
required QoS by allocating an appropriate amount of resources (e.g.. bandwidth. buffers).
The negotiated QoS requirements constitute a certain QoS level that remains fixed during the
call (static allocation approach). Accordingly. the corresponding allocated resources also
remain unchanged. In this thesis, an adaptive allocation of resources algorithm based on
genetic algorithms is proposed and analyzed. [n contrast to the static approach, each
substream declares a preset range of acceptable QoS levels (e.g.. high, medium. low) instead
of just a single one. As the availability of resources in the wireless network varies. the
algorithm selects the best possible QoS level that each substream can obtain. In case of
congestion, the algorithm attempts to free up some resources by degrading the QoS levels of
the existing calls to lesser ones. This is done, however, under the constraint of achieving
maximum utilization of the resources while, simultaneously. distributing them fairly among

the calls. The degradation is limited to a minimum value predefined in a user defined profile
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(UDP). Genetic algorithms have been used to solve the optimization problem. From the user
perspective, the perception of the QoS degradation is very graceful and happens only during
over-load periods. The network services. on the other hand. are greatly enhanced due to the
fact that the call blocking probability is significantly decreased. Simulation results, for a
cellular-based wireless network. demonstrate that the proposed algorithm performs well in
terms of increasing the number of admitted calls while utilizing the available bandwidth
fairly and effectively. The thesis also proposes a QoS based channel borrowing algorithm
(QCBA) that allows a cell (in a cellular system) to borrow some tree channels from any
neighboring cell to accommodate new calls. The criteria for choosing the free channel
include not only the number of free channels but also the QoS levels in the donor cell. The
criteria is also extended to include the effect of channel locking on the number of free
channels and the QoS levels on the locked cells. Simulation results shows that the QCBA

decreases the call blocking rate while increasing the average QoS level.
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Chapter 1: Introduction

Asynchronous Transfer Mode (ATM) is the transfer mode of choice for Broadband
Integrated Services Digital Network (B-ISDN) chosen by the ITU-T [1]. The ATM technique
provides an attractive solution for integrating different types of services. It is designed to
provide multimedia traffic services (e.g., video, audio, data). These services are likely to
have a wide range of both traffic characteristics, performance, and quality of service (QoS)
requirements.

Extending broadband multimedia services to mobile wireless terminals is the next step in the
telecommunications industry. Wireless mobile ATM (wmATM) technologies provide
innovative solutions to constructing a generic broadband wireless core to ensure wireless
quality of service and mobility management. This wmATM core also acts as a wideband
open platform to support different air interfaces and multidimensional wireless systems. The
packetized air link helps dynamic bandwidth allocation. and therefore improves wireless

spectrum utilization.

1.1 Wireless Mobile ATM

WmATM evolves from wireless ATM. and is supported with a direct signaling and packet-
based mobile control architecture which can be attractively applied in next-generation
broadband wireless systems, including broadband wireless mobile and broadband wireless
access networks.

The ITU-IMT-2000 [2] third-generation (3G) wireless communication system is the major

player for next-generation broadband wireless mobile in the global communications market.
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Many 3G wireless study committees are taking the initiative to produce their own proposals
for radio transmission technologies and advanced system prototypes for IMT-2000. The
wmATM enhanced 3G wireless system provides a good solution to implement the

harmonized wireless communications required by the IMT-2000 [2].

1.1.1 Mobile Multimedia Networks Architecture

The mobile part of future network architectures can be viewed as consisting of a set of
overlapping tiers, each with its own specific characteristics. Satellite. micro, and pico-cellular
segments will each cover widely varying geographic areas and support different data rates for
mobile terminals within them. Some tiers will be privately operated, others publicly operated.
As shown in Fig.1.1, pico cells, with data rates in excess of 25 Mb/s. will typically cover
building scale areas; micro cells. with up to 2 Mb/s rates, will cover dense urban areas; macro
cells, with several 100s of Kb/s, will provide wide-area coverage: and satellite segments.
giving per terminal data rates from 144 Kb/s or more, will cover up to entire continents.
Future mobile multimedia systems will serve 3G terminals in any combination of these
environments. Since adaptive radio technology for such a range of transmission schemes
(modulation schemes as well as data rates) will not be available for some time. it is
reasonable to expect that initial 3G mobile multimedia terminals will incorporate multiple
radio interfaces. For example, 3G 8/1 of ITU-R is considering harmonization of Radio
Transmission Technique proposal to become the standard for the radio interface(s) of ITU
IMT-2000 [2]. While this process is still ongoing at the time of this writing, it can be
anticipated that there will definitely be different radio interfaces for terrestrial- and satellite-

based mobile systems.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



W

Traditionally, devices used for communication are connected to one type of network. The
universal interconnection of land-based communications networks (here we mean cable,
fiber, and copper networks forming the vast majority of current telecommunications
networks and the Internet) provides global communications links to any fixed system.
Gateways from mobile networks. such as the Global System for Mobile Communication
(GSM), to the land-based networks extend this global connectivity to mobile terminals.
Specific components of the mobile network deal with terminal identification and
authentication for registration with the network and management of the terminal's location as
it moves, and other aspects of the network manage the rerouting of traffic as the terminal
passes from one coverage area to another during the course of the same connection or session
[3]. The rerouting mechanisms are called handoft mechanisms and are a key part of mobile
network architecture [4]. Some systems incorporate multiple network interfaces. This idea
has been carried torward into the universal mobile Telecommunications system (UMTS).
The current proposal uses GSM to provide wide-area coverage supplemented with Wideband
code Division Multiple access (WCDMA) micro and macro cells to provide higher
bandwidth areas. The proposed network intelligence in UMTS will then provide the ability to
handover between the GSM and WCDMA layers.

Fast lossless handover between different network types is one of the greatest challenges in
building seamless mobile muitimedia networks. It can be readily seen from the tiered model
of 3G systems that the solution to this problem will be key to successtul integration of

multimedia.
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Fig 1.1 Mobile Networks Architecture.

1.2 QoS Provisioning in Wireless/Mobile Networks

Compared to tixed networks. the fluctuation in resource availability in wireless and mobile
networks is much more severe and is mainly caused by two basic characteristics of such
networks: (1) fading and (2) mobility [3]-[6]. First of all. in contrast to links of fixed
networks, wireless links suffer from a high bit error rate (BER) and fading. This results in
packet loss which is then translated into packet delay and jitter. Using highly sophisticated
hardware/software functions at the receiver and/or transmitter can improve the level of BER.
However there is a limit for such improvement. Furthermore, the use of these sophisticated
functions might cause more packet delays. Fading in a wireless channel is highly varying

with time and spatial dependencies. Adding interference to this, we get a transmission link
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with a highly varying bandwidth. The second main reason for the fluctuation in availability
of network resources is mobility and handoff. As a mobile station roams in the wireless
network and hands off from one access point to another. there is a change in the wireless
resources (i.e., the radio cell corresponding to the new access point) and wired resources (i.e..
links & switches in the fixed network that constitute a path to a new, base station) [6]. This
change in network resources can result in a major fluctuation in the availability of network
resources reserved for the connection, Also, depending on the rerouting protocol and the
signaling system overhead. the level of QoS degradation due to the connection outage during
a handoff can be different. QoS provisioning for wireless/mobile networks has to address the
high level of fluctuation in the availability of network resources as described above. The
existing QoS components and functions designed for fixed (or wired) networks need to be
enhanced to provide multimedia mobile and wireless services. Considering the explosion of
World Wide Web and multimedia-based applications as well as enormous recent popularity
of mobile and handheld devices capable of wireless communication. it is becoming a major
and essential issue to provide networking architectures to address these issues. Hence, there
is a need for comprehensive QoS disciplines that can ensure per-connection. end-to-end
performance guarantees [7]-[9].

QoS provision is comprised of the following components: (1) QoS mapping, (2) admission
testing, and (3) resource allocation. see [7]. The QoS mapping translates between
representations of QoS at different system levels. For example, the transport level QoS
specification may be expressed in terms of average and peak bit rate. jitter, and delay
constraints. For admission testing and resource allocation, this representation must be

translated to something more meaningful (e.g., in terms of some user-defined QoS levels).
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Admission testing is responsible for comparing the resource requirement arising from the
requested QoS against the available resources in the system. Resource allocation, on the
other hand, arranges for the allocation of suitable network resources according to the user
QoS specifications.

QoS provisioning for multimedia applications in wireless/mobile networks needs some form
of adaptation to be performed on the multimedia substreams. In other words. the multimedia
applications need to adapt to changes in the availability of network resources. The motives of
such adaptation requirement can be demonstrated by the following simple example. For a
video connection, the quality of video received depends heavily on packet loss and/or jitter
due to fading and handoff. Therefore. real-time applications that require more QoS
guarantees are more susceptible to the QoS fluctuations. Eventually. the QoS guarantees of

the video connection will not be met.

1.2.1 Non-adaptive versus Adaptive QoS Provisioning

The solution to the presented QoS provisioning problem in a wireless/mobile environment
can be categorized into two categories: non-adaptive approach and an adaptive approach. In
the non-adaptive approach, the wireless/mobile network is required to match the QoS
guarantees of a fixed network. That is: despite major fluctuations in the availability of
network resources throughout the connection time, the network should maintain the QoS
level promised at connection setup: The advantage of this solution is that it does not require a
change in the existing application-to-network service specification. However, there is a
serious concern with this approach. To maintain a fixed service guarantee, there are two

general approaches. In the first approach the network must resort to providing a fixed level of
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QoS (e.g., that provided, by cellular telephone networks today) which can be guaranteed in
the presence of fluctuations in wireless resource availability. This approach does not support
a wide range of future wireless multimedia applications. In another approach, the service
providers have to increase the degree of preprovisioning in the network to a very high degree
to mitigate packet delay and loss due to handoff and fading in wireless links under all
conditions. The result of this overprovisioning is that support of a wide range of integrated
services over wireless and mobile networks becomes economically impossible.

An alternative approach would be an adaptive QoS provisioning approach where the network
and the application share the responsibility of providing the required QoS and the QoS
guarantees simultaneously. The next section will describe this approach and provide a survey

of the research done in this area.

1.2.2 Adaptive QoS provisioning

In the adaptive approach, the end-to-end QoS provisioning is no longer the sole responsibility
of the network or the application. Instead they both share the responsibility to deliver the
multimedia content in the most acceptable way. The adaptive QoS provisioning is theretore
comprised of two main components: The network-based provisioning responsibility and the
application-based responsibility. A number of papers dealt with this adaptive approach and
each presented its own way of defining responsibilities among the network and the

application. In the next sections, we are going to describe a number of these papers.
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1.2.2.1 Dynamic QoS Management

In [10], a dynamic QoS management (DQM) scheme for the control and management of
multilayer coded flows operating in heterogeneous multimedia networking environment is
presented. The DQM describes functions such as video and audio source coding, resource
reservation, flow scheduling, and QoS filtering and adaptation. The DQM proposes the use of
two techniques, the dynamic rate shaping and the adaptation network service. These directly
correspond to the application-based responsibility and the network-based responsibility. The
dynamic rate shaping is a source-based (application responsibility) QoS filter for
manipulating the rate of MPEG-coded flows, matching it to the available network resources
while minimizing the distortion observed at the receiver. In the adaptive network service
(network-based responsibility) the multilayer coded flows is divided into a base layer in
addition to a group of enhancement layers. The adaptive network service defines a set of hard
guarantees to the base layer, and fairmess guarantees to the enhancement layers based on a
new bandwidth allocation technique called "weighted fair allocation". The primary focus of
this paper was the MPEG-2 coded video. Within this framework. two alternatives were
suggested to achieve the QoS adaptation for MPEG-2 coded video: intrinsic and extrinsic
techniques. The intrinsic adaptation technique was presented in the form of scalability
profiles. Four scalability modes are considered: spatial. SNR. temporal and data partitioning.
Detailed examples of the use and implementation of these scalable modes are also presented
in the paper. The extrinsic adaptation technique, in the form of an adaptive service. is
performed by QoS filters that operate directly on compressed streams. performing the desired
manipulations. The goal of the adaptive service is to admit as many base layers as possible to

meet the hard guarantees.
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In general, this paper presents a detailed adaptive QoS provisioning scheme. However, the
paper does not present the details of the QoS mapping component or the admission testing
component of the QoS provisioning system. Fig. 1.2 shows a simplified high-level diagram

of the DQM.

Dynamic Rate
Shaping QoS
Filter

Sync Filter

- Network Adaptive Service

Sender-oriented DQM Receiver-oriented DQM

Network-oriented DQM

Fig. 1.2 Simplified High-level diagram of the DQM

In[11], the DQM is extended to be applied on a wireless multimedia system. Wireless media
scaling is also presented in details showing how the DQM can be applied to wireless/mobile
environment. A QoS-aware mobile middleware capable of automatically scaling flows
during handoff and during other periods of persistent QoS fluctuations is presented. The
notion of having different QoS levels for each of the multimedia substreams is described.
The notion of user-defined profiles is also introduced in addition to a general framework for
QoS management. The main contribution of the paper is the presentation of the mobile
middleware, called "mobiware". in terms of design, implementation and performance issues.
The scheme however does not provide any details in regards to the real time application of
such scheme and the performance issues in such a case. Furthermore, the admission control

and the allocation of resources are out of the scope of the paper.
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1.2.2.2 Adaptive End-to-end QoS Provisioning Framework

An adaptive end-to-end QoS provisioning framework for wireless and mobile networks has
been proposed in [5]. In this framework, multimedia applications are required to be able to
accept varying degrees of network guarantee levels. This has been referred to as
"multiresolution" applications. In this context. multimedia applications need to be adaptive
and network-aware, and networks must provide application-aware services. The paper
presents different available techniques of multimedia stream adaptation. The requirements
and the required components of an adaptive mobile and wireless network are also described.
The application-based responsibility mainly lies in the ability to provide the network with a
multiresolution stream. This multiresolution stream consists of three substreams (video.
audio and data) each consisting of base (A.B.C) and enhancement layers + and ++. Fig. 1.3

shows such multiresolution stream.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



—10,000

C++ /V :
C+ o - 1000
B++ | w =
B+ -
» 100
T . Band B —
A++ -
» _ »10
A+ L Band A -
- |

Fig 1.3 Layers of a multiresolution stream

Once this multiresolution stream is presented to the network. the network-based
responsibility start to take place. In this framework, the network has a number of actions that
can be executed at the transport layer routing and/or wireless link levels. These actions
include: substream filtering, substream scheduling and error control. resource reservation.
call admission and signaling.

Substream filtering is used at one or more mobility- and wireless-enabled switches or routers.

and access points supporting a multicast connection associated with a mobile station as well
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as in a mobile station. At every substream filter (SSF), packets corresponding to a substream
are passed to (or blocked from) an outgoing link belonging to the multicast path according to
the following criteria: The QoS requirement and priority of the substream defined by its SSI,
the amount of bandwidth reserved for the connection and the available bandwidth on the
outgoing link. Substream scheduling is executed at the mobile station to schedule the
transmission of substreams according to their priority and QoS specifications. As a mobile
station starts observing a short fading period on the wireless channel. it tries to prioritize the
transmission of its substreams in order to achieve a minimum QoS. Here. depending on
channel conditions. a substream (or layer) might be dropped for a period of time in order to
accommodate higher-priority substreams. Thus, a scheduler provides a filtering function as
well: however, its filtering function is a result of its scheduling function. [t is important to
note that the scheduler reacts to the fluctuations in the wireless channel due to error and
fading conditions, and requires feedback from the wireless transmitter and receiver regarding
wireless channel conditions to determine the state of the wireless channel and also to predict
its near-term state.

In general. the paper provides an operational overview of the adaptive multimedia
wireless/mobile network based on the concepts described in the paper. Example scenarios are
shown under different conditions including: fast fading, slow fading or shadowing, handoff
and resource re-allocation due to mobility and congestion. The paper presents a general
framework for an adaptive QoS provisioning scheme for wireless/mobile networks showing
all requirements and components (end-to-end) of such a system leaving the final details of

the implementation up to the network design and implementation.
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1.2.2.3 Terminal QoS for Adaptive Applications

In [12], a special focus on the adaptive applications is presented. The paper pays special
attention to networked multimedia applications on slim hosts or terminals such as personal
digital assistants (PDAs) and set tops. In addition to their limited processing capabilities,
these terminals may use limited network bandwidth conditions—for example, wireless links.
One way to implement multimedia applications on terminals is to make them adaptive. Such
applications can then use bandwidth availability in the network as feedback to adapt their
output packet rate. This manages the bandwidth scarcity by preventing the network
congestion from worsening beyond a point. However, such an implementation imposes
unique challenges. Simple task-level processing variations in audio/video applications can
seriously overload a terminal. Adaptive applications impose even more variability.
Consequently. the processing delay of applications can become unpredictable.

The adaptive application proposed in the paper is shown in Fig. 1.4. When the packet loss in
the network grows beyond a threshold. the output frame rate of the video sender can be
reduced so as to reduce the offered packet rate to the network. thereby possibly improving
long-term queuing delays in the network. Thus, an adaptive video application can inherently
exchange trame rate (perceptual quality) for network bandwidth. Audio applications can also
be adaptive. Unlike video. audio can exchange compression for network bandwidth. The
audio sender shown in Fig 1.4 implements several alternative compression algorithms within
the encoder. If the packet loss in the network exceeds a threshold, the compression algorithm
can be changed at run time in order to increase the amount of compression. For both audio
and video applications, the loss feedback is conveyed using protocols such as real-time

transport control protocol. Adaptive applications are “network friendly.”” They are especially
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suited for use on terminals, since terminals are expected to be deployed in environments
where network bandwidth is particularly scarce—for example, wireless links. However,
adaptive networked applications offer a unique challenge from the perspective of system
design. Each adaptation corresponds to a different computational demand. Thus, an adaptive
application inherently offers a variable amount of computation. This makes it much more
difficult to characterize the resource requirements on the terminal and to estimate the
performance of an adaptive application. Moreover. since each adaptation of the application
can aftect the offered traffic rate to the network. the local performance of the applications on
a terminal can affect the network performance. This. in turn. can affect future adaptations.
giving rise to a complicated dependence relationship. This paper addresses these problems
and makes two specific contributions. First. the paper proposes to quantify the local
performance of applications on terminals in terms of their processing delay. Processing of
audio and video applications at the sender or receiver end is usually driven by periodic
deadlines. since the media source is sampled periodically. The processing delay estimate
indicates the time taken to process each new sample across the terminal. The paper argument
is that the application processing delay can affect network quality of service (QoS)—for
example, packet loss. For this reason, it is (processing delay) classified as a QoS measure.

The second contribution is an analytical framework that can be used to compute the terminal

QoS.
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Fig. 1.4 Application that adapt to packet loss feedback from the network

In general. the paper presents some practical aspects with regards to the adaptive
applications. But it does not address any network-based adaptation. or how the network will
deal with the incoming multimedia streams. Furthermore, the approach and its analytical

study is mainly suitable for mobile terminals with limited processing powers.

1.2.2.4 QoS-Aware Resource Management Scheme (QualMan)
In [13] and [14], a QoS-aware resource management scheme for distributed multimedia
application is presented. The concept of adaptive QoS provisioning in this approach is quite

different. In this approach, the QoS provisioning exists only at the end-points of the end-to-
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end multimedia communication path. In other words, not all components along the end-to-
end path (e.g., from video retrieval at a transmitting workstation to video display at a
receiving PC) have QoS support or are even required to have any control or adaptation
requirement over the multimedia traffic. The bottom line is that in this approach the QoS is
application-controllable. In this paper, a new resource model and a time-variant QoS
management. which are the major components of the QoS-compliant resource management.
To achieve an end-to-end quality of service (QoS) along multimedia communication paths
for distributed multimedia applications, there is a need for services and protocols in the end-
points and networks which understand what quality of service is and how to map this quality
into the required resource allocation. Furthermore, the underlying resource management must
have services and protocols which know how to negotiate. admit. reserve. and enforce
requested resource allocation according to requested QoS requirements. Since the approach
depends mainly on the end-points. each end-point must be modeled autonomously enough to
provide its own QoS control as well as being able to adapt to possible occurrences of non-
deterministic system changes/overruns on general-purpose systems. The resource model
incorporates. the resource scheduler. and a new component. the resource broker. which
provides negotiation, admission and reservation capabilities for sharing resources such as
CPU. network or memory corresponding to requested QoS. The resource brokers are
intermediary resource managers; when combined with the resource schedulers. they provide
a more predictable and finer granularity control of resources to the applications during the
end-to-end multimedia communication than what is available in current general-purpose

networked systems.
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Furthermore, this paper presents the QoS-aware resource management model called
QualMan, as a loadable middleware, its design, implementation. results, tradeoffs. and
experiences.

In QualMan, admission control is dealt with in the following manner. Once the application
specifies its communication QoS parameters at the time of connection setup. the broker
performs checks to verify that the parameters can be guaranteed. The admission control
mechanism. using an admission condition, decides if the requested QoS can be met or
suggests a lower achievable value. The communication broker performs admission on
bandwidth availability and end-to-end delays. Fig. 1.5 shows the role of the QoS broker

during connection setup.

Machine A Machine B
Sender Broker Broker Receiver
(Initiator) (Initiatee)

Register Service >

Open Connection

Open Connection
Accepted Request 1q

|—Accepted Request 5, Listen For

Connection

Fig. 1.5 QoS Broker during Connection Setup

The initiator sends the register request along with its QoS parameters. Second, the initiator

broker performs admission control on the specified QoS. If the admission test is successful,
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the initiator broker will send an open connection request to the initiatee side (broker), which
also performs an admission test. If the admission test is also successful at the initiatee side.
the initiatee will accept the connection setup, and the protocol will respond with an accepted
allocation message. Upon receiving the accept message the initiator side completes the
connection setup. Partial acceptance can also happen when the initiatee does not have
available requested resources for end-to-end delay provision. and it sends back a message
with partially fulfilled content (only bandwidth guarantees are given). The initiator of the
QoS connection decides if this is sufficient. f this is the case. accepted allocation message is
sent back to the initiatee. and a connection opens at the initiatee side with degraded quality.
The third possibility is to send out a reject request message when bandwidth test is violated.
Monitoring and adaptation are needed in order to allow for upgrading and degrading in the
quality of connections. A monitoring thread examines the amount of available resources
whenever a connection is closed. It checks if the freed resources can be used to satisty any
partially fulfilled connections. When such a connection is identified. the monitoring thread
sends a message to its application over the register channel and informs it about the possible
upgrade.

[n general, the QualMan approach provides a quite interesting and different approach to
adaptive QoS provisioning where only end-points are involved in the adaptation process. The
advantages of QualMan is that it is flexible and scalable on a general-purpose workstations or

PC. The disadvantage is the lack of very fine QoS granularity and details.
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1.2.2.5 Peer-to-peer QoS Management

In [15] and [16], a QoS-based adaptation mechanism that is specially designed for
multicasting communication is presented. It is required that future QoS mechanisms can
ensure full quality media playout at high-performance workstations while at the same time
providing appropriately filtered lower quality media for playout at low-end systems. Existing
multicast support mechanisms are deficient for this purpose. in a heterogeneous environment,
because they work on a lowest common denominator premise where the quality provided
depends on the least capable link or node involved in the multicast session. In this paper a
QoS model to provide receiver-dependent QoS based on filtering techniques is presented.

A model for the establishment and management of continuous media data tflows between a
single sender (source) and multiple receivers (clients) is presented. The QoS requirements of
individual receivers are met through the utilization of filtering techniques. The filters operate
on encoded data streams and can adapt a data flow to meet the special needs of single users.
Experimental resuits concerning bit rate reductions included the use of the following
techniques: dropper. color-to-monochrome transformation. transcoder and low pass filter.
Real time requirements of the presented filters were also discussed. This included the
performance of the parsers, mixers and droppers in terms of speed and suitability for real
time applications. It was deduced that filtering operations are possible in a real-time
environment, if at a slight cost in end-to-end delay. The saving on network throughput may
in fact counteract the increase in network delay experienced.

In [17] and [18], more types of filtering techniques are presented in more details. These
papers describe the implementation of a number of filtering mechanisms and highlight the

communications architecture within which these mechanisms are built. These filters adapt the
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multimedia streams to ensure that end-user, application, end-system, network capabilities and
requirements are met. Examples of such filters include: (1) a codec filter that can be used to
compress or decompress a bit-stream (2) a frame-dropping-filter that is used to reduce frame
rates, (3) a frequency filter that performs operations on semi-uncompressed data including
low-pass filtering and color reduction filter, (4) a mixing filter that is used to mix streams
together or to multiplex audio and video. (5) a requantization filter that uses a larger
quantization step as a method of rate reduction, and (6) a slicing filter that increases the
number of slices in an MPEG stream per frame. These papers also discuss in details the
options of filter location which is a key issue in the engineering of any filter model. An

example of these filters is shown in Fig. 1.6.

Receivers

Filter
at the
switch

3 different streams

Filter
at the
switch

Fig. 1.6 Scaling Filter Example
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In general, this approach is good for multicast networks where there is a single source of
multimedia traffic and many receivers with diverse requirements and capabilities. Filters do

not impose any requirements on the design ot applications.

1.2.2.6 QoS Management for News-on-demand Applications

Ways in which an application can adapt to reduced network performance related throughput,
loss. delay or jitter are discussed in [19]. The paper is based on the construction of a news-
on-demand prototype. The paper is based on the construction of a news-on-demand
prototype. This approach adopts the concept of having the network and the applications share
the responsibility of providing an adaptive QoS. This approach introduces a number of
network-based adaptation techniques. These techniques are: adaptive through alternative
configurations and adaptive through alternative document structure. The idea of adaptation
through alternative configurations is that in the case of network congestion the system tries to
use another network. This may not be so easy. since most computers are nowadays only
connected to a single network. However. in the case of an overloaded server computer. the
switch over to another server may be a quite reasonable alternative. Alternative service
providers are more common than alternative networks. The idea of adaptation through
alternative document structures is to change the structure of the application. for instance. to
replace some video stream by some corresponding text to be presented.

On the other hand. the user should be able to express the desired QoS depending on his needs
and his financial capacity. The user's preferences are described in terms of (1) QoS setting for
video, audio, still images and text, (2) the cost the user is willing to pay for a given quality,

and (3) certain time constraints, such as the maximum acceptable delay for the presentation

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



of a news clip. These preferences must be described in terms of a set of user-perceived
characteristics of the performance of the service. It should be a number of parameters.
Finally, the paper presents two main aspects: (1) the interface by which QoS characteristics
can be negotiated with the user, and (2) the issues which are related to the adaptation of the
application to the QoS characteristics. This paper uses the 'news-on-demand' as an example
of the applications that allows users to browse through a remote database of news articles and
retrieve selected articles for display on a workstation. A news article may consist of a single
multimedia substream, such as test. a video clip. or a sound track, or may be a combination
of suck substreams. In the prototype presented in the paper. the user may choose a document
for presentation, and select the desired QoS including such parameters as video and audio
quality, size of display. and cost. Several possibilities of QoS adaptation are also discussed in
details.

In general. the paper follows the same approach of arguing that applications should be able to
adapt to varying QoS characteristics that may be available from the underlying systems.
However. no details of how these QoS characteristics are defined or how the user's view is
translated to physical bit-rate has been provided. In addition., the approach presented is
specially suitable tor multicast communication or news-on-demand type communication.

through alternative configurations.

1.2.2.7 Summary of Adaptive QoS Provisioning Schemes

Table 1.1 shows a summary of the adaptive scheme discussed in this section.
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Table 1.1 Summary of Adaptive QoS Provisioning Schemes

Scheme

Main shortage

g . 2 Main aspects of the scheme
“« _=l 8_=
5D B8l S22
28% 23732
358 8%
5 < 3
Dynamic Rate Shaping Lack of QoS
DQM v/ v (application side) mapping details
Adaptation Network No details of
Service (Network side) real time
Extended application to application or
wireless multimedia admission
control
End-to-end QoS vy 4 Multiresolution Implementation
Provisioning Applications details are left
Framework Adaptive Network for network
Components. designers
React to Mobility and
Congestion
Comprehensive end-to-
end framework
Terminal QoS for N/A J Focus on PDAs and set Suitable for
Adaptive top boxes (terminals). terminals with
Applications Adaptive Applications limited
(video and audio) processing
Modeling the Terminal No details about
QoS Network side
QualMan X v/ Only end-points are Lack of QoS
involved Granularity
Resource Broker Lack of QoS
Resource Scheduler mapping to real
QoS is application parameters
controllable
Peer-to-peer QoS v X For Multicast Suitable for
communication multicast
Excellent Filtering communication
Techniques only
No special application
design
QoS management 4 / Adaptation through No details of

(news on demand)

network configuration and

document structure
User interface to QoS
requirements

QoS translation
from user's view
to requirements.

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.




1.3 Proposed Approach

In ATM-based broadband networks, once a connection is admitted to the network, the set of
resources used by that connection remains unchanged (static allocation approach).
Furthermore, for connections that require guaranteed service. the call is admitted to the
network if and only if a path through the network with enough resources can be established
without violating the service guarantees of the existing ones. Once the network admits the
connection. a contract between the network and the application is established whereby both
try to adhere to throughout the connection lifetime. As long as the application does not
violate its declared traffic parameters (e.g.. peak bit-rate, burst length. etc.) the network
should provide its committed QoS guarantees (cell loss rate. delay and jitter). Due to the
statistical multiplexing effect and as the traffic increases. the resources allocated to a
connection may temporarily fluctuate resulting in prolonged episodes of cell losses. Fig. 1.7
shows a block diagram of the ditferent entities of the QoS management system. A new traffic
source presents its parameters to the traffic conditioner which performs traffic shaping and
policing. The conditioned traffic is then passed on to the traffic scheduler. The admission
controller establishes a traffic contract with the new traffic source (new call). It also shares

the contract information with the traffic conditioned and the scheduler.
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Fig. 1.7 Entities in a QoS Management System

As mentioned in the earlier section. in cellular based wireless networks. the QoS
provisioning problem is more challenging due to wireless channel fading, bit error rate
(BER) and mobility. During handoff. a mobile that was granted certain QoS guarantees could
be deprived of such guarantees or even dropped altogether. Hence. the bandwidth allocated
to a call. during setup phase. could be decreased significantly during the call lifetime.
Therefore. it is desirable to adopt an adaptive allocation of resources approach for QoS
provisioning. A call can respond to the fluctuations in the network resources by changing its
bit rate. and also its requested QoS parameters. In this thesis. we adopted such adaptive

approach.

1.4 Adaptive Allocation of Resources Algorithm

In the proposed adaptive networking environment. calls can be admitted to the system even if

the available bandwidth is not sufficient to satisfy their highest QoS guarantees. To
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accomplish this, the proposed algorithm will try to degrade the QoS levels of the existing
calls in order to free some bandwidth. Each call is considered to have a pre-defined minimum
QoS level (minQ) and a maximum QoS level (maxQ) that are defined in a user-defined
profile (UDP). The (minQ) level corresponds to the minimum set of QoS requirements that
the application is willing to tolerate. On the other hand. the (maxQ) level corresponds to the
best QoS requirements a call can obtain whenever the bandwidth is available. In the case of a
multimedia call. each of its substreams (i.e. video, audio and data) will have its own QoS
level ranging from high to medium to low. For example, one user might be willing to tolerate
a low video quality. but requires high audio quality and high speed data service. Such user
will be granted an amount of bandwidth that corresponds to its declared minQ level.
Whenever there is available bandwidth, the user might obtain an extra amount of bandwidth
up to its declared maxQ level. It should be noted that the UDP approach also defines
different “grades of service™ at different costs that the users can subscribe to. For example. a
network provider may choose to offer two grades of services with different cost structures. A
subscriber to a premium service will pay high dollar for the call but will be allocated a UDP
with the uppermost range of quality levels. whereas a subscriber to an economy service will
have a UDP range of qualities that is significantly lower than the premium one.

In Fig.1.8 it is shown that when a call is being admitted to the network. it presents its traffic
parameters and its declared UDP to the "traffic conditioner/scheduler/admission controller"”.
The "traffic conditioner/scheduler/admission controller” will then calculate the required
bandwidth according to the traffic parameters presented to it. The calculated bandwidth and
the declared UDP are then saved in a database in order to be used by the proposed

optimization algorithm as will be explained in chapter 2. Fig.1.9 shows an example of the
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UDP where a call (i) is presenting both the maxQ and the minQ levels to the admission
controller/scheduler. All QoS levels between the declared maxQ and minQ are allowed to be
assigned to call i. In this example, the maxQ level corresponds to the highest video quality.
the highest audio quality and the highest speed for data service. The minQ level corresponds
to medium video quality. low audio quality and low speed for data service. Any QoS level

between these declared levels are allowed to be allocated to this call i.

retrieved by

Traffic calculated the
Para(r:naeltleirs of B.W. propgsed
Conditioner/ B.W. algorithm
Scheduler/ information +
Admission UDP UDP database
UDP of —®{ Controller
Calli

Fig.1.8 Database used by the algorithm

Fig.1.9 Example of a User-Defined Profile (UDP)
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1.5 QoS Levels for Multimedia Substreams

In the proposed algorithm, we use three different QoS levels for each of the video, audio and
data substreams. Fig. 1.10 shows an example of the different QoS levels. These QoS levels
can be updated and modified according to the multimedia applications used in the network.
As shown in figure, the video component is the most dominant due to its high demand of
bandwidth. The Figure also shows an example of the required bandwidth for each of the

levels.

/A7 /AT A /TS A/ SIS S/ AA /D High Quality Video
/S 7SS/ Medivm Quality Video
Low Quality Vi'iieo
Q77777 High Qualty Audio
V///// Niedium Quality %‘udio
m L:PW Quali:ky Audio E
Wl High Spee%i Data
m M:edium Speed D%ua
‘ Lipw Speecé Data

- L ; L kl B.W.
8 Kbps 16 Kbps 32 Kbps 200 Kbps 500 Kbps 1.5 Mbps

Fig.1.10 Example of QoS levels for video, audio and data

We use MPEG 1 video streams as an example of the video substream. For highest video
quality, all frames (I.P and B) are transmitted; whereas for medium quality, only the I and P
frames are transmitted. For low quality, only the [ frames are transmitted. A similar scheme
for MPEG was suggested in [10]. To show the practical effect of degrading the QoS levels of

the MPEG streams from high to medium and from medium to low. we have used an MPEG
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encoder/decoder and we captured 13 consecutive frames (/BBPBBPBBPBB I). Fig. 1.11
shows the captured frames for the different QoS levels (High, Medium and Low). As the
Video QoS level is degraded from high to medium, B frames are dropped. The effect on the
quality is that some discontinuities in the video sequence are noticed during play back.
Whereas, for the low quality video, these discontinuities are clearer as only the | frames are
transmitted. Obviously, such discontinuities are directly related to the degree of motion
activities. Therefore, unless the degree of motion activity is high, the degradation in the

quality is graceful.
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(a) High QoS level for MPEG (/IBBPBBPBBPBB I)
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(c) Low QoS level for MPEG (/ D

Fig.1.11 Live MPEG captured frames

1.6 Genetic Algorithms

Applications of artificial intelligence techniques in traffic management of ATM networks
have proved to be a promising research area. see [20]-[25]. Special attention was paid for the
Connection Admission Control (CAC) as an excellent candidate for artificial intelligence

techniques [20],[25]. In the static approach, admission control implies that each new call
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makes a request for a connection. The request includes the QoS required by the call. If the
QoS can be met without deteriorating those of the existing calls, then the call is admitted,
otherwise it is rejected (blocked). Thus an estimate of the QoS is required based on
monitoring traffic patterns and buffer status. The number of cells waiting in the buffers for
service is an important parameter for determining the cell loss probability, cell delay, and
delay variations. A number of papers proposed a number of techniques to train neural
networks to learn the average of those values ana thus a more clear and precise QoS estimate
can be calculated, see [20]. In summary. the application of neural networks to calculate a
precise estimate of the QoS of a certain call by observing some of the traffic parameters
related to this call, has proved to be both precise and robust. On the other hand. genetic
algorithms have also been used to address diverse practical optimization problems related to
traffic management, see [26]-[30]. In [29]. a control scheme applied to the virtual path (VP)
bandwidth allocation problem is presented. The concept of VP bandwidth allocation problem
can be summarized as follows. A new connection is accepted only if the bandwidth of a
chosen VP is sufficient or the request of increasing bandwidth is permitted. Each request will
cause the bandwidth of the VP to increase by a specified step. In [29]. a Neural-network-
based genetic algorithm scheme is used to solve such a problem.

The proposed algorithm is based upon genetic algorithms (GAs) which belongs to the family
of derivative-free optimization techniques. Other derivative-free methods include simulated
annealing, random search and downhill simplex search [28]. Simulated annealing (SA) was
derived from physical characterstics of metals and what happens when they are cooled at a
controlled rate [28]. SA is known for its effectiveness in finding near optimal solutions for

large-scale combinatorial optimization such as traveling salesperson problems. Random
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search is the simplest optimization method, but is not suitable for large-scale problems. The
downhill simplex search is suitable for multidimensional function optimization. Genetic
algorithms search the solution space of a function through the use of simulated evolution, i.e..
the survival of the fittest strategy. In general, the fittest individuals of any population tend to
reproduce and survive to the next generation. thus improving successive generations.
However, inferior individuals can, by chance, survive and also reproduce. Genetic algorithms
have been shown to solve linear and nonlinear problems by exploring all regions of the state
space and exponentially exploiting promising areas through mutation. crossover. and
selection operations applied to individuals in the population [27].

Genetic algorithms rely on repeated evaluation of the objective function. This makes GAs
more attractive as an optimization tool since it does not need functional derivative
information. Furthermore, GAs are parallel-search procedures that can be implemented on
parallel processing machines. GAs have been used quite successfully to address diverse
practical optimization problems (see [27].[30]).

The genetic algorithm starts from a set of individuals (assumed solution set for the function
to be optimized) and proceeds from generation to generation through genetic operations.
Replacement of one or more individuals at a time is called reproduction. Reproduction
includes two main operations. crossover and mutation. Genetic algorithms require only a
suitable evaluation function which acts as the environment in order to evaluate the suitability
of the derived solutions (chromosomes).

In its most fundamental form, called simple genetic algorithm (SGA) [27], the genetic

algorithm is can be summarized in the following pseudocodes:
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GA()

generate randomly an initial population;
evaluate fitness of each individual;

while convergence not achieved and max. number of generations not exceeded

!
!

select individuals probabilistically according to their fitness;
perform genetic operations on the selected individuals:

evaluate fitness of the newly obtained individuals:

The use of a genetic algorithm requires the determination of six tundamental issues:
chromosome representation, selection function, the genetic operators making up the
reproduction function. the creation of the initial population. termination criteria. and the
evaluation function. These issues are now described.

1) Solution (chromosome) Representation: In the SGA. a possible solution for the
optimization problem is called an individual. A set of individuals represents a group of
candidate solutions called a population. For any GA, a chromosome representation is needed
to describe each individual in the population of interest. The representation scheme
determines how the problem is structured in the GA and also determines the genetic
operators that are used. Each individual or chromosome is made up of a sequence of genes

from a certain alphabet. An alphabet could consist of binary digits (0 and 1). floating point
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numbers, integers, symbols (i.e., A, B, C, D), matrices, etc. Each individual is usually
represented by a binary vector. However, it has been shown that more natural representations
are more efficient and produce better solutions [31]. One useful representation of an
individual involves variables from an alphabet of floating point numbers with values within
variables upper and lower bounds. In [31]. extensive experimentation comparing real-valued
and binary GAs was done. The real-valued GAs were proved to be an order of magnitude
more efficient in terms of CPU time. It was also shown that a real-valued representation
moves problem closer to the problem representation which offers higher precision with more
consistent results across replications. Therefore, in our implementation we used the floating
point representation.

2) Selection Function: The selection of individuals to produce successive generations plays
an important role in a genetic algorithm. A probabilistic selection is performed based upon
the individual's fitness such that the better individuals have an increased chance of being
selected. An individual in the population can be selected more than once with all individuals
in the population having a chance of being selected to reproduce into the next generation.
Each individual here represents a candidate solution to the problem. The fitness of each
individual is determined using the evaluation function discussed later.

A common selection approach assigns a probability of selection, P; . to each individual, j
based on its fitness value [32]. A series of N random numbers is generated (N is the

population length) and compared against the cumulative probability. C; . of the population.
C=) P, (1.1)
1=l

The appropriate individual, i, is selected and copied into the new population if

Ci.i <U(0,1)<Cy,y (1.2)
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Various methods exist to assign probabilities to individuals [32]: Roulette wheel, linear
ranking and geometric ranking. In our implementation, we use the geometric ranking
selection function. This method only requires the evaluation function to map the solutions to
a partially ordered set, thus allowing for minimization and negativity. Geometric ranking
method assigns P; based on the rank of solution i when all solutions are sorted. P; for each
individual is defined by:

P[selecting the i individual] = q' (1 - q)"" (1.3)

Where

q = the probability of selecting the best individual.

r = the rank of the individual. where | is the best,

P = the population size,

' q
=t 1.4
q l—(l—q)ll ( )

3) Genetic Operators: Genetic Operators provide the basic search mechanism of the GA. The
operators are used to create new solutions based on existing solutions in the population.
There are two basic types of operators: crossover and mutation. Crossover takes two
individuals and produces two new individuals while mutation alters one individual to
produce a single new solution. The application of these two basic types of operators and their
derivatives depends on the chromosome representation used [31],[32].

Let A and B be individuals (parents) from the population. For binary A and B. the following
operators are defined: simple crossover and binary mutation. Simple crossover generates a
random number r from a uniform distribution from | to m and creates two new individuals (a'

and b") according to the following two equations.
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a,ifi<r

&= b;, otherwise (1.5)
b, ifi<r

b= { . (1.6)
a;, otherwise

Where i is the binary bit location, m is the length of the binary word representing each
individual. a; is the ith bit in individual A after mutation. and a, is the ith bit before mutation.
Other types of crossover include uniform crossover and linear interpolation n-point

crossover.

[almclIdIIclIﬂIglIhl] an alelea el
ooooooooli@ooonoann

Fig. 1.12 Example of crossover operation

Fig. 1.12 shows an example of the crossover operation where two individuals reproduce
using the crossover operation resulting in two new individuals. The 8 bits representing
chromosome 1 are represented here as “al bl ¢l dl el fl gl hl1”. The 8 bits representing
chromosome 2 are represented here as “a2 b2 c¢2 d2 e2 f2 g2 h2". Chromosomes 1 and 2

represent the two parents chosen for the crossover operation.
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After the application of the crossover operator, each of the chromosomes is subject to
possible mutation [31],[32]. Binary mutation flips each bit in every individual in the

population with probability pm, the mutation rate. according to the following equation.

1-a;, if U0,1) < p

a-= { (1.7

a;, otherwise

Where i is the binary bit location, m is the length of the binary word representing each
individual, a; is the ith bit in individual A after mutation, a; is the ith bit before mutation, and
U(0.1) is the probability of bit i being mutated (according to a certain probability
distribution). More sophisticated options apply mutation to a subset of the individuals in each
population according to another probability p. [31].[32].

An example of a mutation operation. applied to the resulting chromosomes after crossover. is

shown in Fig. 1.13.

[al bl | 2 dZIeIIQIgIIhZ ar| v |2 [az]er] 2] et | 2

Lain.dlleZIﬂ'plhll {?lﬂ-cl' dl|¢2'lﬂ|g2.

v Complemented bit.

Fig. 1.13 Example of mutation operation

Operators for real-valued representations, i.e., floating point, were developed in [31],[32].

For real X and Y, the following operators are defined: uniform mutation, non-uniform
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mutation, multi-non-uniform mutation, boundary mutation, simple crossover, arithmetic
crossover, and heuristic crossover.

Non-uniform mutation and arithmetic crossover operations were used in our implementation.
Let x; and y; be the lower and upper bound, respectively, for each variable i. Non-uniform

mutation randomly selects one variable, j, and sets it equal to a non-uniform random number:

ai+ (yi - a)G). ifr; <0.5,

a, ai+(aj- x\)MG).ifr; 20.5, (1.8)
a; . otherwise
Where,
G

LGy =(r(l1 - ). (1.9)

-~
max

ri. r2 = a uniform random number between (0.1),

G = the current generation.,

Gmax = the maximum number of generations.

s = a shape parameter.

4) Termination: The GA moves from generation to generation selecting and reproducing
parents until a termination criterion is met. The most frequently used stopping criterion is a
specified maximum number of generations. Another termination strategy involves population
convergence criteria. In general, GAs will force much of the entire population to converge to
a single solution. When the sum of the deviations among individuals becomes smaller than
some specified threshold. the algorithm can be terminated. The algorithm can also be

terminated due to a lack of improvement in the best solution over a specified number of
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generations. Alternatively, a target value for the evaluation measure can be established based
on some arbitrarily “acceptable” threshold. Several strategies can be used in conjunction with
each other.

5) Initialization: The GA must be provided an initial population as indicated in step 1 of the
pseudocode. The most common method is to randomly generate solutions for the entire
population. However. since GAs can iteratively improve existing solutions (i.e.. solutions
from other heuristics and/or current practices). the beginning population can be seeded with
potentially good solutions, with the remainder of the population being randomly generated
solutions. The size of the population should be a fraction of the total number of individuals
(possible solutions). There is no optimum population size. In our implementation (shown in
chapter 2). for the initial population. random seeds are used in module I (in addition to the
values fed back from the previous allocation), while excellent seeds are selected for module
Il

6) Evaluation: Each individual is evaluated to obtain its fitness function £ which will be
defined for each of the two modules. The fitness function evaluates the closeness of a certain
individual (solution) to the optimum solution. The fitness function should be carefully

designed to describe the optimization problem.

The rest of the thesis is organized as follows. [n chapter 2 we present the proposed adaptive
allocation of resources algorithm. This includes the details of the genetic algorithm. The
proposed algorithm is divided into two main modules. Both modules are also discussed in
details in two sections. In chapter 3. simulation results are presented and discussed in details.

Chapter 4 presents a proposed QoS based channel borrowing algorithm. This algorithm is
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aimed at enhancing the overall performance of the proposed adaptive algorithm presented in
chapter 2. Chapter 4 also includes detailed simulation results of a cellular based wireless
system. Finally. chapter 5 concludes the work in this thesis and presents some possible future

extension of this work.
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Chapter 2: Adaptive Allocation of Resources Algorithm

In this chapter, we present the details of the proposed adaptive allocation of resources
algorithm. As introduced in chapter 1, we assume that our system architecture allows four
different QoS levels for each of the three muitimedia substreams. Table 2.1 shows a possible
scenario to define multiple QoS levels. The table defines the maximum QoS level to have an
index of 1 (high resolution video, high quality audio and high speed data), whereas index 64
implies that the call has been dropped (no video, audio or data components). A user
subscribing to “premium service” for calls having all three substreams (video. audio and
data) will have a UDP with a QoS index that belongs to the following set of indices
{1.2,5.6,17,18.21,22}. The "premium service" can also be defined for calls having partial
substreams (e.g., audio plus data. video plus audio. video plus data. etc.). For example levels
49.50.53 and 54 are the "premium service" for applications that do not need video (i.e.. audio
plus data calls). Similarly, levels 61 to 62 are the premium service for data applications.
Another type of service named "economy service" can be defined from Table 2.1. For calls
having all three substreams, levels 33 to 35 and 37 to 39 will represent this service. which
require minimal (Low) video quality. Similarly a "low priority service" can be defined using
the levels ranging from 41 to 43. Fig.2.] shows the bandwidth required to support 24
multimedia calls at different quality levels ranging from 1 to 64. The figure shows that there
is a drop in the bandwidth required when the QoS index drops from 16 to 17 and also from
32 to 33 and from 48 to 49. This is because the video substream demands more bandwidth
than the other two (audio and data). Hence, the drop in the bandwidth required occurs when

the video quality drops from high to medium (QoS index 16 down to 17), and from medium
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to low (QoS index 32 to 33), and from low to null (QoS index 48 to 49). Also the figure
reveals that the 64 indices could be reduced into a smaller set. For example, indices ranging
from 1 to 16 could be combined into only 4 or 5 distinct indices, whereas those from 17 to 32
could be combined into a single index. Similarly, those from 33 to 48, and from 49 to 64,
each could be combined into a single index. This would significantly reduce the size of the
information needed to be stored in the database.

For N calls in the system, we define the set [Q]=[Q1.Q2,Q3.Qx.. . ..Qn-2.Qn-1.Qn]. Where Q; is
the QoS index for call i and Q; € {1.2.. .. 64}. The set [B}]=[B,B2.B3.B... . ..Bn.2.Bn.1.BN]
represents the set of bandwidth requirements. The problem now is to find the best QoS levels
for all existing calls amid a large search space. For N=10 calls, the search space will be
64'°=1.153 x 10'® different combinations. The optimization problem can then, be defined as
finding the set of QoS levels [Q] that corresponds to the set of bandwidths [B] such that

v

A ;
2 gi<Cav and (Cav - X g;)is minimum Q2.1

e=1

where Cav is the available capacity in the current cell

In other words. we are searching for the best possible QoS level for each of the existing calls.
The sum of bandwidths corresponding to those QoS levels is the closest to the maximum

capacity (in order to maximize the utilization).
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QoS Video Audio | Data I QoS Video Audio Data QoS Video Audio Data
Index Index index
| H H H 25 M L H 49 N H H
2 H H M 26 M L M 50 N H M
3 H H L 27 M L L 51 N H L
4 H H 28 M L N 52 N H N
5 H M H 29 M N H 53 N M H
6 H M M 30 M N M 54 N M M
7 H M L 31 M N L 55 N M L
8 H M N 32 M N N 56 N M N
9 H L H 33 L H H 57 N L H
10 H L M 34 L H M 58 N L M
11 H L L 35 L H L 59 N L L
12 H L N 36 L H N 60 N L N
13 H N H 37 L M H 61 N N H
I4 H N M 38 L M M 62 N N M
15 H N L 39 1. M L 63 N N L
16 H N N 40 L M N 64 N N N
17 M H H 41 L L H
18 M H M 42 L 1. M
19 M H L 43 L L. L
20 M H N 44 L L N H High
21 M M H 45 L N H M Medium
22 M M M 46 L N M L Low
23 M M I 17 L N L N No Component
24 M M N 48 L N N
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Fig.2.1 Required Bandwidth versus QoS indices

Fig.2.2 shows the block diagram of the proposed allocation of resources algorithm. As
shown, the algorithm consists of two main modules: genetic algorithm modules I and II. The
reason to use two modules is to divide the problem into smaller easier to handle sub-tasks
since the search space is too large for a single GA. Module I assigns fair bandwidth
allocations to the existing calls; whereas module [I maximizes the capacity utilization by
assigning any available bandwidth (left over from module [ allocations) to the existing calls.
Eventually, the system will not force a call to drop unless there is not enough bandwidth to

satisfy its minQ level.
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QoS levels from the
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Cell
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Genetic Algorithm
Module Il
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B.W and the corresponding

QoS levels

Fig.2.2 Block Diagram of the Proposed Allocation of Resources Algorithm

Module [ is triggered whenever a call arrival or departure takes place. The inputs to module |
include: (1) the capacity of the system (physical cell capacity). (2) the number of calls (N)
after the arrival/departure and (3) the bandwidth information for these calls and their preset
UDPs (which are fetched from the database). Furthermore, QoS levels trom the previous
allocation are also fed back to module I.

Module I searches for the QoS levels that correspond to the bandwidth allocation closest to
the "fair" bandwidth. The evaluation of the optimization function is based upon the following

rules:
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Bfmr = —C—a—v- (22)

N

where

Bfar  Fair Bandwidth Allocation for calli

Cav  Total Physical Cell Capacity

In Eq.2. the calculation of the fair bandwidth is applicable to calls of similar classes (i.e..

having the same type of multimedia substreams).

For each of the existing calls:

Bmodl(i) € Bi(Qi) 2.3)

Bmodl(i) = min(absolute(Bfair - Bi(Qi))) 2.4

Bmodl(i) < Bfair 2.3

Where

i The call number,

Bmodl(i) The bandwidth requirement corresponding to the output QoS level from module I,
Bi(Qi) The bandwidth requirement corresponding to the QoS level Q

Bfair The fair bandwidth

Once the fair allocations are determined by module I, module II is triggered. Module II
redistributes any available capacity left over from module | among the existing calls. The

evaluation of the optimization function for module II is based upon the following rules:
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Qmodll € [Q] (2.6)

For each call i,

BmodlI(i) = Bi(QmodlIi(i)) 2.7

BmodlII(i) = BmodlI(i) (2.8)

Where

i Call number,

[Q] Set of QoS levels,

Qmodll A vector of N QoS levels (output of Module II),

Bmodll A vector of N Bandwidth requirements corresponding to Q modiIl.
BmodI Bandwidth requirement resulting from module .

The last rule is applied to ensure that the allocated bandwidth is greater than or equal to the
“fair” one. Thus each call will at least be granted its fair share of the bandwidth allocation.
Furthermore, this adds the advantage of decreasing the search space since the search will be
focused only among QoS combinations having indices greater than or equal to those found
by module I. Once module II finds the optimum solution. the QoS indices are assigned to the
existing calls. This output is fed back to module I to be a subset of the initial population
(candidate solutions) for the next allocation. Hence. module [ will have an initial population
that is in the vicinity of the optimum solution. This will significantly reduce the processing

time in the next allocation cycle.

2.1 Genetic Algorithm Module I

As previously discussed, module I is dedicated to allocating fair bandwidth shares. The

fitness function for the GA used in this module is shown below.
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Fitness function_GAl(call number,QoS_index)
if bandwidth(call number,QoS _index)>fair _bandwidth
return(fair_bandwidth - bandwidth(call _number,QoS _index));
else
return(bandwidth(call_number,QoS index) - fair _bandwidth);

end

The fitness function shown above assumes that bandwidth(call_number,QoS index) is the
bandwidth need by this call number if granted a QoS level equal to QoS index. Fig. 2.3

shows a detailed tflowchart for module [.

2.2 Genetic Algorithm Module 11

This module is designed to take advantage of any available bandwidth left over from module
. It tries to maximize the link capacity utilization and thus maximizing the QoS levels for the
calls. In order to obtain an efficient solution we proposed three features. (1) the generation of
the initial population. (2) the fitness function for the GA used in module II and (3) a

decomposition scheme that is invoked if the number of calls is too large.
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scheme
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closest to the “fair’” bandwidth (Cell Capacity/total number of calls), but must also be less than or
equal to this “fair” bandwidth

Fig.2.3 Genetic Algorithm Module I
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The output of module I is just one possible solution (that is intended to be fair). Other
excellent solutions (initial seeds) for the initial population can be found in the vicinity of this
solution. Each member of the GA population is a vector of QoS indices of size N for the N
calls present in the system at the time module I is triggered. One possible scheme to find
excellent seeds for the initial population is shown below.

Let us denote the QoS indices, for the existing calls. resulting from module I as “seed_init".

Initialize population(pop length)

!
!

init_pop(l)=fitness function GA2(seed_init);
Jor [=2:(max_QoS index/2)

init_pop(l)=fitness function GA2(seed init .-(1+1));
Jor [=(max_QoS index/2):pop length

init_pop(l)=fitness_function_GA2(random(N) .< seed_init);

The (.-) denotes conditional vector subtraction. If the result of the vector subtraction is less
than 1. the result is set to 1. Also (random(N) .< seed_init) denotes the generation of N
(number of calls) random QoS indices (seeds) that are less than those of module [ (QoS index

of 1 is the highest QoS level and 64 (max_QoS _index) is the lowest).

The fitness function for the GA used in this module is shown below.
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fitness_function_GA2(population_member)

!
i}

total_bandwidth=0;
Sfor [=I:N
total_bandwidth=total_bandwidth+bandwidth(call_number.population_member(l));
if total_bandwidth>Link capacity
return((Link_capacity-total_bandwidth)/Link_capacity):
else
return(total_bandwidth/Link_capacity);

end

The variable population_member is a vector of N QoS indices.

Another contribution to our algorithm is a decompostion scheme that is used mainly to
decompose the search space into smaller subsets. Doing so fascilitates the job of the genetic
algorithm in finding the best solution. The decomposition scheme is only triggered if the
number of calls exceed a certain limit beyond which the genetic algorithm will either need
more time to find the best solution or stop after a number of iterations without guaranteeing
the solution to be the best one. In our simulation, it was found that as long as the number of
calls were below 10 calls, the genetic algorithm was able to search and find the best solution.
When the number of calls exceeded 10. the decomposition scheme is triggered. The

motivation to use a decomposition scheme is to limit the search space, since if it is too large
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the output will not be the best possible solution. As shown in Fig. 2.4, the decomposition
scheme divides the population into a number of partitions Np. The scheme tries to find the
best solution within each partition. In a second stage, it will then find the best solution among
those that were selected from each partition. Finally that solution will be the one that
maximizes the utilization and simultaneously corresponds to the maximum possible QoS
level for each call. Each partition is of size (partition_width X population_length). From
simulation, we found that a partition_width of 3 calls and a population_length of 1000
individuals yielded good results, causing the GA to converge quickly. In general. for a large
number of calls where N>20, the following equation is used to calculate the number of
partition.

Np=N-partition_width+1 (2.9)

However in our case. since N was less than or at most [4 we obtained good results using

Np=2.
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Fig.2.4 Decomposition Algorithm

This has resulted in decreasing the search space in each of these partitions to 64’ instead of
64". Simulation results show that the decompostion scheme was very effective in decreasing

the time needed by the GA to find the solution and also in guaranteeing its convergence.
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Fig.2.5 Genetic Algorithm Module 11
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Fig. 2.5 shows a detailed flowchart of the genetic algorithm module II including the

decomposition scheme and its interaction with the rest of the components of module II.

The next chapter presents a detailed simulation study of the proposed algorithm.
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Chapter 3: Simulation Results

This chapter presents the simulation results of the allocation of resources algorithm presented
in chapter 2. Two systems were used to simulate the proposed algorithm. The first was a
single cell wireless ATM system with a number of multimedia mobiles sharing the available
capacity. The purpose of this first case study is to prove the efficiency of the proposed
algorithm in minimizing the call blocking rate while simuitaneously maximizing the
available capacity. The second one was a cellular system consisting of 3 neighboring cells.
Again, each cell had a set of muitimedia mobiles sharing its available capacity. Furthermore,
mobiles were allowed to handoff from one serving cell to the neighboring one. The purpose
of the second case study was to study the effect of mobility and handofts on the call
blocking/dropping rate. as well as the overall average QoS levels of the existing calls.

[n our simulation. the video component of a multimedia call was obtained using the MPEG-1
coded movie Star Wars which is an example of high activity video traffic. Voice and Data
substreams were generated according to an exponential distribution. The MPEG-1 coded
movie generates a frame sequence of / BB P BB P B B P B B at a rate of 24 frames per
second [33],[34]. Each call has an average duration of 5 minutes of movie time. Therefore
the movie was divided into 24 different calls. The simulator was written using MATLAB. To
generate three QoS levels for the video substream, we adopted the scheme described in
chapter 2 where the B frames were dropped to obtain a lesser QoS level. then both the B and
P frames are dropped to obtain the least video quality. Whereas, the high, medium and low

QoS levels for audio were generated by varying the average bit rate of the audio source from
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32 to 16 to 8 Kbps, respectively. Similarly, QoS levels for data were generated by varying

the data rate from 64 to 32 to 16 Kbps.

3.1 Case Study 1

Fig. 3.1 shows a block diagram for the first system under study. It consists of a single
wireless ATM cell. The cell has a capacity of 60,000 ATM cell/sec (=25 Mbps). The
algorithm can be equally applied on an internet service provider ATM system with a shared
link of capacity of 60,000 ATM cell/sec. Fig.3.2 shows the output of the simulation after 2
hours of simulation time. The average call arrival rate was 1 call every 1.5 minutes. The
number of calls was varied between | and 11, whereas the capacity was set to 60.000 ATM
cells/sec. All calls were multimedia calls using all three substreams. The solid shape curve
represents the bandwidth allocated to existing calls (in cells/sec) after using the proposed
algorithm. The dashed curve represents the bandwidth needed by the same calls if they were
granted the highest QoS level (QoS index=1). Both curves are identical as long as the
available capacity is less than or equal to the required bandwidth. During periods of over-
load, it is clear that the algorithm has significantly reduced the cell loss rate while optimizing

usage of the available capacity.
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Fig. 3.3 shows the number of calls present in the system (with and without using the
proposed GA algorithm) versus time. Clearly, the system was able to admit as much as 11
calls simultaneously. compared to 4 calls without control. This represents a gain of 175% in
the number of admitted calls. The average percentage gain in the number of admitted calls

during the whole simulation time is 55.3% whereas the maximum gain was 267%.
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Fig.3.3 Number of calls versus time
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The price to be paid for such gain is reported in Fig. 3.4. It shows a slight and graceful drop
in the quality at high utilization. The minimum average QoS level that was delivered was
16.9. This means that the worst case reduction in the quality is almost 26.5% only during
over-load periods. This is a minimal price to be paid compared to the advantages obtained. A

QoS index of zero denotes no calls were available at that time.

Average QoS index
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Fig. 3.4 Average QoS index versus Time
Fig. 3.5 shows the call blocking rate without the proposed allocation of resources algorithm.

As shown in figure the blocking rate could be as high as 73% in some cases (when the

available capacity is less than the required bandwidth). These figures illustrate the need for
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such adaptive allocation of resources algorithm. When using the suggested adaptive
algorithm, the system did not have to block any calls. On the contrary it admitted new calls

by decreasing the QoS level of existing calls to free some bandwidth for the new arrivals.

Blocking Rate vs time
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Percentage blocking rate

Fig. 3.5 Blocking Rate versus Time

Figure 3.6 shows a histogram for the QoS index for a sample of calls. The histogram is
shown for five different calls in five different traffic conditions. The traffic loads and the
corresponding number of calls are: (1) very low traffic (1 to 4 calls), (2) low traffic (5 to 6

calls), (3) moderate traffic (7 to 8 calls), (4) high traffic (9 to 10 calls) and (5) very high
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traffic (more than 10 calls). Each histogram for each of these traffic loads is generated by
tracing the QoS index assigned to a certain call during its lifetime in the system. It is shown
that as traffic load increases, the number of times of allocations of higher QoS indices (less
QoS level) starts to occur. It is also shown that the least QoS level granted was level 23

which is still very graceful to the user.
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Fig. 3.6 QoS Histogram
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3.2 Case Study 2

As mentioned earlier in this chapter, in the second study we aim to study the effect of the
mobility and handoff occurrences on the QoS levels, call blocking rate and available capacity
utilization. Fig. 3.7 shows a block diagram for the system under study. It consists of three
wireless ATM cells. Each of which has a capacity of 60,000 ATM cell/sec. During handoff,

traces of a certain call were kept the same after the handoff to another cell was executed.

Call departures Cail departures Call departures

Handoff

Call Arrivals Call Arrivals Call Arrivals

Fig. 3.7 Second System Under Study

Fig.3.8 shows the output of the simulation after 2 hours of simulation time. The average call
arrival rate was 1 call per minute. The number of calls was varied between 1 and 14, whereas
the capacity was set to 60,000 ATM cells/sec. The solid shape curve represents the
bandwidth allocated to existing calls (in cells/sec) after using the proposed algorithm. The
dashed curve represents the bandwidth needed by the same calls if they were granted the
highest QoS level (QoS index=1). Both curves are identical as long as the available capacity

is less than or equal to the required bandwidth. During periods of over-load, it is clear that

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



65

the algorithm has significantly reduced the cell loss rate while optimizing usage of the
available capacity.

Fig. 3.9 shows the number of calls present in the system (with and without using the
proposed GA algorithm) versus time. The figure shows that the system was able to admit as
much as 14 calls simultaneously, compared to 4 calls without control. This represents a gain
of 250% in the number of admitted calls. The average percentage gain in the number of
admitted calls during the whole simulation time is 105.1% whereas the maximum gain was
500%. Fig. 3.10 shows that the system was able to admit 12 calls simultaneously in cell
number 2. The maximum gain in cell 2 was 300%, whereas the average gain was 80.9%.
Similar curves for cell number 3 revealed a maximum gain of 200% and an average gain of
42.5%. The price to be paid for such gain is reported in Fig. 3.11. It shows a slight and
graceful drop in the quality at high utilization. The minimum average QoS level that was
delivered was 19.4. This means that the worst case reduction in the quality is almost 29%
only during over-load periods. A QoS index of zero denotes no calls were available at that
time. Similar results are reported in Fig. 3.12 for physical cell 2. The maximum degradation
in the mean QoS level cell 2 is 17.2 (26.88%). Similar curves for cell 3 revealed a maximum
degradation in the mean QoS level to be 15.3 (23.9%). This is a minimal price to be paid

compared to the advantages obtained.
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Fig.3.8 Bandwidth Requirement versus time
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Fig.3.9 Number of calls versus time in cell 1

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



68

14

12

Owith GA scheme
@without GA scheme

no. of calls

(2] -4 : [+2] < (=3 w [=] 2] - 8 - 8 N r~ o~ ™~ e o " -]
- ~ o ~ ; o M~ [ Q el o N D 0 N @ w3 -
<™ M~ - < o~ '] D [ (3 Q ” ~ - z @© o~ (723 [+ [
- - - o~ o~ (3] ” « -t < < wn n -] ©o 7] ~

time (sec)

Fig.3.10 Number of calls versus time in cell 2
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Fig.3.12 Average QoS index versus Time for cell 2

Fig. 3.13 shows the blocking rate if we do not use the proposed allocation of resources
algorithm. As shown in figure the blocking rate can be as high as 77% in some cases (when
the available capacity is less than the required bandwidth). These figures illustrate the need
for such adaptive allocation of resources algorithm. When using the suggested adaptive
algorithm, the system did not have to block any calls. On the contrary it admitted new calls

by decreasing the QoS level of existing calls to free some bandwidth for the new arrivals.
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Similar curves for cells 2 and 3 showed that the blocking rates if the proposed algorithm is

not used were as high as 70% and 67%, respectively.
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Fig.3.13 Blocking Rate versus Time for cell 1
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A snapshot from the simulator output trace file shown in Fig. 3.14 shows that starting time
(4), the existing calls (identified by the numbers 1,1,3 and 3) were assigned QoS indices of
19.3.2 and 8. respectively. In other words. in order not to block the newly arriving fourth call,
the algorithm assigned these QoS indices to the calls. At time (5), the benefits of the
algorithm are even clearer as a fifth call has been admitted. In order to do so, the following
QoS indices (3.3.3.18 and 17) have been assigned to calls (1.1.3.3 and 2).

Fig. 3.15 shows the link capacity utilization versus the number of calls. The minimum
utilization was 85.87%. and was as high as 99.985%. The average utilization was 97.312%.
Hence, maintaining high utilization while minimizing the call blocking probability has been

successfully achieved by this algorithm,

time(l}=3.40

QoS: 1
Calls: 1
time(2)=84.58
QoS: 1L
Calls: 1 1
time(3)=167.88
QoS: 1 L 1
Calls: 1 1 3

time(4)=186.65

QoS: 19 3 2 8
Calls: 1 1 3 3
time(5)=259.63

QoS: 3 3 318 17
Calls: 1 1 3 3 2

Fig.3.14 Snapshot of the simulator output trace file for cell 1
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Fig.3.15 Link Utilization versus Number of Calls

Fig. 3.16 shows the effect of the handoffs on the QoS level. In our simulation, cell 1 had
higher traffic load than cells 2 or 3. A positive delta QoS signifies a better QoS level being
provided to the call. On the other hand. a negative delta QoS signifies degradation in the QoS
after the handoff. During handoff from cell 2 to cell 1, the QoS for most calls seem to

degrade. This is mainly due to the fact that cell 1 has higher traffic rate. But still the
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maximum QoS degradation is a delta of 18 (a change of level from 1 to 19, i.e.. 28.125%

decrease in the quality).
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d
1
!
.
'»:
1

Fig.3.16 Handoff from cell 2 to cell 1
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Fig. 3.17 shows the mean QoS index versus the number of calls. The figure shows that the
algorithm can accommodate up to 20 calls at a price of decreasing the mean QoS index down
to 28.35 (a percentage degradation of 44.3%). The curve can be used, during admission
control phase. to set a threshold for the minimum quality that can be delivered by the
network. For example, if an admission criteria is “admit calls as long as the mean QoS index

is less than 157, then the maximum number of admitted calls will be 7.

Mean QoS Index vs no. of Calls
30

Lowest
/ QOS

20 ]

15 N pd

Mean QoS

Highest
QoS

0 2 4 6 8 10 12 14 16 18 20
no. of calls

Fig. 3.17 Handoff from Cell 2 to Cell 1
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The next set of curves was derived from many simulation runs. Their main objective is to
show the effect of increasing the number of call arrivals on the percentage gain in number of
admitted calls. Another objective is to investigate whether the available capacity has an effect

on such a gain or not.

Let us define the percentage gain to be:

(Admitted _calls - original _calls) <10

Gain(%) = 0

original _calls
Where
Admitted_calls represents the number of calls the system was able to admit by using the
suggested algorithm:

Original_calls represents the number of calls the system admits without using the algorithm;

Fig.3.18 Shows the percentage gain versus the number of calls for two different ranges of
minQ levels for a number of simulation runs. The available capacity for those simulation
runs was 25 Mbps (60,000 cells/sec). The objective of such a curve is to show the percentage
gain in the number of admitted calls (when using the algorithm) under different call loads
and for different minQ levels. As shown. for minQ levels ranging from 17 to 31, the
percentage gain saturates 360% when the number of calls reaches 16 calls. For minQ levels
ranging from 32 to 47, the percentage gain saturates at 975% when the number of calls

reaches 43.
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If the available capacity increases to 75 Mbps, the percentage gain is shown to saturate at
almost the same gain as that shown for 25Mbps. This is shown in Fig. 3.19. For minQ levels
in the range from 17 to 31, the percentage gain saturates at 358% when the number of calls
reaches 48. For minQ levels in the range from 32 to 47, the percentage gain saturates at

1114% when the number of calls reaches 127.

Capacity=25Mbps
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F e
1000 - N . . ‘.F,'- -; B
. - - Ak
o ~ -
- . T -
aw 1 - Lﬂ et o] e Rhawed r-: 1
. s “_ "
N i
Gain (%) 600 [ B B 1 = 1
: OminQ(32:47)
;1 BminQ(17-31)

2 4 6 8 10 12 14 18 18 20 22 24 26 28 30 32 34 36 138 40 42 44 46 48 50
no. of calls

Fig. 3.18 Percentage gain versus number of calls for Cav=25Mbps
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For an available capacity of 155Mbps, it is shown in Fig. 3.20 that the percentage gain
saturates at 358% when the number of calls reaches 97 and at 1116% when the number of

calls reaches 259 for minQ (17:31) and minQ (32:47) respectively.

Capacity=75Mbps
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.. -
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[
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Fig. 3.19 Percentage gain versus number of calls for Cav=75Mbps
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Fig. 3.20 Percentage gain versus number of calls for Cav=155Mbps
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The average of many simulation runs for different available capacities ranging from 25Mbps

to 155Mbps with an increment of 25Mbps is shown in Fig. 3.21. As shown in figure, the

percentage gain for different capacities does not change for the same range of minQ levels.

For minQ levels ranging from 17 to 31. the percentage gain saturates at 358% and for minQ

levels ranging from 32 to 47, the percentage gain saturates at 1115% regardless of the

available capacity.
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This signifies the fact that any system deploying the proposed algorithm should be able to

yield the percentage gains shown in figure at different available capacities.
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Fig. 3.22 No. of calls versus time
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Fig. 3.22 shows the number of calls versus time for a number of simulation runs under
different traffic load conditions. As shown, in higher traffic loads, the algorithm allowed

more calls to be admitted on the expense of decreasing the QoS levels of existing calls.
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Chapter 4: A QoS based Channel Borrowing Algorithm

In this chapter, we suggest a channel borrowing algorithm based on the adaptive QoS
platform described in the previous chapters. In a channel borrowing algorithm, an acceptor
cell that has used all its nominal channels can borrow free channels from its neighboring cells
(candidate donors) to accommodate new calls. In our suggested algorithm, an acceptor cell
can borrow from any neighboring (donor) cell as long as this donor cell has some channels
available after satisfying the minimum QoS (minQ) level defined in the user-defined profile
(UDP). A donor cell assigning QoS levels (to calls under its coverage) higher than the minQ
levels defined in the UDP will declare those channels as available for borrowing by other
acceptor cells. A channel can be borrowed by a cell if the borrowed channel does not
interfere with existing calls. Furthermore, when a channel is borrowed. several other cells are
prohibited from using it. This is called channel locking. The number of such cells depends on
the cell layout and the type of initial allocation of channels to cells. In contrast to static
borrowing, channel borrowing strategies deal with short-term allocation of borrowed
channels to cells. Once a call is completed, the borrowed channels are returned to its nominal
cell. The proposed channel borrowing algorithms differ in the way a free channel is selected
from a donor cell to be borrowed by an acceptor cell.

In our suggested algorithm, the criteria for choosing the free channel include not only the
number of free channels but also the QoS levels in the donor cell. The criteria is also
extended to include the effect of channel locking on the number of free channels and the QoS

levels on the locked cells.
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4.1 Background

Throughout the description of the suggested channel borrowing algorithm, we are going to
consider the hexagonal planar layout of the cells. A cell cluster is a group of identical cells in
which all of the available channels (frequencies) are evenly distributed. The most widely
used plan is the N=7 cell cluster {35]-[37] where the number of available channels are
distributed evenly among 7 cells. which then repeats itself over and over according to Fig.
4.1. In hexagonal geometry, this reuse plan is given by

D _ Ay 4.1)
R

where D is the reuse distance, R is the cell radii. and N is the modulus. We are going to

consider N=7 throughout the discussion in this chapter.
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(a) %”%%0

Fig. 4.1 (a) Cell cluster (N=7), (b) A seven-cell reuse plan

4.2 Related Work

The channel borrowing algorithms can be divided into simple and hybrid [38]. In simple
channel borrowing algorithms, any nominal channel in a cell can be borrowed by a
neighboring cell for temporary use. In hybrid channel borrowing strategies, the set of
channels assigned to each cell is divided into two subsets: (1) local and (2) borrowable. The
local subset is used only in the nominally assigned cell, while the borrowable subset is

allowed to be lent to neighboring cells. The suggested algorithm presented in this chapter
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belongs to the simple channel borrowing algorithms. A comprehensive survey of the channel
borrowing algorithms is presented in [38]. A number of simple channel borrowing algorithms
have been presented in the literature. Borrow from the Richest [39] is a simple channel
borrowing algorithm that requires the acceptor cell to borrow from the cell with the greatest
number of channels available for borrowing. This algorithm does not take channel locking
into account when choosing a candidate channel for borrowing. Basic Algorithm [40] is an
improved version of the Borrow from the Richest strategy which takes channel locking into
account when selecting a candidate channel for borrowing. This algorithm tries to minimize
the tuture call blocking probability in the cell that is most affected by the channel borrowing.
This affected cell might be the donor cell or any of the cells affected due to channel locking.
The number of cells affected by channel locking depends on the cell layout and the cell
reuse. Instead of trying to optimize when borrowing, the Borrow First Available [39]
algorithm selects the first candidate channel it finds. The objective is to try to minimize the
complexity of the channel borrowing scheme. An Efficient Borrowing Channel Assignment
(BCA) scheme is presented in [41]. The BCA scheme consists of two phases: (1) ordinary
channel allocation phase. and (2) channel reallocation phase to improve the efficiency of the

scheme.

4.3 Suggested Channel Borrowing Algorithm

As opposed to the Borrow from the richest [38],[39] algorithm, the suggested algorithm takes
into account the effect of channel locking when choosing a candidate channel for borrowing.
Furthermore, the suggested algorithm takes into account not only the number of available

channels but also the average QoS level of each candidate cell. This allows the algorithm to
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try to maximize the average QoS level of the calls existing in the system in addition to
minimizing the call blocking probability.

Fig. 4.2 shows the block diagram of the adaptive allocation of resources algorithm when the
channel borrowing algorithm is added. Channel borrowing module III is introduced to the
allocation of resources algorithm. A module chooser is also introduced to decide whether the
algorithm will need to execute module II or module IIl instead. As mentioned in earlier
chapters, the algorithm is triggered whenever a call arrival or departure takes place. To adapt
the algorithm for the addition of module III, some minimal changes were needed to be made
in module 1. Module Il however is kept the same as described in earlier chapters. Once the
algorithm is triggered. module [ will try to assign fair bandwidth allocations to the existing
calls. Fig. 4.3 shows module I after making some changes to take advantage of the channel
borrowing algorithm in module III. The idea is that if any of the assigned QoS levels in
module I is less than the corresponding minimum QoS level minQ, then this minQ level is
assigned to the corresponding call. Then this data is sent to the module chooser for further
processing. Fig. 4.4 shows the module chooser. It starts by calculating the total bandwidth
needed by all existing calls if granted the QoS levels assigned by module I. If the total
bandwidth exceeds the cell capacity. then module III is triggered to try to borrow some
bandwidth from the neighboring cell. Otherwise. module II is triggered to try to take

advantage of any bandwidth left over from module I.
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Fig. 4.2 Block Diagram of the Algorithm (after including channel borrowing)
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Fig. 4.3 Genetic Algorithm Module I
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Fig. 4.5 Two Tier (N=7) Cell Layout

4.3.1 Module 111

Throughout the description of module III, we are going to consider the cell layout shown in
Fig. 4.5. The cell layout shown is a seven-cell cluster surrounded by a second tier of 11 cells.
The total number of cells in this two-tier layout is 19 cells. The cell reuse plan is N=7. Each

color in Fig. 4.5 represents a distinctive set of channel frequencies. The reason for choosing
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this specific layout is that module IIl is going to consider the first two tiers of the
neighboring cells only. Cell A is the acceptor cell. It is surrounded by two tiers of cells. Cell
A can borrow from any of its first tier neighbors (cell 1, cell 2, ..., cell 6). Furthermore, it can
borrow channels from one and only one neighbor (no multiple donor cells are allowed).
Borrowing any number of channels from any of these 6 cells will cause these channels to be
locked in another two cells. To illustrate the concept of channel locking. let us assume that
cell A is going to choose to borrow a number of free channels from cell 2. This will cause
these borrowed channels to be locked in both cells 14 and 17. For this cell layout (N=7), the
number of cells affected by channel locking is always 2 cells. We are going to denote these 2
cells as affected celll and affected cell2. In the suggested channel borrowing algorithm,
each cell is required to keep track of the following parameters: (1) The number of available
free channels if the existing calls are assigned their minQ levels. (2) the number of available
free channels in affected_celll if the existing calls are assigned their minQ levels and (3) the
number of available free channels in affected_cell2 if the existing calls are assigned their
minQ levels. The information regarding the available number of channels in the atfected_cell
can be collected either periodically or on a need basis (a message sent from the cell to the
affected _cell requesting immediate information regarding the number of available free
channels).

Assuming that Ceil A (the acceptor cell) needs N, number of channels to borrow. The
number of channels needed (Np) should be calculated from the following equation.

Nb = (Brot - Ciot)/Chgize 4.2)

Where

Bw: Total bandwidth needed by existing calls if assigned their minQ level.
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Cwt  Total physical ceil capacity
Chgize Size of each channel
Cell A will then send a borrow_request message to each of its first tier neighbor cells. The

following routine (Send_borrow_request) can be run by the acceptor cell.

Send _borrow request(N,)

/
]

Jor [=1 to max_no_of neighbors

!
t

borrow_request(cell I, Np);

!
!

Where max _no_of neighbors is the number of tirst tier neighbors (6 cells in our case) and
cell [ is the cell ID.

Each of the neighboring cells receiving the borrow request message will calculate the
number of available channels (N,) if its calls are granted their minQ level and compare it to
the requested number of channels (Np). If Ny > Ny . then the cell will send back a negative
acknowledge (NACK) message informing the acceptor of the denial of its request. This is
shown in Fig. 4.6 (a). Otherwise, it will send a message to each of the affected cells (due to
channel locking) requesting information regarding the number of available channels
(Nav(affected_cell)). The information regarding the available channels does not have to be

gathered when the borrow request message is received. As mentioned before, this
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information can be gathered periodically and kept ready for any borrow_request message. If
the returned values N, (affected_cell) > N then this means that the requested number of
channels is available for borrowing and that the locked channels (in the affected_cells) are
also available. An acknowledgement (ACK) message is then sent back to the acceptor cell.
Otherwise, a NACK message is sent back to the acceptor cell denoting that the locked
channels will cause some calls to be dropped in the affected_cell. The following routine can

be executed by the neighboring cells upon the receipt of a borrow_request message.

Receive borrow_request(Ny)

/
!

calculate N,,; /* calculate available bandwidth */

if Ngw < Np
send(acceptor, NACK).

else | /*there are available channels, therefore check the locked (affected) cells */
result=ACK;
1=0;

while ((result==ACK) AND (I < no_of affected _cells))

{
I=1+1:
result=check_no_channel(affected cell(l), Ny);
if (result==NACK)
send(acceptor, NACK); /* not enough channels in affected cell */
/
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if (result==ACK)
{
send(acceptor,ACK); /* Can accept the borrow_request */
/* Now receive the Average QoS values of affected cells to send to acceptor*/
for I=1 to no_of affected cells
[average qos(I+1).Ny(1+1)] =receive(affected cell(l));
/* Done with receiving all the required values */
average qos(l)=Calculate_qos; /* average QoS if borrow is done */
send(acceptor,average _qos(1),Ny(1),average qos(2),Nu(2),
....average_qos(length(l),N(length(l) ),

/

S~

Fig. 4.6 (b) shows the tlow of the messages if there are enough available channels in the
neighboring (candidate) cell (N, > Ny). If the affected cells return an ACK message. this
implies that the locked channels due to the borrowing process will not cause any calls to be
dropped in these cells. This is due to the fact that when the candidate cell sends a
check_no_channel message to any of the affected cells, it will calculate the number of
available channels after assigning the minQ levels to the calls existing in this cell. Therefore,
immediately afterwards, the candidate cell send an ACK message to the acceptor cell

informing it that it can fulfill the borrow request message.
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The candidate cell will then wait for each of the affected cells to send a message carrying
information regarding the average QoS (average qos) levels of the existing calls and the
number of channels that would be available if the borrowing process is executed (Ny). The
average qos is calculated assuming the borrowing process has been executed. This will give
an indication of how the borrowing process affects the QoS levels of the existing calls. In the
meantime, the candidate cell will calculate the average QoS levels of its existing calls based
on the same criteria. Notice that the candidate cell can calculate the average QoS level while
the other affected cells are doing the same thing in parallel. Once all the information is

available for the candidate cell. it will send it in a message to the acceptor cell.

acceptor candidate acceptor candidate Affected cell

NACK

Check no_channel

ACK/NA
ACK/NACK

Average qos[],Ny,[

(a) ()
Fig. 4.6 Flow of messages between acceptor. candidate and affected cells.

il

(a) Nav < Nb ) (b) Nav > Nb
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Once all messages from all the neighboring (candidate) cells are received, the acceptor cell
will start processing the information searching for the best candidate cell to become the
donor. First, all cells sending back NACK messages are removed from the candidate list. The
information of each of the remaining cells in the candidate list include: (1) a vector of
average QoS levels of the candidate cell, affected cell 1 and affected cell 2 (average qos/]).
and (2) a vector of available number of channels (V,,).

The acceptor cell will use the following equation to calculate the cost of borrowing the
requested number of channels from each cell. The cost value of each cell in the current
candidate list is denoted by borrow_cost.

min(Nav)  min(average _qos)

borrow _cost = ( ) 4.3)

max_ channels 64

Where max_channels is the maximum number of channels in each of the cells. Note that the
value of average qos ranges from | to 64 (1 being the best QoS level. and 64 being the
least). Therefore. the value of horrow cost ranges from -1 to 1. The higher the borrow_cost
value, the better is the candidate cell. Therefore. the acceptor cell will choose the one with

the highest borrow_cost value.

4.4 Simulation Results

The system under study is shown in Fig. 4.7. The system consists of an acceptor cell (ceill A)
surrounded by two tiers of cells. The cell layout is a seven-cell cluster system (N=7). Each
cell has a physical capacity of 60,000 ATM cells(packets)/sec. This is equivalent to 25 Mbps.
For a 30 Kbps channels, each cell is assigned 848 channels (max_no_channels=848). The
dotted line represents a street with high call traffic load. Along the street are cells 185, 5, A, 2

and 9. In our simulation, the traffic load in these cells is characterized by a high traffic load.
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As shown in the cell layout, each of the following 6 sets represent a group of cells assigned
the same set of channel frequencies: (1) cells {1,12,15}, (2) cells {2,14,17}, (3) cells
{3,7,16}, (4) cells {4,9,18}, (5) cells {5,8,11}and (6) cells {6,10,13}. Therefore, the
no_of affected cells=2 (i.e. when one cell is a donor cell, 2 other cells are affected due to

channel locking).

Fig. 4.7 System under study
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The traffic load is multimedia traffic. In our simulation, the video component of the
multimedia call was obtained using the MPEG-1 coded movie Star Wars as an example of
high activity video traffic. Voice and Data substreams were generated according to an
exponential distribution. The MPEG-1 coded movie generates a frame sequence of / B B P B
B P B B P B B. There are 24 frames per second [33]. This set of data is described in [34].
Each call has an average duration of 5 minutes of movie time. Therefore the movie was
actually divided into 24 different calls. To generate three QoS levels for the video substream.
we adopted the algorithm described in chapter 2 where the B frames are dropped to obtain a
lesser QoS level, then both the B and P frames are dropped to obtain the least video quality.
Whereas, the high, medium and low QoS levels for audio were generated by varying the
average bit rate of the audio source from 32 to 16 to 8 Kbps. respectively. Similarly. QoS
levels for data were generated by varying the data rate from 64 to 32 to 16 Kbps.

The calls statistics were as follows: (a) 33% of the calls had a minQ level equals to 1. and (b)
the rest of the calls had a minQ level equals to 18. The initial distribution of the calls is
shown in Fig. 4.8 (the number between brackets represent the number of calls).

Assuming that a 9" call needs to be admitted to cell A and that there is not enough number of
free channels to satisfy the minQ level of such a call. This will trigger module III to try to
borrow a number of channels from any of the 6 neighboring cells (cells 1.2....6). Table 4.1
shows all the information gathered by the simulator after running the algorithm including
module [II. The information gathered include: (1) the average QoS level of each candidate
cell, affected cell 1, and affected cell 2 (average qos(l), average qos(2), average _qos(3)).
(2) the number of available channels of each candidate cell, affected cell 1 and affected cell 2

(Nav(1), Now(2), Naw(3)) and (3) the borrow_cost value of each candidate cell.
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Fig. 4.8 Initial call distribution

As shown in Table 4.1, 2 of the candidate cells returned a NACK message. Cell 2 returned a
NACK because there are no channels available (Nav(/)=0) in the candidate cell itself. On the
other hand, cell 4 returned a NACK because one of the affected cell (cell 9) does not any

channels available (NVav(2)=0) and channel locking would cause one or more calls to be
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dropped. Therefore, the borrow_cost value is calculated for only 4 cells. Cell 6 has the higher
cost value and therefore was chosen to be the donor cell.

Table 4.2 shows the same information for a higher traffic call load. As shown, the cell with
the highest cost value was cell 6. The main advantage of any channel borrowing algorithm is
to reduce the call blocking rate. To study the effect of the suggested channel borrowing
algorithm on the system under study. we had to calculate the call blocking rate at different
values of traffic load. Furthermore, our suggested algorithm not only tries to reduce the call
blocking rate, but also enhances the QoS offered o the existing calls. This is mainly due to
the existence of a preset range of acceptable QoS levels instead of one. Therefore, the
algorithm will always try to take advantage of any free channels available to increase the
offered QoS level. Fig. 4.9 shows the percentage call blocking rate of the system under study
versus the percentage offered load. Using the suggested channel borrowing algorithm
reduced the call blocking rate of the system. This takes place under an offered load between
40% to 80%. Below 40%, there is no need for using the channel borrowing algorithm as there

are enough channel in the system to satisfy at least the minQ levels of the existing calls.
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Table 4.1 Module 11l simulator information (initial call distribution)
Cap=60000 cell/sec = 848 channels (channel=30 Kbps).
Cell A Cell 1 Cell 2 Cell 3 Cell 4 Cell 5 Cell 6
No. of calls 9 5 7 3 3 7 4
Calls Ids 1,2,34,5,6,7,8,9 8,9,10,11,12 13,14,15,16,17,18,19 | 19,20,21 22,2324 1,2,3,4,5,6,7 8,9,10,11
MinQ 1,1,1,18,18,18,18,18,18 | 1,18,18,18,18 1,1,18,18,18,18,18 1,18,18 1,18,18 1,1,18,18,18,18,18 1,18,18,18
F Na(1) 997 471 0 502 426 178 515
ACK needed bw=10478/149 | Y N Y N Y Y
Average qos(1) | 124 13.4 13.2 12.4 12.4 13.2 13.8
Affected Cell | 12 (1 call) 14 (4 calls) 7 (2 calls) 9 (8 calls) 8 (4 calls) 10 (4 calls)
| No(2) 645 405 0 515 515
Average qos(2) 1.0 1.0 13.8 13.8
Affected Cell 2 15 (7 calls) 17 (2 calls) 16 (5 calls) 18 (2 calls) 11 (2 calls) 13 (1 call)
N.«(3) 178 471 405 645
Average qos(3) 13.2 134 1.0 1.0
Borrow _cost 0.531* 10” NACK 0.2682 NACK -5.719 * 107 0.3917
Cell 6 is chosen as the donor cell (highest borrow_cost value).
Table 4.2 Module 111 simulator information (higher traffic load)
Cap=60000 cell/sec = 848 channels (channel=30 Kbps).
Cell A Cell Cell 2 Cell 3 Cell 4 Cell 5 Cell 6
No. of calls 9 6 8 4 4 8 5
Calls Ids 1,2,3,4,5,6,7,8,9 8,9,10,11,12,13 1,2,3,4,5,6,7,8 89,1011 89,1011 1,2,34,5,6,7 8,9,10,11,12
MinQ 1,1,1,18,18,18,18,18,18 | 1,1,18,18,18,18 1,1,18,18,18,18,18,18 | 1,18,18,18 1,18,18,18 1,1,18,18,18,18,18 1,18,18,18,18
Na(1) 70478 / 997 0/0 0/0 36503 /515 36503 /515 (0/0 33357/471
ACK needed bw=10478 /149 | N N Y N N Y
Average qos(l) | 124 13.8 13.8 13.4
Affected Cell 1 12 (1 call) 14 (4 calls) 7 (2 calls) 9 (8 calls) 8 (4 calls) 10 (4 calls)
N.«(2) 45707 / 645 28698 / 405 0/0 36503 /515 36503 /515
Average qos(2) 1.0 1.0 13.8 13.8
Affected Cell 2 15 (7 calls) 17 (2 calls) 16 (5 calls) 18 (2 calls) 11 (2 calls) 13 (1 call)
N.«{(3) 12623/ 178 33357/471 28698 / 405 45707/ 645
Average qos(3) 13.2 13.4 1.0 1.0
Borrow cost NACK NACK 0.2620 NACK NACK 0.3398

Cell 6 is chosen as the donor cell (highest borrow_cost value).
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call blocking versus offered load
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Fig. 4.9 Call blocking versus offered load
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Fig. 4.11 Increase in offered load versus call blocking
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Enhancement in QoS

% QoS enhancement

offered load

Fig. 4.12 QoS enhancement versus offered load

Above 78%, the acceptor cells can not borrow any cells due to the fact that the algorithm
does not allow the borrowing process to take place if the locked channels will cause any

current call to be dropped. Therefore, the performance of the channel borrowing algorithm
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for an offered load above 78% is exactly the same as without using the algorithm. It is also
shown that when using the algorithm and up to an offered load of 53%, the call biocking is
kept at 0%.

Fig. 4.10 shows the reduction in call blocking versus the offered load. This figure shows that
the advantage of using the suggested algorithm exists when the offered load is in the range
from 40% to 78%. The reduction in call blocking reaches its maximum at 53% offered load
and is of a value of 3.7% reduction. This reduction is kept flat in the offered load range tfrom
53% to 72%.

Fig. 4.11 shows the increase in offered load for the same call blocking rates. This curve is of
significant importance as it shows how much enhancement can be achieved if the system is
designed to operate at a certain call blocking rate. It is shown that for a call blocking ot 2.7%.
there is a 10% enhancement in the offered load. The enhancement keeps increasing till it
reaches a peak value of 14.5% at 6.4% blocking rate. Above 6.4% blocking rate. the
enhancement starts to decrease till it reaches 0% at 10% blocking rate. Again this is due to
the channel blocking affect as the traffic load increases.

Fig. 4.12 shows the enhancement in the QoS offered versus the offered load. This curve
shows another contribution of the suggested algorithm. Due to the adaptive QoS platform of
the suggested system. the suggested channel borrowing algorithm is also able to enhance the
QoS level of existing calls. The enhancement starts when the offered load is at 40%. It
reaches a peak value of 7.8% at 45% offered load. It then starts to decrease reaching 0% at

78% offered load.
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Fig. 4.13 QoS enhancement versus time

Fig. 4.13 shows a sample of the simulator output for 1.5 hours simulation time. The figure
shows the enhancement in the percentage QoS level versus time. [t is clear that most of the
time, the channel borrowing algorithm makes a difference and enhances the QoS level
offered to the calls. This is due to the fact that statistically, most of the time the system is

operated in the range between 50% to 80% of the offered load and this is when the suggested
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algorithm is of great use and advantage. The percentage enhancement varies between 7% and

1%. The average percentage of QoS enhancement is 3.82 %.
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Chapter 5: Conclusions and Discussions

In this thesis, we presented an adaptive allocation of resources algorithm for wireless ATM
networks. In particular, we used genetic algorithms to maximize the utilization of the scarce
wireless bandwidth, while minimizing the call blocking probability. Users are required to
define a range of acceptable qualities instead of just a single fixed one. Accordingly. the
proposed genetic algorithm was used to adaptively change the bandwidth allocations to the
calls with the objective of admitting new calls. This is done at the expense of “temporarily”
degrading the quality perceived by the existing calls. However, all calls are guaranteed the
minimum quality defined in their perspective profiles. Two separate modules of genetic
algorithms were used. Module I was used to do a “fair’” bandwidth allocation to each call:
whereas Module II re-allocates any available bandwidth that has not been utilized by module
[. Performance evaluation results shows significant gains in terms of minimizing the call
blocking probability while delivering acceptable QoS levels to the users. Furthermore. the
adaptive nature of the algorithm allows it to increase the QoS levels of existing calls once
one or more calls depart from the system. Thus adaptability to new tratfic situations has been
achieved. The application of the proposed algorithm is very flexible making it easy to be

applied on a variety of networks.

The thesis also proposes a QoS based channel borrowing algorithm (QCBA) that allows a
cell (in a cellular system) to borrow some free channels from any neighboring cell to
accommodate new calls. The QCBA is another enhancement layer to the overall suggested

call admission control algorithm. The QCBA is specially designed to take advantage of the
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adaptive QoS provisioning framework. Simulation study of the QCBA showed significant
decrease in the call blocking probability and thus a significant increase in the number of

admitted calls also existed. The QCBA also takes channel locking into consideration.
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