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Abstract

Simulation of QoS Based Call Admission Schemes for DS-CDMA

Duo Li

Code division multiple-access (CDMA) has been receiving considerable attention
as the core multiple-access technology in the development of upcoming ubiquitous
personal communication service (PCS) system with flexible quality of service (QoS)
requirements at any time and anywhere. Moreover, future wireless networks are expected
to integrate different types of multimedia traffic, such as voice, data, and compressed
images and video.

This work aims to investigate the resource allocation problem for wireless direct
sequence spread-spectrum CDMA cellular networks supporting heterogeneous
multimedia applications where individual users have different QoS requirements. We
propose optimal rate and power distribution approaches for source allocation to
individual users, subject to a constraint on the total available bandwidth, to maximize the
per-cell capacity and maintain the quality of service (QoS) for different multimedia
services.

Connection oriented admission control schemes based on the required QoS are
proposed in this thesis. Several policies are introduced for use in CDMA network.
Simulation results show that the proposed Radio Resource Management scheme can

achieve both effective QoS guarantee and efficient resource utilization.
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1.1 Motivation

With the advance of radio and network technologies, the mobile system has
evolved from preliminary communication devices to a ubiquitous personal
communication service system that provides users new channel capacity and features,
such as data, voice and multimedia applications and services with flexible quality of
service (QoS) requirements at any time and anywhere. The wireless system development
has come to an era of the convergence of information and telecommunication
technologies.

To enable these services it is essential that next generation wireless networks
support multiple classes of traffic with diverse quality of service (QoS) requirements in
terms of data rate, bit error rate, delay, etc. For example, voice traffic generally requires a
data rate of 8 kbps and bit error rate (BER) less than 10e-2 to 10e-3, while video traffic

requires data rate of 64 kbps and up, with BER less than 10e-6. To provide users with



improved QoS it is desirable for next generation wireless networks to have enhanced
performance, in terms of higher data rate. It is equally important for next generation
wireless networks to have higher system capacity in order to meet the rapidly escalating
demands on accessing the backbone networks from anywhere at any time.

One of the viable technologies to meet these challenges is code division multiple
access (CDMA). During the evolution of wireless systems in the past, CDMA has been
receiving considerable attention as the core multiple-access technology, and the
development of CDMA network has been struggling with different fundamental key
problems.

Due to the unique feature that users are sharing the allocated bandwidth and
competing for the bandwidth by adjusting their power level at the receiver in a CDMA
system, the problem can also be formulated from a resource allocation point of view. To
meet the large bandwidth requirement of multimedia traffic, it is important to utilize the
system resource efficiently and provide preferential treatment according to mobile user’s
traffic. The Radio Resource Management (RRM) module [15] in the CDMA network
system is responsible for the management of air interface resources. RRM is needed to
offer efficient system utilization and guarantee a certain QoS level to different user.
Meanwhile, The call admission control (CAC) mechanism is one of the most important
components of RRM that affects the resource utilization efficiency and QoS guarantees
provided to users.

In CDMA systems the spreading sequences of different users are usually not
mutually orthogonal due to the asynchronous transmission, the multi-path fading channel,

and the limitation on the number of available orthogonal codes. This causes multiple



access interference (MAI) when many users access the allocated spectrum simultaneously
in a CDMA system. A direct result of that is the capacity vs. quality tradeoff, i.e. as more
and more users access the spectrum simultaneously the performance of each user’s
communication link deteriorates. In order to maintain the link quality above certain
specified level, it is necessary to limit the number of users accessing the spectrum at the
same time. Therefore capacity of CDMA system is said to be limited by multiple access
interference, or interference limited.

Current CDMA systems (e.g. IS-95) [2] use a conventional matched filter receiver
structure that treats other user’s signal as noise and simply correlates the received signal
with desired user’s spreading codes. While easy to implement, this receiver suffers from
performance degradation caused by severe multiple access interference when there are a
large number of users accessing the spectrum. To improve the performance and capacity
it is desirable to apply so called “performance enhancing” techniques in the next
generation wireless networks. Two performance-enhancing techniques in European and
Japan's third generation (3G) systems standard use advanced receiver structures and
smart antenna arrays. Advanced receiver structures like multi-user receiver and
interference cancellation exploit structure in other users' signaling to mitigate or cancel
the multiple access interference. Smart antenna arrays jointly process signals received
from multiple antennas to enhance the desired user's signal and reduce interference from
other users. While there exist many works that propose different multi-user receiver and
antenna array structures, most of them focus on demonstrating the performance

improvement in the physical layer in terms of lower bit error rate. They generally assume



either no power control or some simple fixed power control scheme in which all the
users’ received power at the receiver is kept the same.

Furthermore, in recent research, several radio resource management algorithms
for CDMA were proposed for the purpose of improving the capacity of cellular system,
such as [6], [7], [8] and [11]. However, most of them are proposed for circuit switched
system or single class traffic with same data rate and target bit error rate. The diversified
QoS requirements of users in joint rate and power allocation were not taken into
consideration. Issues like power and bandwidth resource allocation and system capacity

for multi-class traffic are still unclear.

1.2 Problem to Solve

The objective of resource allocation in wireless networks is to decide how to
allocate resources such as power, bandwidth and channel such that quality of service
requirements of all the users’ can be satisfied.

In this thesis we focus on solving a kind of resource allocation problem in multi-
class traffic system. We also provide a solution to the call admission control problem in
CDMA cellular systems. By doing so, the objective of this research is to propose and to
evaluate the performance of effective RRM (Rédio Resource Management) schemes for
CDMA networks that can:

1. Provide services to heterogeneous traffic with a wide range of parameters,
including power allocation and transmission rate;
2. Guarantee a wide range of QoS levels, including delay requirement and BER

requirements, while maintaining a minimum resource cost.



3. Achieve high resource utilization at the network layer, i.e. support more
connections in the system.

4. Improve the transmission efficiency of the system.

5. Controls the new connection admission in adaptation to power distribution in
cellular networks.

6. Allocate power and bandwidth resource to multiple classes of traffic.

7. Be implemented with reasonable complexity in practice.

This problem is challenging because of the difficulties associated with supporting
multimedia applications in wireless communications environment:

1. The wireless channel is time varying due to the multi-path fading effect, the
resource allocation scheme needs to be adaptive.

2. The radio bandwidth is a scarce resource; the resource allocation scheme needs to
be efficient.

3. To support multiple classes of traffic with different data rates and SIR
requirements, the resource allocation scheme needs to be flexible.

4. Due to the limited power available in the handset, the resource allocation scheme
should minimize transmit power.

5. Due to the significant multiple access interference in CDMA systems, it is
desirable that the resource allocation scheme incorporates performance-enhancing
techniques.

The RRM scheme jointly takes the factor in the physical layer, link layer and
network layer into consideration to achieve effective and efficient resource allocation.

The basic approach is summarized as follows.



The power distribution is a way to allocate power to all participating connections
to maximize the number of simultaneously transmitting users subject to satisfaction of
SIR specifications. The power from each mobile should be large enough to achieve the
required minimize SIR for its type of connections in the system, but should be kept low
enough in order to reduce MAI to other connections in the system, and to allow more
active users in the system.

The power distribution is based on a given transmission rate from each
participating connection. We then study allocating the transmission rate for each
connection. The allocated transmission rate to each connection is determined by the SIR
requirement. A buffer with limited size should be allocated to each real-time connection
to temporarily store the delayed packets. The required packet level performance for each
connection can be guaranteed, as long as the total load is within the system capacity. The
packet transmission is based on the obtained power distribution and rate allocation, and is
to guarantee the required QoS performance while improving the system efficiency.

Based on our algorithm, the connection admission control (CAC) scheme is
developed to achieve an effective and admission control. The CAC scheme make an
decision for each connection based on the power distribution and the rate allocation, so
that once admitted, the connection can be served with guaranteed QoS performance
through packet scheduling. We proposed three policies and the performance of three
policies are compared.

The CAC scheme also incorporates the effect of users’ rate by changing power so
that once admitted, the connection can be serviced with guaranteed QoS throughout its

lifetime.



1.3 Summary of Contributions

In this research, a novel Joint power distribution and rate schemes is proposed for
cellular CDMA systems supporting multi-class services to achieve required SIR. These
schemes can improve quality and capacity of the system and guarantee users’ QoS
requirements. First, we propose two optimization algorithms, Based on these architecture,
three schemes are proposed enabling connection admission control in DS-CDMA cellular
systems. An optimized allocation scheme aims at minimizing the total available power
while meeting the minimum QoS requirement of users; another is to maximizing QoS for
admitted users while meeting limitation of power for each user. The third scheme we
propose is a simple fixed allocation scheme that acts a reference for the former two
schemes. Computer simulations assuming a CDMA system using C programing indicate
that the proposed QoS based allocation algorithms exhibit good performance with respect
to blocking probability, system capacity, delay and overflow, which indicate higher
satisfaction of users and better performance. Last, we find QoS based idea can also be
used for relative billing policy. The concept is to charge more to users who consume
more of the total system user capacity. Unlike fixed QoS systems, the effect of admitting
a new user depends heavily on the QoS requirements of the new user. The schemes we
proposed achieve effective and efficient radio resource utilization, which can benefit both
mobile users and network service providers. It is more reasonable than traditional billing
method. Therefore, we also include in the simulation the effect of billing policy.

The main contributions of this thesis are listed as follows.

e Optimized power and rate distribution schemes have been derived for CDMA

systems providing services to multi-class traffic.



e A wide range of QoS levels is guaranteed, including delay requirement and BER
requirements, while maintains a minimum resource cost.

e Performance for CDMA systems supporting multi-class services is derived,
including New Connection Blocking Probability (NCBP), traffic intensity,
queuing delay, etc.

e By comparing the three schemes we propose in the thesis, A solution to the
connection admission control problem in CDMA cellular systems has been
proposed by taking joint power and rate distribution into consideration. The
scheme ensures that once a connection is admitted into the system, its required
QoS is satisfied throughout its lifetime.

e In Minimum Total Power algorithm (MTP), by distributing only the necessary
amount of power to each connection, maximum number of simultaneously
transmitting users can be supported. This achieves high resource utilization at the
network layer, i.e. support more connections in the system.

e The schemes can achieve guaranteed QoS performance at the packet level, and
achieve better GOS performance at the connection level.

e A multi-class traffic is proposed.

Since some of the objectives are paradoxical, it is impossible to simultaneously optimize
all of them. Our objective is to improve the system utilization subject to satisfying a

constraint on the others.

1.4 Overview of the Thesis

The remainder of this thesis is organized as follows. Chapter 2 introduces the



evolution of cellular communication and Code Division Multiple Access principle. The
technologies about CDMA are briefly discussed. As we mainly focus on resource
problem in CDMA, Multimedia CDMA Resource Allocations research is described in
chapter 3. Chapter 4 studies the optimization theory we use and an optimized power
distribution simulation is proposed. We define our system model and propose the CAC
performance measurements with resource allocation in chapter 5. Simulation model and
numerical results are demonstrated in chapter 6. The conclusion remarks, and future

research work are listed in Chapter 7.



Chapter 2

Code Division Multiple Access

CDMA (Code Division Multiple Access) is an advanced digital wireless
transmission technology. It is one of the driving forces behind the rapidly advancing
personal communications industry. In this chapter, we presents an overview of concepts
related to communication system and CDMA technology, describes the principal
attributes and techniques. We also give a brief introduction to some of applications in the

CDMA system.

2.1 Basic Concept in Mobile Communication System

The ability to communicate with people on the move has evolved remarkable
since Guglielmo Marconi first demonstrated radio’s ability to provide continuous contact
with ship sailing the English Channel. Today, Wireless communications have shown a
profound effect on our daily life. In less than ten years, cellular telephones have attracted

more than a hundred million subscribers in the United States, Europe, and Asia. As larger
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capacity is needed due to the high growth rate of cellular mobile subscribers, a transition
from analog to digital system is expected. Digital communication has been a popular
solution. In this section, we introduce some basic knowledge about mobile

communication.

2.1.1 Multiple Access Method

Wireless systems transmit and receive signals over a common resource: the air.
This may lead to conflicts if several users want to transmit at the same time. Multiple
access means that multiple, simultaneous users can be supported. In other words, a large
number of users share a common pool of radio channels and any user can gain access to
any channel (each user is not always assigned to the same channel). A channel can be
thought of as merely a portion of the limited radio resource, which is temporarily
allocated for a specific purpose, such as someone’s phone call. A multiple access method
is a definition of how the radio spectrum is divided into channels and how channels are
allocated to the many users of the system.

The original system was called the Advanced Mobile Phone System, or AMPS. It
is the system we use throughout North America. Similar systems, with slight variations,
are Nordic Mobile Telephone (NMT) in Scandinavia, and Total Access Communications
System (TACS) used in the United Kingdom, China, and other countries. Spectral
allocations are in the 800-900 MHz region.

Several hundred channels are available within the spectrum allocation. One

channel of one base station is used for each conversation. Upon handoff, the subscriber

11



station is directed via messaging to discontinue use of the old channel and tune to the new

one, on which it will find the new cell.

2.1.2 FDMA, TDMA and CDMA

In order to separate each user so that they do not interfere with one another,
service providers may use one of the three primary multiple access systems: Frequency
Division Multiple Access (FDMA), Time Division Multiple Access (TDMA), and Code

Division Multiple Access (CDMA). Figure 2.1 below shows these three access methods.

Figure 2.1: Multiple Access Methods
FDMA: Frequency Division Multiple Access
FDMA divides radio channels into a range of radio frequencies and is used in the
traditional analog cellular system. With FDMA, only one subscriber is assigned to a
channel at a time. Other conversations can access this channel only after the subscriber’s

call has terminated or after the original call is handed off to a different channel by the
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system. FDMA cellular standards include AMPS (Advanced Mobile Phone Service) and
TACS (Total Access Communications System).
TDMA: Time Division Multiple Access

TDMA 1s a common multiple access technique employed in digital cellular
systems. It divides conventional radio channels into time slots to obtain higher capacity.
Hence, channelization of users in the same band is achieved through separation in time.
Its standards include North American Digital Cellular, Global System for GSM (Mobile
Communications), and PDC (Personal Digital Cellular).
CDMA: Code Division Multiple Access

CDMA assigns each subscriber a unique "code” to put multiple users on the same
wideband channel at the same time. The codes, called "pseudo-random code sequences”,
are used by both the mobile station and the base station to distinguish conversations. The
signals are separated at the receiver by using a correlator that accepts only signal energy

from the desired channel. Undesired signals contribute only to the noise.

The IS-95 CDMA standard was adopted by the TIA (Telecommunications
Industry Association) and became a digital cellular standard in 1992. The J-STD-008
standard for personal communications services was also accepted by ANSI. Depending
on the level of mobility of the system, it provides 10 to 20 times the capacity of AMPS,
and 4 to 7 times the capacity of TDMA. CDMA is the only one of the three technologies
that can efficiently utilize spectrum allocation and offer service to many subscribers

without requiring extensive frequency planning.

2.1.3 The Cellular Concept
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For certain types of services the aim is to achieve full spatial coverage. In
conventional wireless systems a mobile entity is linked to a base station (BS). BS is
connected to a radio network controller, which uses additional interfaces that cater for the
access to the public switched telephone network (PSTN). The principle structure of a
cellular wireless system is shown in Figure 2.2. The signals on the air-interface

experience a distance dependent attenuation.

l Public switched telephone network {PSTN) ]

[ Radio network controller {RNC) J

Figure 2.2: A cellular wireless system

Since the transmission powers are limited, the coverage area of a BS is limited, as
well. Due to the radial signal propagation, in theory, a single BS covers a circular area.
The area that is covered by a BS is also referred to as a cell. When modeling cellular
systems, cells are approximated by hexagons as they can be used to cover a plane without
overlap (tessellation) and represent a good approximation of circles. Since the total
available radio resource is limited, the spatial dimension is used to allow wide area
coverage. This is achieved by splitting the radio resource into groups. These groups are
then assigned to different contiguous cells. This pattern is repeated as often as necessary

until the entire area is covered. A single pattern is equivalent to a cluster. Therefore, a
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radio resource which is split into i groups directly corresponds to a cell cluster of size i.
In this way it is ensured that the same radio resource is only used in cells that are
separated by a defined minimum distance. This mechanism is depicted in Figure 2.3 (A
group of radio resource units is indicated by a certain color). As a consequence the
separation distance grows if the cluster size increases. Hence, increasing the cluster size

acts in favor of low interference.

4 cell cluster

Figure 2.3: The cellular concept

However, an increased cluster size means that the same radio resource is used less
often within a given area. As a result, fewer users per unit area can be served. Therefore,
there is a trade-off between cluster size and capacity. In an ideal scenario the total
available radio resource would be used in every cell while the interference was kept at a
tolerable level. Herein lies a particular advantage of CDMA over all other multiple access
modes since the same frequency carrier can be re-used in every cell. It is clear that this
results in increased co—channel interference (CCI) which gradually reduces cell capacity,
but the magnitude of the resulting reduction of spectral efficiency is usuaily less than
would be obtained if a fixed frequency re-use distance was applied. The cell capacity,

finally, is dependent on many system functions such as power control, handover, ezc. that
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is why capacity in a CDMA system is described as soft-capacity. However, the fact that
in a CDMA system frequency planning can be avoided may not only result in capacity

gains, but it eventually makes CDMA a more flexible air interface.

2.1.4 Structure of a Typical Wireless System

The figure below is the structure of a typical wireless system. The MSC has wire
connections to all its base stations; link the wireless communication network to fixed
PSTN. The base station, working as an intermediate system, has radio link connections to
mobile equipment. The main purpose of the base station is to process the received signal

and to transfer information and control message between the mobiles and the MSC.

THE MoBLLE BASE STATION SUBSYSTEM NETWORK SUBSYSTEM

Figure 2.4: The structure of a typical wireless system

2.1.5 Modes of Channel Operation

There are three basic modes for operating a communication channel, namely:

simplex, half duplex and full duplex. The basic mechanisms are depicted in Figure 2.5.
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USER A RX USER A AX X USER A RX/TX

A

USERB ™ USER B ™ RX USER B TX/RX

Simple Half duplex Full duplex
Figure 2.5: Modes of channel operation

In the case of a simplex communication the information is passed from one entity
to another without permitting any acknowledgement (one way communication). Notable
examples are television and radio broadcasting.

A half duplex channel can send and receive, but not at the same time. This means
one entity transmits at a time while the other entity listens, and vice versa. A user A
indicates when he wishes to terminate transmission giving the counterpart, user B in this
case, the chance to talk. This leads to a ’ping-pong’ type of communication. This
technique is used in talk-back radio and CB (Citizen Band) radio where only one person
can talk at a time. Note that access to the Internet merely requires a half duplex channel:
consider user A sending a download request in principle, no further information needs to
be transmitted and, thus, user A can go into the receive mode until all the required
information is downloaded.

Information that travels in both directions simultaneously is referred to as a full
duplex channel. Two entities can receive and transmit at the same time. Telephony is an
eminent example from this category.

In wireless communication systems two methods are used to achieve a full duplex
channel —time division duplex (TDD) and frequency division duplex (FDD). If the

receive and transmit slots of a half duplex channel are repeated periodically in short
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intervals, a full duplex channel can be emulated by a half duplex channel. This is exactly
the mechanism used in TDD. In contrast, an FDD system separates both directions in the
frequency domain so as to eliminate cross—talk. This means the full duplex channel is
accomplished by two independent simplex channels. The basic mechanism of TDD and

FDD are shown in Figure 2.6.

o

FDD
-
f | [ ik | downtink | TDD

time

Figure 2.6: The principles of TDD as compared with FDD

In cellular communication, the direction from the BS to the MS is referred to as
the downlink. Similarly, the direction from the MS to the BS is the uplink.

The advantage of FDD is that it represents a truebfull duplex channel that does not
need any coordination between uplink and downlink transmission. The disadvantage is
that two separated channels have to be maintained. Given that many new services do not
require a full duplex channel (predominately data applications as illustrated by an Internet
session), FDD offers more performance than would be required. In the case of a file
download, for instance, the uplink channel is underused or even unused which results in
the waste of expensive radio resources. In comparison, the TDD technique does not
represent a true full duplex channel. It requires co—ordination (synchronization), but due

to its nature, it ideally supports services that basically only require an asymmetric half
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duplex channel. Given that future wireless communication is evolving towards the

wireless Internet, the significance of TDD will grow.

2.2 Evolution of Cellular Communication

Wireless communications have experienced an enormous amount of growth
during the last two decades. In this section, we will review the evolution of cellular
systems and highlight improvements from one generation to the other. Figure 2.7 shows a

history of cellular communication evolution.

1S-95, JStd008, IS958
(CDMA)
CDMAone

iS-54, 15136 sco, 1900 MHz
(TDIA,

Figure 2.7: A history of cellular communication evolution

2.2.1 The First Generation (1G) Systems

The first-generation (1G) wireless communication systems that used analog
transmission for speech services were introduced in early 1980s. At the beginning,

cellular service providers were given 50 MHz of channel spectrum, divided by two
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systems (A&B), further divided by forward and reverse communication paths, effectively
leaving just 12.5MHz each way per system. Since this spectrum is not expected to
increase in foreseeable future, the cellular industry must look at different technologies to
increase capacity without sacrificing quality of service.

The most popular one is 30kHz analog channel, which is known as FDMA. There
were several types of analog cellular systems including the Nordic Mobile Telephone
(NMT) [Nordic countries: Sweden, Norway, Finland and Denmark, 1981}, the Advanced
Mobile Phone Service (AMPS) [U.S., 1983], the Total Access Communications System
(TACS) [UK, 1984], etc. All 1G cellular systems used FDMA method to achieve
spectrum sharing among multiple users. To allow simultaneous transmission and
reception, the BS transmits along one set of radio channels, called forward channels or
downlink, and receives along another set of channels, which are reverse channels or
uplink from the MT. Since the number of channels is limited by the allocated frequency
spectrum of a system, a cellular system adopts the frequency reuse strategy to tackle this
problem to increase the number of radio channels. As cellular systems get advanced,

directional antennas are applied to sector a cell, so the interference can be minimized.

2.2.2 The Second Generation (2G) Systems

To meet the need of the increasing capacity of the cellular system and to establish
compatibility with the evolution of wired networks towards digital systems, the second-
generation (2G) wireless cellular systems based on digital transmission techniques were

introduced in early 1990s. Digital cellular systems fall into three basic types of cellular
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technologies: frequency division multiple access (FDMA), time division multiple access

(TDMA) and code division multiple access (CDMA).

CUWCC (1S-1386)

Each of these groups is a forum for global wireless Universal Wireiess -
operators, network manufacturers, and handset Cefiutar Communications
manufacturers

Figure 2.8: A simple structure of different research groups

In the TDMA system, the cell sequentially scans through the mobiles, each of
which uses the same 30 kHz frequency band, but at different time slot. In this way, the
number of cells does not increase. But since there are now more than one user per 30kHz
channel, the total number of users per cell increases. The IS-136 system is sometimes
referred to as Digital AMPS (DAMPS), it is the new generation of the TDMA system
beyond the IS-54 dual-mode analog-digital system used in north American. IS-136 was
led by the Universal Wireless Communications Consortium (UWCC) and Committee T1
(T1) sponsored by the Alliance for Telecommunications Industry Solutions and
accredited by the American National Standards Institute. A simple structure of different -
research groups is shown in Fig.2.9. The Global System for Mobile Communications
(GSM) developed in Europe is a mixed type of TDMA/FDMA system. The development
of GSM was led by the GSM association and the European Telecommunications

Standards Institute (ETSI). CDMA appeared in this period. It differs from FDMA and
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TDMA systems through the use of coded radio channels. IS-95 (cdma One) is an
example of the CDMA technology, which was originated by the CDMA Development
Group (CDG) and Telecommunications Industry Association (TIA)[14]. The 2G digital
systern has many advantages over the 1G system in terms of capacity, quality, flexibility,
security, and system complexity. With the demand of new innovative services in general,
and wide-band multimedia services in particular, the currently deployed 2G wireless
systems have further evolved towards the third generation (3G) systems to offer more
advanced service features.

Some systems that extend the existing 2G systems are called 2.5G systems. The
main feature of 2.5G systems is the data packet service enhancement. They are developed
to bridge the 2G and the 3G systems. One example of the 2.5G systems is the General
Packet Radio Services (GPRS) that can provide higher data-rate packet-switching
services up to 115Kbps. This effort leads to Enhanced Data Rates for GSM Evolution
(EDGE), which can support services with a data rate up to 384 Kbps. The other example
is the step-by-step synchronous approach of CDMA?2000 evolving from current IS-95

networks [2], led by the 3GPP2 effort in North America.

c

o , { oo

22



Figure 2.9: 2G to 3G Migration Paths
The shift to 3G goes through CDMA2000 1X and CDMA2000 3X. With this
approach, the maximum transmission speed of 2G is 64Kbps in IS-95A/B specification
while the maximum transmission speed of 2.5G is up to 384 Kbps and the maximum

Transmission speed of 3G is up to 2Mbps.

2.2.3 The Third Generation (3G) Systems

Third-generation (3G) systems are critical to the wireless Internet services often
touted as the future of mobile communications. It began work on a project called IMT-
2000 (International Mobile Telecommunication 2000) by ITU (the International
Telecommunications Union). Under the IMT-2000 framework, the third generation (3G)
air interfaces include CDMA or TDMA technologies will be developed [31]. IMT-2000
[15] will provide packet and circuit switched services with on-air data rates between 384
Kbps (for the wide-area coverage), and 2 Mbps (for indoor coverage). At first, they will
offer permanent access to the Web, interactive video, and voice quality that sound more
like a CD player than a cell phone. Many of their future applications are as yet unknown,
with industry pundits saying that we will discover them as we go along.

There are two kinds of systems in IMT-2000 technology, WCDMA that comes
from Europe’s GSM method and CDMA2000 that comes from North America’s IS-95
method. Some manufactures of two systems are listed in Table 2.1. It is expected that
CDMA2000 and WCDMA will compete for the 3G markets.

Key features of IMT-2000 [15] include the following:

o Bit rates up to 2 Mbps (high bit rate transmission);
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A variable bit rate to offer bandwidth on demand (rate adaptively);

High quality requirements from 10% frame error rate to 10e-6 bit error rate (a
wide range of QoS requirement);

High spectrum efficiency (via radio resource management and other
mechanisms);

Multiplexing of services with different quality requirements (multimedia support);
Support packet-based transmission.

IMT-2000 provides a framework for worldwide wireless access by integrating a

diverse system consisting of both terrestrial and satellite networks. It also exploits the

potential synergy between digital mobile telecommunication technologies and fixed

wireless access (FWA) Systems. The detail introduction of CDMA standard is given in

[2] and [29].

2.2.4 The Fourth Generation (4G) Systems...

Research on fourth generation (4G) mobile communication systems is already

underway. Internet protocol (IP) can potentially become the universal network-layer

protocol over all wireless systems as it already is for wire line packet networks.

Currently, the 4G researches are mainly on three areas:

1.

2.

To provide higher data rate.

To achieve global roaming and horizontal communications between different
access technologies.

To provide a common platform that can provide more advanced types of services.

In general, the rapid evolution of wireless mobile communications has been
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driven by i) the high demand of wireless communications and mobility, ii) the
requirements of high quality applications, ii1) the need of new applications, and iv) the
technical development. In the near future, mobile users expect to enjoy the same set of
services and high QoS that are seamless in both fixed and mobile environments. Future
wireless systems are required to provide greater mobility and adequate QoS support as a
user moves from place to place. In addition, future applications will demand more
resource than ever. Therefore, resource allocation will play a vital role in future wireless
communication system in delivering a target QoS and optimizing network resource

utilization.

Lucent, Motorola, .

: Noriel, Qualcomm
Wideband HNS

TIA (TR45.5)

cdmaOne Nokia
‘ . Samsung

Hitachi

Table 2.1: Some manufactures of 3G systems

2.3 CDMA

2.3.1 Introduction to Spread Spectrum Communications

Spread spectrum (SS) multiple access transmits the entire signal over a bandwidth
that is much greater than that required for standard narrow band transmissions in order to
gain signal-to-noise (S/N) performance. In channels with narrowband noise, increasing

the transmitted signal bandwidth results in an increased probability that the received
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information will be correct. Because each signal is a compilation of many smaller signals
at the fundamental frequency and its harmonics, increasing the frequency results in a
more accurate reconstruction of the original signal. The effective drawback of
narrowband data communications is the limitation of bandwidth; thus signals must be
transmitted with enough power so the corruption by Gaussian noise isn't as effective and
the probability that the data received is correct will remain low. This means that the
effective SNR must be high enough so that the receiver can recover the transmitted code
without error.

From a system viewpoint, the performance increase for very wideband systems is
referred to as "process gain”. This term is used to describe the received signal fidelity
gained at the cost of bandwidth. Errors introduced by a noisy channel can be reduced to
any desired level without sacrificing the rate of information transfer using Claude
Shannon’s equation describing channel capacity:

C =W log; (1 + S/N) 2.1

where C = Channel capacity in bits per second, W = Bandwidth, S/N = Energy
per bit/Noise power.

The benefits of increasing bandwidth become clearer. The S/N ratio may be
decreased without decreasing the bit error rate. This means that the signal may be spread
over a large bandwidth with smaller spectral power levels and still achieve the required
data rate. If the total signal power is interpreted as the area under the spectral density
curve, then signals with equivalent total power may have either a large signal power

concentrated in a small bandwidth or a small signal power spread over a large bandwidth.
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Figure 2.10: Modulation of a CDMA spread spectrum signal

A CDMA spread spectrum signal is created by modulating the radio frequency
signal with a spreading sequence (a code consisting of a series of binary pulses) known as
a pseudo-noise (PN) digital signal, because they make the signal appear wide band and
"noise like". The PN code runs at a higher rate than the RF signal and determines the
actual transmission bandwidth. Messages can also be cryptographically encoded to any
level of secrecy desired with direct sequencing.

A SS receiver uses a locally generated replica pseudo noise code and a receiver
correlator to separate only the desired coded information from all possible signals. A SS
correlator can be thought of as a specially matched filter -- it responds only to signals that
are encoded with a pseudo noise code that matches its own code. Thus a SS correlator
(SS signal demodulator) can be "tuned" to different codes simply by changing its local
code. This correlator does not respond to man made, natural or artificial noise or
interference. It responds only to SS signals with identical matched signal characteristics
and encoded with the identical pseudo noise code.

Many spread spectrum radios can share the same frequency band, provided that
each system uses a unique spreading code to reduce interference between the different
radios. Because only the receiver with the identical code can despread the signal to

recover the signal, SS radios can tolerate a high level of interference unlike conventional
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radios, providing much greater capacity increase in frequency reuse. Since many users
can share the same spread spectrum bandwidth without interfering with one another, SS
systems become bandwidth efficient in multiple user environments. This reason makes
SS communication an ideal choice for metropolitan areas with large blocking rates.
Frequency reuse is universal, that is, multiple users utilize each CDMA carrier frequency.

The spread of energy over a wide band, or lower spectral power density, makes
SS signals less likely to interfere with narrow band communications, because the spread
signal power is near that of Gaussian noise levels.

In general, Spread Spectrum communications is distinguished by three key
elements:

1. The signal occupies a bandwidth much greater than that, which is necessary to
send the information. This results in many benefits, such as immunity to interference and
jamming and multi-user access, which we’ll discuss later on.

2. The bandwidth is spread by means of a code, which is independent of the data.
The independence of the code distinguishes this from standard modulation schemes in
which the data modulation will always spread the spectrum somewhat.

3. The receiver synchronizes to the code to recover the data. The use of an
independent code and synchronous reception allows multiple users to access the same
frequency band at the same time.

In order to protect the signal, the code used is pseudo-random. It appears random,
but is actually deterministic, so that the receiver can reconstruct the code for synchronous

detection. This pseudo-random code is also called pseudo-noise (PN).

28



2.3.2 Three Types of Spread Spectrum Communications

There are three ways to spread the bandwidth of the signal:

o Frequency hopping. The signal is rapidly switched between different frequencies
within the hopping bandwidth pseudo-randomly, and the receiver knows before
hand where to find the signal at any given time.

o Time hopping. The signal is transmitted in short bursts pseudo-randomly, and the
receiver knows beforehand when to expect the burst.

o Direct sequence. The digital data is directly coded at a much higher frequency.
The code is generated pseudo-randomly, the receiver knows how to generate the
same code, and correlates the received signal with that code to extract the data.

CDMA is a form of Direct Sequence Spread Spectrum communications.

2.3.3 Direct Sequence Spread Spectrum

CDMA is a Direct Sequence Spread Spectrum system. The CDMA system works
directly on 64 kbit/sec digital signals. These signals can be digitized voice, ISDN
channels, modem data, etc.

Figure 2.11 shows a simplified Direct Sequence Spread Spectrum system. For

clarity, the figure shows one channel operating in one direction only.
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Figure 2.11: A simplified Direct Sequence Spread Spectrum system
Signal transmission consists of the following steps:
1. A pseudo-random code is generated, different for each channel and each successive
connection.
2. The Information data modulates the pseudo-random code (the Information data is
“spread”).
3. The resuiting signal modulates a carrier.
4. The modulated carrier is amplified and broadcast.
Signal reception consists of the following steps:
1. The carrier is received and amplified.
2. The received signal is mixed with a local carrier to recover the spread digital
signal.

3.A pseudo-random code is generated, matching the anticipated signal.
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4. The receiver acquires the received code and phase locks its own code to it.
5. The received signal is correlated with the generated code, extracting the

Information data.

2.3.4 CDMA Concepts

CDMA stands for "Code Division Multiple Access." It is a radically new concept
in wireless communications. It is a form of spread-spectrum, an advanced digital wireless
transmission technique. The core principle of spread spectrum is the use of noise-like
carrier waves, and, as the name implies, bandwidths much wider than that required for
simple point-to-point communication at the same data rate.

Instead of using frequencies or time slots, as do traditional technologies, CDMA
uses mathematical codes to transmit and distinguish between multiple wireless
conversations. Its bandwidth is much wider than that required for simple point-to-point
communications at the same data rate because it uses noise-like carrier waves to spread
the information contained in a signal of interest over a much greater bandwidth.
However, because the conversations taking place are distinguished by digital codes,
many users can share the same bandwidth simultaneously.

Old-fashioned radio receivers separate stations or channels by filtering in the
frequency domain. CDMA receivers do not eliminate analog processing entirely, but they
separate communication channels by means of a pseudo-random modulation that is
applied and removed in the digital domain, not on the basis of frequency. This universal
frequency reuse is not fortuitous. On the contrary, it is crucial to the very high spectral

efficiency that is the hallmark of CDMA.

31



Since all cells in CDMA use the same frequency, it is possible to make the

connection to the new cell before leaving the current cell. As the mobile nears the

boundary of a neighboring cell, it receives transmissions from both cells. The mobile will

receive some message from one cell, and some from the other until it has moved into one

or the other cells. This is known as a ‘'make-before-break" or "soft handoff” because the

user never experiences any glitch and certainly never a dropped call. Soft handoffs

require less power, which reduces interference and increases capacity.

When implemented in a cellular telephone system, CDMA systems provide

operators and subscribers with significant advantages over analog and conventional

TDMA-based systems. The main advantages of CDMA are as follows:

Increased capacity

Improved voice quality, eliminating the audible effects of multipath fading
Enhanced privacy and security

Improved coverage characteristics which reduce the number of cell sites
Simplified system planning reduces deployment and operating costs

Reduced average transmitted power, thus increasing talk time for portable devices
Reduced interference to other electronic devices

Reduction in the number of calls dropped due to handoff failures

Development of a reliable transport mechanism for wireless data communications
Coexistence with previous technologies, due to CDMA and analog operating in
two spectrums with no interference

CDMA changes the nature of the subscriber station from a predominately analog

device to a predominately digital device. Commercial applications became possible
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because of two evolutionary developments. One was the availability of very low cost,
high density digital integrated circuits, which reduce the size, weight, and cost of the
subscriber stations to an acceptably low level. The other was the realization that optimal
multiple access communication requires that all user stations regulate their transmitter
powers to the lowest that will achieve adequate signal quality. The advanced methods
used in commercial CDMA technology improve capacity, coverage and voice quality,
leading to a new generation of wireless networks.

The world’s first CDMA network began commercial operation in Hong Kong in
September 1995. This was followed in 1996 by the launch of two public CDMA systems
in Korea. These three networks were closely monitored by the cellular industry to see if
the promises of the new technology could really be delivered. By the middle of 1997,
with one and a half million users being supported on these systems, it was clear that most
of the questions had been satisfactorily answered. CDMA is now fully accepted as a
mainstream cellular standard and the number of systems is rapidly rising.

Qualcomm has been at the forefront of CDMA with its IS-95 technology forming
the basis for most current networks. However, other variations of CDMA are being
proposed and trialed for future services. Some of these are aimed at wireless local loop
applications for developing countries; others will provide support for wireless connected
broadband data applications. CDMA has emerged as the dominant technology for the
new PCS networks in the USA. Japan has adopted CDMA as the answer to its long term
cellular capacity. In the UK, Vodafone has begun trials that will integrate a CDMA air
interface into a GSM network structure. Overall, forecasts for future CDMA subscriber

numbers and market shares are being constantly revised upwards.
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Figure 2.12: Conceptual block diagram of IS-95 (a) forward link and (b) reverse

2.3.5 North American DS-CDMA Digital Cellular System (IS-95)

As noted earilier, in the United States and in many other parts of the world, an

ever-increaseing demand has been placed on the resources of the existing analog cellular

systems [11]. In June 1989, Qualcomm Inc. proposed the use of DS-CDMA technology

as a means of overcoming the expected capacity limits of analog systems. In the

following years, Qualcomm has further developed the idea of a DS-CDMA digital

cellular system into a actual implementation that has now been accepted as an Interim

Standards body (IS-95) by the TIA, an ANSI-approved standards body, as a standard

accepted for deployment in North America at 800MHz. The 1S-95 DS-CDMA personal

communication systems (PCS) frquency band of 1850 to 1970 MHz which the Federal
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Communication Commission released for PCS applications in september 1993. at the
present time these include Qualcomm, OKI, Motorola, Nokia, and Sony for subscriber
equipment and Motorola and AT&T for base equipment. Conceptual block diagrams of
the differences between the forward link and reverse link are shown in Figure 2.12 a and

b, respectively.
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Chapter 3

[ultimedia CDMA Resource Allocations

With the increasing demand for wireless communication services and more
stringent service quality requirements, new transmission technologies and improved radio
resource management are required for wireless communication systems. In this chapter,
we will explain the basic ideas of resource management in cellular radio systems. This
introduction will lead to the resource management problems that we will investigate in

this thesis.

3.1 Challenges of Radio Resource Management

The objective of a cellular communication system is to provide communication
services anywhere and anytime and also to maintain connection quality. The mobility of
the users in cellular systems causes new problems that do not occur in wired telephone
systems.

When the number of users increases, a more careful resource allocation should be

considered. In general, in the uplink, system assigns a channel and required transmitted
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power to a user. However, restricted radio bandwidth limits the number of users that can
have acceptable connections.

A user’s access to a cellular communication system can be divided to two stages,
the call set up stage and the maintenance stage. As show in figure 3.1, the call set up
stage occurs when there a user tries to obtain the resources necessary for a radio link
connection. The maintenance stage occurs when there is no new user coming but due to

the user motion each user will change his share of resources.

i

Call setup stage
(calladmission)

- RR M

New call no

arrive?

M aintaining stage

|

Figure 3.1: Two stages RRM

In recent research, several radio resource management algorithms for CDMA
were proposed for the purpose of improving the capacity of cellular system. However,
most of them are proposed for circuit switched system or single class traffic with same
data rate and target bit error rate. The diversified QoS requirements of users in joint rate
and power allocation were not taken into consideration. Issues like power and bandwidth

resource allocation and system capacity for multi-class traffic are still unclear.

3.2 Radio Resource Management in CDMA

With more and more QoS requires and multimedia support in the next generation

cellular system, such as packet dalay/ jitter requirements, bit error rate (BER), and signal-
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to-interference rate (SIR), the radio resource management (RRM) becomes a crucial task
to efficiently utilize the limited radio resources while guaranteeing the required QoS
performance for mobile users. RRM is the process of developing decisions and taking
actions to optimize the system utilization. Due to the unique feature that in CDMA
system users are sharing the allocation bandwidth and competing for the bandwidth by
adjusting their power level at the receiver, the problem can also be formulated from a
resource allocation point of view. The objective of resource allocation in wireless
network is to decide how to allocate resource such as power, bandwidth and channel such
that quality of service requirements of all the users’ can be satisfied.

The resource allocation issues in CDMA networks include those related to some
problems. In a wide sense, Technical challenges in RRM include two aspects:

1. How to design a network infrastructure such that the system capacity is
maximized? This includes waveform design, BS and antenna deployment,
modulation and coding schemes, etc.

2. Given a certain infrastructure design, how should the wireless resource be
allocated to meet the QoS requirements of the mobile users while accommodating
more mobile users in the network?

The first aspect has been studied extensively. The RRM research in this thesis is
based on a given network infrastructure and therefore emphasizes on the second aspect.
The aim of the RRM is to provide guaranteed QoS for heterogeneous services, and to
efficiently utilize the precious radio resource. While the cellular CDMA offers a lot of

advantages, such as high capacity, high spectrum utilization, it also brings a lot of
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challenging issues when supporting multimedia services. We will discuss these in the

following.

3.2.1 Multimedia Services

Future wireless cellular communication networks are expected to support
heterogeneous traffic with a wide range of transmission rates, BER requirements, and
delay/jitter requirement. For example, voice and video are real-time traffic and cannot
tolerate long delay; while most data traffic can tolerate large delay, they are very
sensitive to transmission errors. Different amounts of resource should be allocated to
different types of traffic in order to satisfy their unique QoS requirement. Services
requiring higher QoS require more system resources. Since QoS corresponds to the
system capacity, heterogeneous services make the system capacity study a complex issue.
In cdma, the resource sharing property opens the opportunity to flexibly multiplex traffic
and the available resource, and the potential of efficient resource utilization. How to
coordinate the different QoS requirements for different types of traffic coexisting in the

same system is a very challenging problem.

3.2.2 Limited Radio Resource

The available radio frequency bands are limited due to technical limitation. The
usage of the available radio frequency bands is also regulated and coordinated by special
organizations. Unlike wire line system, which can be added simple by adding more
devices, the available radio frequency in wireless network is very limited and precious.

Radio transmission experience path loss and is range-limited. Since signals are
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transmitted in open space, transmission from different users at the same time interface
with each other if they are at the same frequency bands. Higher transmission power from
one user increase the interference to other users. Too much interference reduces the SIR
and increases the BER. Therefore, wireless systems are also power limited or interference
limited, and the radio resource should be utilized efficiently. For a given amount of
bandwidth, an efficient RRM should admit into the system as many as connections as
possible, and achieve high packet throughput for the admitted connections. The
efficiency is achieved subject to the effectiveness. In practice, however, the system
resources can never be fully utilized due to intolerably high connection blocking

probability.

3.2.3 Capacity Analyses

Third generation mobile communication standards such as CDMA2000 are
aiming to provide multimedia services and support a number of different classes of users
with different data rates and QoS requirements. These characteristics affect multiple
access interference and hence capacity.

In a CDMA system the quality of a link (BER) and the total system capacity
depend largely on the total interference in the system [18]. Thus the number and the type
(QoS) of the interference are crucial system parameters. High data rate users require
greater BER and thus greater SIR. They achieve this by transmitting at a higher power.
This in turn implies higher level of interference and consequently a decrease in capacity

in the network.
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For a single cell CDMA system, suppose all users have the same traffic to
transmit, and each user’s transmitted power is perfectly controlled so that all signals are

received at the BS at equal power levels. If the received signal power of each user is P,

1

and the background noise is additive white noise, the following inequality holds for the

uplink:
~¥i
SIR, = %——nd—iff‘f— (3.1)
i > Pa,+N
j=1,j=#i

Where the factors a jare introduced to accommodate normalization constants and other

factors, such as the effects of beam forming in multi antenna systems. N is power of the

background noise, W is the spread spectrum bandwidth, R, is transmission rate. n is the

number of total supportable users. The maximum value of n is the uplink capacity.

3.2.4 Multi-rate Schemes

Different from the first two generations of wireless networks that were mainly
designed for providing voice and low rate data services, the third generation wireless
network, such as CDMA2000 is to provide high rate integrated services. Radio resources
are scarce and the demand for wireless services keeps increasing, hence the efficient
management of the radio resources in wireless networks is important in achieving a high
level of utilization. Application such as Internet access and video can thus be supported
over wireless. It is expected that services will have significantly differing characteristics
from the current voice-dominated wireless networks [10]. Already, the demand for

various services with different QoS requirements such as video and data is increasing.
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Since CDMA is the most important candidate for 3G networks, the focus of this thesis is
on how to provide Quality of Service for multi-rate services in CDMA network.

Multi-rate design means that different services with different quality of service
requirements are multiplexed together in a flexible and spectrum-efficient way. The
provision of variable data rates with different quality of service requirements can be
divided into three sub-problems:
> How to map different bit rates into the allocated bandwidth;

» How to provide the desired quality of service;
» How to inform the receiver about the characteristics of the received signal.

The first problem concerns issues like multi-code transmission and variable
spreading. The second problem concerns coding schemes, and the third problem concerns
control channel multiplexing and coding.

In addition to the above basic requirements, the design of a multi-rate solution
needs to consider a number of other requirements and constraints. The uplink and power
amplifier requirements should not be too stringent, in order to facilitate use of power-
efficient power amplifiers. In the downlink, the multi-rate solution should allow the
mobile station receiver to save processing power.

A dynamic rate allocation scheme is proposed in [26] to maximize the system
transmission throughput while guaranteeing the required QoS performance. SIR and rate

allocation for CDMA data users on the forward link is studied in [20].

3.2.5 Accommodation of Higher Data Rates
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In a DS-CDMA system, Multi-Code and OVSF schemes have been proposed to achieve
variable data rates. In Multiple-SF scheme, the spreading ratio is reduced as the data rate
increases. In a multi-code scheme, additional parallel codes are allocated as the data rate
increased. It is also possible to have combinations of these. Multi-Code CDMA achieves
higher data rates by assigning multiple orthogonal codes of constant spreading factor. In
present generation DS-CDMA systems such as IS-95 each user is assigned a single
orthogonal spreading code. In order to support higher and variable data rates 3G
proposes using Orthogonal Variable Spreading Factor (OVSF) codes. Shorter codes with
lower spreading length are assigned as the data rate increases. In this way variable data
rate is achieved while keeping the chip rate constant.

In the selection of a multi-rate transmission scheme, the following criteria need to
be considered:
® Performance in the presence of multi-path;
® Multiple access interference characteristics;
@ Complexity of the receiver and transmitter;
@ Forward link orthogonality;

® Power control requirements.

3.2.5.1 Multi-rate CDMA and Multi-code

Multi-code CDMA is adopted to support multi-rate transmissions because it has
some advantages. The multi-modulation CDMA degrades the performance for the users
with high data rates. When multiprocessing gain CDMA is used, users with very high

source rate have very small processing gain, because the chip rate is constant for all the
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users. Therefore, both multi-modulation CDMA and multiprocessing gain CDMA are
biased against high data rate users, and the higher is the transmission rate, the lower is the
communication quality. MC-CDMA is expected to work well with multimedia traffic.
Because of its unified architecture, when it integrates multimedia traffic, traffic streams
with significantly different transmission rates can be easily integrated with all the
transmission channels having the same bandwidth and spectrum processing gain.

In an MC-CDMA system, all the data signals over the radio channel are
transmitted at a basic rate, R. Any connection can only transmit at rate Mr, referred to as
m-rate, where m is a positive integer. Fig 3.2 shows the block diagram of an MC-CDMA
transceiver. When an MS need to transmit at m-rate, it converts its data stream, serial-to-
parallel, into m basic-rate streams. It first spreads each basic rate stream with a different
code and superimposes them before spread spectrum modulation. The multiple
simultaneously transmitted packets from the same connection is first spread by a set of
orthogonal codes generated by the so called “sub-code concatenation”, and then spread
by a long code B, which an MS uses to indicate the BS that it is communicating with. The
sub-code concatenation generated codes are unique to each mobile, while the long code is

unique to each radio cell.
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Figure 3.2(a): MC-CDMA transmitter

44



Spread spectrum N
modutation

—»@——@——. Binary |
converter

B Spread spectrum . N
coswt modulation Channel coding

Channel coding

Figure 3.2(b): MC-CDMA receiver
3.2.5.2 Multi-Rate CDMA of OVSF Codes

The third generation (3G) wireless standards UMTS/IMT-2000 use the wideband
CDMA (WCDMA) to support high data rate and variable bit rate services with different
quality of service (QoS) requirements. In WCDMA, all users share the same carrier under
the direct sequence CDMA (DS/CDMA) principle. In the 3GPP specifications [29],
orthogonal variable spreading factor (OVSF) codes are used as channelized codes for
data spreading on both downlink and uplink. OVSF codes also determine the data rates
allocated to calls. Because OVSF codes require a single RAKE combiner at the receiver,
they are preferable to multiples of orthogonal constant spreading factor codes, which
need multiple RAKE combiners at the receiver.

The migration towards the 3G wireless systems is driven by the need to provide
multimedia services in a mobile environment. Such services tend to generate variable rate
traffic, which is drastically different from the conventional voice traffic in today’s
second-generation systems. OVSF codes preserve orthogonality between channels of
different rates and spreading factors. The spreading Factor SF (also called Spreading
gain) is the ratio of the signal bandwidth, or equivalently, the ratio of the time duration of

a data bit to the time duration of a chip (chips per bit). The spreading factor is controlled
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by increasing or decreasing the time duration of the data bit, while maintaining a constant
chip rate. This is achieved by using variable length spreading codes. The supported data
rate of each user varies inversely with the length of the spreading code. OVSF codes are
generated by a modified Hadamard transformation [33], which is represented by the tree
structure as shown in Figure 3.3. Each level in the code tree corresponds to particular
spreading factor. In Wideband CDMA standard the spreading factors range from 4 to
256. Codes at the same level are orthogonal however the codes on the same path or the
in the sub-tree below a specific code assigned are not orthogonal. For example in Fig.3.3,

C4.1 is orthogonal to every code except C2.1, C8.1 or C8.2.
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Figure 3.3: Generator Tree for Orthogonal Hadamard Codes
The cross correlation and auto correlation properties of the codes to be used in a
CDMA system are important to be considered. The OVSF codes have the property that
at zero lag, there is zero cross correlation between the codes while in case of non-
alignment, OVSF codes have a significant cross correlation. Orthogonal codes are
known to have poor correlation properties and this is shown in Fig 3.4(a) and Fig 3.4(b)

below.
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Figure 3.4(a): Auto-Correlation of Orthogonal codes with SF = 16

Ry (7)

2

s 10 -5 Q ) -3 T4 EE:

Figure 3.4(b): Cross-Correlation of Orthogonal codes with SF =16

3.2.6 Power Control

Without very good power control, in direct-sequence and certain types of
frequency hopping CDMA cellular system, multiple access communication is impossible.
Assume, for example, that a cellular system has two mobiles. Each try to communicate
with the BS with the same transmit power. One mobile is located near the base station,
the other near the cell boundary. Considering the path-loss equations, a 60dB or more
signal power difference at the base station between the two mobiles is quite possible. At

the base station, the near-in mobile appears as a wideband jammer with 60dB more
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power than the far-out jammer. Unless very wideband spread is used, the base station will
never receive the far-out mobile. This is the familiar near-far problem of spread-spectrum
multiple-access communication systems. The close users have stronger signals and would
cause unacceptable interference. The solution to overcome the near-far problem is the use
of stringent power control, so that the received power for all the connections are the same
in order to achieve the same QoS.

In CDMA systems with heterogeneous traffic, power control could also be used to
achieve a target power for each connection in order to limit the MAI interference to other
users and to achieve its required SIR.

In 3G WCDMA and CDMA2000 systems, the reverse link power control includes
the open loop power control and the closed loop power control. The open power control
is based on the principle that a mobile closer to the Bs needs to transmit less power as
compared with a mobile that is far away from the BS. The mobile adjusts its transmit
power based on the received power level from the BS. If the received power is high, the
mobile reduces its transmit power. The BS is not involved in the process. The reverse
link closed loop power control consists of two parts: the reverse inner loop power control
and reverse outer loop power control. The inner loop power control keeps the mobile as
close to its target signal-to-interference ratio (SIR) as possible (noise is neglected
compared with interference), and the outer loop power control adjusts the target SIR for a
given mobile. The target SIR may vary with vehicle speed and RF environment. The
relatively fast variations associated with Rayleigh fading may at times be too rapid to be
tracked by the closed-loop power control, but variations in relative path losses and

shadowing effects is generally slow enough to be controlled. Also, while Rayleigh fading
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may not be the same for forward and reverse links. Lognormal shadowing normally will
exhibit reciprocity.

Ideally, if perfect power control can be achieved, the required SIR for each user
can be guaranteed by accurately distributing the received power for all the users, as long
as the traffic load is within the system capacity. In reality, however, due to channel
estimation errors, power control delay, power control command transmission errors, etc.
imperfection in power control always exists. Due to the randomness of power control
errors, it is unlikely to achieve the target SIR exactly at the receiver and communication
outage occurs occasionally. The outage probability is defined as the probability that the
actual received SIR is below the minimum required SIR of a connection. Capacity of
CDMA system under imperfect power control has been analyzed in [13] for

homogeneous voice traffic.

3.2.7 Power Distribution

Power as the common resource makes CDMA very flexible in handling mixed
services. By allocation a different amount of power to each user according to its unique
traffic parameters and QoS requirements, multiplexing of services with very different
characteristics can be achieved in an efficient way [25]. Much work has been performed
in the area of designing QoS-based power distribution algorithm for finding the minimum
power or maximizing the system capacity for given SIR required by users. The goal of
power distribution is to guarantee their QoS requirements in terms of data rate and bit

error rate.
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Power distribution for data traffic only and for intergrated voice and data is
studied in [35], where different transmission rates are supported by variable processing

gain.

3.2.8 Admission Control

The connection admission control (CAC) is to make a decision about whether a
new or handoff connection should be admitted into a system according to the current
system traffic load and the QoS requirements of the new/handoff connection. The
admission decision is critical to both the system and the users, since admitting a
connection that should not be admitted results in overload of the system, and the QoS of
all the current connections would be deteriorated. The call admission control that
incorporates rate assignment and power distribution is required for the call set up
management. The decision of whether to admit a call should be based on the joint
consideration of rate and power assignment.

On the other hand, rejecting a connection decision-making should have the
following at its disposal:

1. A mechanism to compute the resource usage of ongoing connections and the
amount of unallocated resource for allocation.

2. A mechanism to allocate the available resource to admit new connections.

3. A mechanism to enforce control subject to satisfaction of QoS specification.

4. Provision to admit handoff connections with a higher probability than new

connections.
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Many connection admission control techniques have been extensively investigated
for application in cellular communication systems. An extensive survey of most of these

techniques can be found in [36]-[40].
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Chapter 4

Optimization

In several application areas, there are obvious advantages in having computational
tools that help the engineer to evaluate the properties of proposed designs, or partially or
even totally automate the design process. For these tasks, when applicable, optimization
based tools are uniquely suited: they provide global solutions, with the corresponding
certificates, and perform very efficiently both in theory and practice. Hence, we choose
one kind of optimization algorithm as our tool to solve the power and rate distribution
problem. Our approach has been to try to formulate those into optimizations [22], in
particular geometric programs, and then use the efficient interior point algorithms to
solve them. In this chapter, we introduce some basic knowledge about the optimization

theory and our idea about SIR optimization.

4.1 SIR Optimization Problem

We need efficient algorithms to find the optimal solution to our nonlinear

problems of admission control. Fortunately, these problems can be turned into
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optimization [22] formulations, which refer to minimizing a convex objective function
over constraint sets. The particular type of optimization we use is in the form of
geometric program. Geometric programming focuses on monomial and posynomial

functions.

Definition 1: A monomial is a function f: R —R, where the domain contains all real

vectors with non-negative components:

hix)=cxx5*.x, c20and a, €R 4.1)

Definition 2: A posynomial is a sum of monomials

flx)= 2 CL X X X (4.2)

K
k=1

Geometric program is an optimization problem with the following form:
Minimize f;(x) 4.3)
Subject to f,(x) <'1
hix)=1

H

Where fyand f; are posynomials and h;are monomials. Geometric programming in the

above form is not a convex optimization problem. However, with a change of variables:

y; =logx,and b, =log c, , we can put it into convex form:
Minimize p,(y) =log Y, explag,y +by,) 4.4)

Subject to p,(y) =log zk exp(a; y +b,) <0

q,(y)=a,y+b; =0
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Therefore, we have an optimization problem. Apart from computational efficiency,
optimization also offers stability analysis and accommodates a variety of constraints.
Solution algorithms also unambiguously and efficiently determine feasibility. We find
optimization problems can solve many versions of QoS provisioning and resource

allocation problems in wireless cellular system.

4.2 An Example of Optimization Scheme

To clearly understand the application of theory of optimization to the resource
allocation problem, we give an example here. We first consider power distribution in a
wireless cellular network in this section. For simplicity, this section considers a single
base station. Extensions to multiple base stations and the associated links are
straightforward. Each link is a unidirectional path from the transmitter to the receiver.

The propagation model [1] used in this section is as follows:
P =P, (ﬂ?.)r 4.5)
d
or
dO
P (dBm) = P,(dBm) +10y log(—c-l—) (4.6)

Where P.is the received power, P is the transmitted power, d is the propagation path
length, and d, is a reference distance for the antenna far field. The path loss exponent y is

usually between 2 and 6 for most indoor and outdoor environments. The interfering

users” powers are decreased by the inverse of G ,, which can be the spreading gain for a

CDMA system. Accordingly, SIR, [41] [1] for the ith user is defined as
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Where the factors o jare introduced to accommodate normalization constants and other

factors, such as the effects of beam forming in multi antenna systems. N is the power of

the background noise. SIR is well justified to be used as a QoS parameter [24]. For
example, channel capacity scales with log SIR for high SIR, and the probability of
symbol decoding error depend on the modulation type and the Q function what is the
complementary Gaussian CDF.

The problem of SIR maximization can be formulated as an optimization program
[22]. In the following basic formulation, the SIR is maximized for a particular mobile i.
At the same time QoS for the other mobiles should also satisfy certain requirements or
constraints, such as interference due to users has to be smaller than the received signal

power so as to achieve a required SIR=§, .

With the objective and constraints thus formulated and upper bounds P on all
transmitted powers, we obtain the following non-linear optimization formulation:
Formulation 1: (SIR constrained optimization of power distribution) The following
nonlinear problem of optimizing node powers to maximize SIR (MAS) or a particular
user under QoS constraints for other users in a cellular network is an optimization

problem.

=-Yi
Maximize SIR, = .9 B% 4.8)

. EN:Pjaj‘LN

L

Subject to
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The equality constraints are monomials in the same parameters. The variables are the
transmitted powers P,. Therefore, this is indeed a geometric program, and therefore an
optimization problem with efficient algorithms that obtain the global optimality.
This general formulation can be applied to different power distribution situations.

For example, if there is no objective function, the above formulation reduces to a SIR

requirement feasibility problem. Also, the objective function can be replaced by
“minimize ziP,. ” as in the following formulation, and then the minimum power vector
under the QoS constraints can be determined.
Formulation 2: (SIR constrained optimization for minimum total power MTP)
The following nonlinear problem of minimum power allocation in a cellular network is a
optimization problem [22].

Minimize )\ P, 4.9

Subject to f, ( inaj +N,)< —I—QW_ d"Po,

jeL g i

PJ. >=0

Pj <= MaxPj
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Additionally, a weighted sum or powers, or the maximum user power can be minimized.

The d, can also be treated as optimization variables for optimization of antenna sectoring,

which is a popular technique for interference mitigation.

4.3 Computer Simulation

Assume there is a simple system that comprised by four different rate categories.
They are voice, video, email and FTP. Their rate arranges are listed in Table 4.1. Special
number of users in each category is used for a simulation of Formulation 1.

Table 4.1: Rate arrange

RATE ARRANGE Min (Kbps) | RATE ARRANGE Max (Kbps)

VOICE 1 8
VIDEO 32 120
FTP 8 40
EMAIL 16 24

We ignore the distance here, and just put d=10. The power drop-off factor y =4,

and a =1. The users in each category are in rate arrange of their limitation.

Each user has a maximum power constraint of P_, = 0.5W. The noise power is

N=0.5pW for all users. Bandwidth is 1MHz. The spreading gain W/R here is calculated
according to the user categories. The SIR of all users, other than the user we are
optimizing for, must be greater than a common threshold SIR level §. § is varied to
observe the effect on the Optimized user’s SIR. This is done independently for the voice

users, the video users, the email users and the FTP users. The results are plotted in figure

4.1.
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Figure 4.1: SIR optimization simulation

This simulation illustrates several interesting effects.

First, when the required threshold SIR for the non-optimized users is high there
are no feasible power control solutions. At moderate threshold SIR, as threshold SIR S is
decreased, the optimized SIR initially increases rapidly. This is because intended user
power is allowed to increase relative to the sum of the other users’ power, which then
decreases in this category, and the noise is relatively insignificant.

At low threshold SIR, the noise becomes more significant and the power trade-off
from the other users less significant. Eventually, the optimized user reaches its upper
bound on power and cannot utilize the excess power allowed by the lower threshold SIR.
Therefore, during that stage, the only gain in the optimized SIR is the lower power
transmitted by the other users. This is exhibited by the sharp bend in the curve to a much

shallower sloped curve.
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Chapter 5

Connection Admission Control of Multi-class

CDMA System

From the theoretical knowledge about CDMA, capacity, power, multi-rate
system, optimized power distribution scheme was derived. In this chapter, we will first
introduce our CAC schemes, and then describe the system models used in the connection
admission control in our simulation. Then, we discuss quality measures for radio link

connections used in simulation.

5.1 Multi-class Connection Admission Control

Due to the statistical multiplexing inherent in CDMA systems there is a tradeoff
between the system capacity and the level of quality of service. As more and more users
access the system at the same time, the quality of communication link for individual user
deteriorates due to excessive multiple access interference. In order to guarantee the
quality of service for all the traffic in a cellular system, call admission control (CAC)

must be applied to control the number of users in each cell such that an appropriate level

59



of communication quality can be maintained [21]. When a new call request is received,
admission control algorithm should decide whether it should be admitted into the system
or not. If it is expected that after admitting the new call into the system the QoS of all the
users can still be guaranteed, then the new call should be admitted. If it is expected that
after admitting the new call into the system users’ QoS requirements are likely to be
violated then the new call request should be blocked. CAC schemes that are too
conservative tend to admit less number of users than that can be accommodated by the
system, therefore under-utilize the precious bandwidth resource. CAC schemes that are
too optimistic tend to admit more number of users than that can be accommodated by the
system, therefore violate users’ QoS requirements. A good admission control scheme
should achieve high capacity utilization without violating QoS guarantees [27]. Existing
works on call admission control in CDMA systems are interference-based or SIR-based
and apply only to systems with conventional matched-filter receiver, fixed power control
and single-class traffic.

Our goal is to develop an admission control scheme that supports multiple classes

of traffic with different QoS requirements and incorporates power and rate distribution.

5.2 Problem Formulation

Consider the uplink operation in a cellular network. Before transmitting any
packets, a user makes a connection request to the system. Upon receiving the connection
request, the CAC at the MSC makes the decision about whether its connection can be
admitted or not. The admission decision is made based on the declared traffic parameters

and the required QoS performance in the connection request for the user, and the
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available resources in the system. The admission decision is then sent back from the
MSC to the MS’s currently associated BS, which notifies the MS about whether or not its
connection request can be accepted. If the admission decision is to accept, a connection
can be made between the user and the BS before packet transmissions. Fig.5.1 shows the
state diagram of a connection upon its arrival. The entire traffic is divided into different
traffic classes, and each user can be transmitted with different rates. Ie. each user is a
group of all the connections with the same traffic parameters and QoS requirements. The
new connection arrival process for each class is assumed to follow a uniform process.
Each new connection request is subjected to a connection admission test at the BS.
Failure of the test results in connection blocking, and the probability of this defined as
new connection blocking probability (NCBP). After successfully passing the admission

test, a connection is established between the user and the BS for packet transmission.

New connection arrivai

reject

connection
blocked

New connection
admission test

accept

connection in process

connection completed

Figure 5.1: The state diagram of connection establishment

61



During the lifetime of its connection, real-time traffic is delay sensitive, and their
packets must be transmitted more urgently than the packets from non-real-time traffic,
i.e., the transmission rate for each real-time connection should be high enough to vacate
the backlogged packets. On the other hand, some data traffic requires very low BER,
although it can tolerate long delay and overflow. In this case, higher transmission powers
are needed to ensure successful transmission with high probability. We will evaluate the
transmission performance in terms of queuing delay and number of instance of buffer
overflow. Therefore, transmission power and rate allocation are the basis for effective
and efficient resource management, and should be performed based on the traffic
parameters and required QoS performance for each connection.

The variable SIR is considered in our simulation. Users rates change every
window. Accordingly, users are allocated powers dynamically. The user will leave after

the lifetime of its connection.

3.3 System Model

5.3.1 Network Configuration

Wireless cellular communication is the public communication approach to
provide high system capacity and user mobility for mobile user. Future wireless
communications are expected to support multimedia services. Fig. 5.2 shows a network
architecture delivering end-to-end transportation in a hybrid wireless and wire line
network. A mobile switching center (MSC) serves as the access point for the wireless
network to the wire line backbone network. Sometimes, the wireless segment is called

radio access network (RAN). The service area of each RAN consists of several radio
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cells, each of which is the coverage area of a BS. The MSC is responsible for RRM,
CAC, mobility management, and etc. the transmission between an MSC and the wire line
backbone network is a wire line channel, while that between an MS and a BS is a
wireless channel. There are two types of wireless channels: uplink, the link from MS to a
BS; and downlink, the link from a BS to MSs. The uplink channel is a multiple access
channel, where all the MSs in the cell share the radio resource and compete for service. In
the downlink channel, the BS has the knowledge of the transmitted traffic.
Communications between two or more users use the end-to-end transport through access
networks and the wire line backbone network. The challenging issued behind supporting
multimedia in wireless networks is the limited system resource. Which usually make the
wireless access networks as the bottleneck in end-to-end transportation.

This thesis is confined to one BS under one MSC. We assume that the backbone
network always has enough resources to serve all admitted connections in the system.
This thesis focuses on the uplink, since the uplink support multi-user transmissions that

impact on the capacity of the system.
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Fig. 5.2: Network architecture transportation in a wireless and wire line network
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5.3.2 Multi-class Traffic CDMA System With Multi-rate

We consider a direct-sequence CDMA system that supports multiple classes of

traffic with different data rates and SIR requirements, as illustrated in Figure 5.3.

Variable rate encoder MR Variable spreading

usert
e r » N/M1 —
User K MkR Transmit Power
—P rk N/Mk P> controi
ultiple data rates
P1 r
B
Multlgser
recetver Multipath fading
Pk rk channel
Q"""_—"'—‘_“ ol

BER DECODER SIR

Figure 5.3: Multi-class Traffic CDMA system
There are K users in the CDMA system, each transmitting information bits with
source data rate of R, and bit error rate requirement of P,. The transmitter consists of
variable rate error correction coding, variable spreading and transmission power
distribution. Multiple symbol rates are supported by varying the spreading factor while
maintaining fixed chip rate and symbol alphabet, as shown in Figure 5.3. The lowest

symbol rate in the system is said to be the basic rate, denoted as R, and the symbol period
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for the basic rate is termed as basic symbol period. User & transmits M, symbols in a
basic symbol period, where M, is an integer. This corresponds to an Mk-fold increase in
symbol rate of user k at M R. The spreading factor for user k is N/ M, , where N is the
spreading factor corresponding to the basic rate. User & can choose a coding rate r, , and
source data rate and symbol rate are related by R,/r, = M, R. The modulated signal of

user k is transmitted at power p, .

R AARRRRRRRRAREN RN P
2 ilL/lZ il HL,LHI t symbol = Ni2 ohips
L lwl4t L tNil 1 symbol = Ni4 chips
" (R rrene

Figure 5.4: Multi-rate scheme

The received signals are jointly demodulated by a single antenna or antenna array

multi-user receiver, followed by separate decoding for each user. The signal-to-

interference ratio of user k’s demodulated signal is /, , while the bit error rate of user k’s
decoded information bits is F, . To maintain bit error rate of user k below a required level
of P,,itis necessary to keep SIR of user k higher that certain value f . The required SIR

/[ is decided by the target bit error rate P, , the coding rate r, , and distribution of 5 . The
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adaptive power distribution algorithm adjusts the transmit power p, such that the SIR at
the receiver exceeds or equal to the required SIR for the entire user, f,>=6 .

We consider the case where the spread spectrum bandwidth, W, which is also the
total system operation band, is shared by all the users in the system. The isolation
between uplink and downlink uses FDD, so there is no interference from the downlink to
uplink transmission. Transmission in each connection encounters background AWGN.
The effect of soft handoff on the uplink system is not explicitly considered in this
research. To keep our simulation model simple and tractable we have neglected inter-cell

interference and any sort of error correction scheme.

5.3.3 Modulation Method

The BPSK modulation is assumed to use in our system. The block diagrams for
modulation and demodulation are shown in Fig.5.5.

The relation between bit error probability and SIR is

P, =0(~2SIR ); (5.3)
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Demodulator

Figure 5.5: Modulation and demodulation of BPSK

5.3.4 Power Distribution

In a CDMA system, the available system resource is shared by all active users. An
appropriate amount of power resource should be distributed to each connection to ensure
its required SIR and at the same time to allow more active users in the system.

Power distribution is necessary to maintain all users’ signal powers at the desired
target values. We focus on how much the target power is required for each connection
with given SIR requirements. The detail of how to implement the power control is
beyond the scope of this research. There are methods for power control reported in the
literature. Ideally, if perfect power distribution can be achieved, the required SIR for each
user can be guaranteed by accurately distributing the received power for all the users, as
long as the traffic load is within the system capacity. In reality, however, due to channel
estimation errors, power control delay, power distribution command transmission errors,
etc. imperfection in power distribution always exists.

The base station measures the average received power from an MS every period,
e.g. 0.625 ms for W-CDMA and 1.25 ms for CDMAZ2000. We here assume user power be
checked very 2 packets, i.e. 2 second. After comparing the average value with the target
power, a power distribution command is sent to the MS to raise or lower transmission
power. With this process, power distribution can overcome the effect of the path loss and

most of the effect caused by slow varying lognormal shadowing. We assume that with
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well-designed receiver structure, e.g. a RAKE receiver, the fast fading can be ideally

mitigated.

5.3.5 Call Admission Control

The call admission control makes admission decisions for new connections. It is
performed at the MSC instead of at each BS, because making an admission decision for a
new connection requires information about the MSs and traffic load in the entire
procedure [35]. An admission decision is based on the traffic parameters and required
QoS from both the new and handoff request and the existing connections. The CAC
admits a new connection as long as its required QoS and the QoS of ongoing connections
can be guaranteed. The reserved resource for data connections can still be efficiently
utilized at the packet level to increase the packet throughput of non-real-time traffic. We

will not consider handoff in our simulation.

5.4 Three Allocation Policies

Based on the SIR optimization simulation we proposed in chapter 4, we will use
some resource allocation policies in our call connection admission simulations. Three
types of power and rate distribution policies experiments are described in this section,
Minimum Total Power algorithm (MTP), Maximum SIR algorithme (MAS), and Static
algorithm (STA). A performance comparison of these schemes is introduced in chapter 6

in processing of connection admission control. Their basic formulations are following.

5.4.1 MTP Policy
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In this section, we consider the MTP scheme. The goal of this algorithm is to
obtain the power allocation for each mobile that maximizes the total system capacity
while meeting all the users’ minimum SIR requirements. Power from each mobile should
be large enough to achieve the required minimum SIR for its class of connections in the
system, while it should be kept low enough in order to reduce MAI to other connections
in the system, and to allow more active users in the system. The basic formulation of this
problem is presented by the following optimization problem.

N 4
Minimize 2{ P Y, (5.1

= J

—

Subjectto P, <P

1 max

3 8%/
SIR,; =Y 25 SR> A,
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N 4
by R, (Y SHP N W ST,E,

k=Lk#i j=1

R.2R

i~ insti
Where f,is the minimum SIR for each class. According to rate allocation diagram in

Figure 5.6, We denote the power consumption for user i in rate j as P, the transmission

1:,'7

rate for user i in channel j as R, Y, is the number of rate for user i in rate j, SIR is

defined as the total signal to interference ratio for the whole system, and SIR,is defined
as the signal to interference ratio for user i, and SIR;is defined as the signal to
interference ratio for user i in rate j. SIR, of user i depends on the SIR, of constant rate.

4

We assume the four rate channels (8K, 16K, 32K and 64K) are transmitted in our system.

69



3 8% 21'
Therefore, we assume that SIR =2

j=0

SIR,.J., where denominator 120 is the sum of

the four rates. A weight is assumed to each SIR ;to yield SIR,. High rate user are

multiplied by large number so as to get SIR of high rate, same as SIR of low rate.

Rit=8K

Ri2=16K

Ri3=32K

Ri4=64K

Figure 5.6: Rate allocation diagram
The SIR level for each user should be greater than a minimum SIR level to

achieve certain level of QoS, i.e. SIR, = SIR , .

Given these constraints does there exist any P and Y such that these constraints
are met, if not, new users will have to be rejected. If there exists more than one feasible

solution, it is natural to pose the question as which one to choose.

5.4.2 MAS Policy

The goal of this algorithm is to obtain the power and rate distributions for each
mobile that maximizes the SIR quality, named MAS, which try to let every user get a
perfect SIR quality, but ignore the number of user to admit. It satisfies all the users’ SIR

quality requirements but does not consider the system capacity.

Maximize SIR, (5.2)

Subjectto P, <P

max

o 8*2/
SIRi= =5 SIR;> b,

j=0
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Where f,is the minimum SIR for each class. We denote the power consumption for user

iin rate j as P, the transmission rate for user i in channel j as R, Y is the number of

lj 3 U £l
rate for user i in rate j, SIR is defined as the total signal to interference ratio for the whole

system, and SIR,is defined as the signal to interference ratio for user i, and SIR ;is

defined as the signal to interference ratio for user i in rate j.

5.4.3 A Constant Static Policy STA

The effects of the two algorithms above on the system performance are
investigated with comparing another CAC scheme named STA. STA stand for Constant
Static policy. The policy we propose is a fixed allocation scheme that acts a compromise
of the former two schemes, MTP and MAS. By this conventional algorithm, fixed
expected number of users and the constant received rate and powers are allocated without
considering user’s maximum and minimum QoS requirements and the changing resource
availability. We try to define it as classic policy. Some parameters of STA are listed in

chapter 6.

5.5 Performance Measures

Typically, data transmission schemes tend to measure performance in terms of

delay and overflow; connection admission schemes often use probability of blocking

71



against offered traffic load. We will introduce the performance measures used in our

thesis below.

5.5.1 Quality of Service in CDMA

The Quality of Service described in this section is based on information produced
by the standardization body 3GPP. Today’s communication systems try to provide best
effort services. Traffic is processed as quickly as possible, but there are no guarantees as
to timeliness or actual delivery. However, different applications generate traffic with very
different characteristics. Moreover, they have different demands on network performance
in terms of bandwidth, delay and reliability to name a few. A way to overcome the
varying demands is to provide a single level of quality that meets the requirements of all
applications. That is, the abundant capacity of the wired network could be resembled to a
single level of quality, meeting the demands of all applications.

In the case of wireless networks the situation is in fact quite different. In second-
generation systems, such as GSM, a single level of quality has been provided, enabled
through the use of resource reservation. This level of quality has fixed guarantees,
however not negotiable for the users. Since there is a tradeoff between quality and
capacity, the approach of providing a single level of quality meeting all demands would
result in an over-dimensioned system. That is, if all types of traffic would be treated the
same, delay insensitive traffic such as email would consume as much resources per
transmitted bit as would delay sensitive voice traffic. In other words, the former would be
given a better service quality than needed, resulting in an over-dimensioned and hence
poorly efficient system. In addition, over provisioning of the radio network would not be

possible for a number of reasons. The very nature of the radio spectrum is that it is
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inherently scarce. Further, an excessive deployment of base stations would be an
extremely costly adventure, beyond the rationales of common sense investment estimates.

Hence, applying a differentiated service approach to wireless systems facilitates a
more efficient use of the resources. A way to measure different levels of quality is by the
use of parameters. In summary, the need for a differentiated service approach, e.g. QoS,
comes into light. The growing demand for bandwidth in mobile environments places tight
restraints on the wireless resources. One is presented with the options to further increase
the capacity of the network, e.g. deploy more efficiently allocate the existing resources
through the use of QoS.

QoS implies differentiation in services available to users according to, for
instance, the requirements of a particular type of traffic. The traffic type can be real time
voice, video conferencing, file transfer, real time video, etc. The mobile user and the
network will agree on a particular QoS profile during the initial service negotiation stage
and the network will attempt to deliver this QoS.

Therefore, the quality of service supported by the network depends on the type of
service. Each has different a Quality of Service requirement.

In our CDMA systems, the quality of service measure is based on SIR.

(W /R)P,
I

i

SIR, = (.4

Where, W is the spread-spectrum bandwidth, R, is the transmission rate for user i, P. is

received power for user i, I, is the interference power from all other users.

Since, processing gain G , is
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w
G, = —E (5.5)
Therefore,
G,P,
SIR, = ; (5.6)

!

In CDMA systems, the required SIR is usually less than 10 dB. Each cell can support

more than one user sharing the same frequency spectrum.

5.5.2 Traffic Intensity, iteration and window

Traffic intensity [1]: measure of channel time utilization, which is the average
channel occupancy measured in Erlangs. This is a dimensionless quantity and may be
used to measure the time utilization of multiple channels.

The traffic intensity offered by each user is equal to the call request rate
multiplied by the holding time. That is, each user generates a traffic intensity of
A Erlangs given by

A =/H 5.7
where H is the average duration of a call and A is the average number of call requests per

unit time. For a system containing U users and an unspecified number of channels, the

total offered traffic intensity A, is given as
A=UA, (5.8)
Traffic can be measured in several different ways. One of them is offered traffic. Offered

traffic is an average measure of traffic on a channel or system, i.e. if a channel is used on

average 50% of the time then the offered traffic is 0.5 Erl. We use the bandwidth 3MHz
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in our simulation system, and from the statistic simulation, we assume the average user
rate is 60Kbps. Therefore the average system capacity is C=50 users per second.

From 5.7 and 5.8, we define normalized traffic intensity o in our simulation as

p=AIC=UA,IC (5.9)
In this study, we assume that the new user arrival is generated by uniform distribution.
Each new call is equally likely to occur anywhere on the ring and the duration of each
call is exponential distributed with time H. And the users normalized accepted traffic is a
value less than user arrival traffic. i.e.
0’ = px (I-blocking probability) (5.10)

We define “iteration” and “measurement window” as time concept in our
programming. Iteration indicates the numbers of we call uniform connection access
routine, i.e., each run of uniform access routine is one iteration. For the users who have
been in the network, one packet was transmitted per iteration. Measurement window acts
as the period measurement for the delay, overflow and change of power or rate. Each
window may be equal to 2, 4, 6, 8 iterations or packets here. In our study, we assume that
one iteration is equal to one packet time. Each packet is t=8Kbit, and R,=8Kbps. each
packet transmission time:

¢
T,=— 5.11
R, (.11)

Therefore, one iteration in our simulation corresponds to 1 second of real time. The data

packets are transmitted according to unit “packet” per iteration.

5.5.3 CDMA Cell Load Measurement
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In this section, we discuss cell load measurement in CDMA systems. Since the
capacity at each base station is shared by all users, a meaningful cell load measure should
also include the interference. In CDMA systems, we can view the system as one isolated
system with finite resources. The capacity of each base station is limited by the total
interference received at each BS [29]. For CDMA digital cellular systems that (1) employ
power control such that all uplink (mobile-to-base) signals are received at the same
power level. And (2) all users are spread (via either direct-sequence or frequency-hop
spread spectrum) over the total available bandwidth W; a simple equation for capacity
may be developed as follows. Assuming that a cell has a total of N mobile users, the
composite uplink received signal at the base site will consist of the desired signal with
power S and N-I interference users, each also having power S, by the power control

constraint. The signal-to-interference ratio at the base is thus §/I=S/N-1)S=1/(N-1). The
energy/bit to interference power spectral density E, /I, may be derived similarly. The
energy/bit is just the signal power S divided by the information bit rate R (i.e., E,=5/R).
The interference power spectral density is the interference power divided by the
spreading bandwidth W [i.e., I, =S(N-1)/W ].

We assume that each user I has an identical SIR requirement f,=/. All users
assigned to base station k will have equal received powers P,. We now develop a

characterization of the cell capacity. When each user assigned to base station has the

same received power P, and rate R, we can write the SIR requirement in terms of

SIR = % F > f (5.12)

(N,~DP,+N
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In CDMA systems, the maximum capacity for each cell is achieved when there is no

other inference except the users assigned to the same base station. That is N =0. From

the above equation, the number of users assigned to base station k£, N, must satisfy the

following condition.

W
N, SHER? (5.13)

‘We have the maximum capacity N_, for base station k is
w
N_ =1+— (5.14)
PR

5.5.4 Call Blocking Probability

In general, connection-blocking probability has been used to measure the
probability that a call will fail during the set-up phase. In CDMA systems, upon arrival of
a fresh call, the respective base station assigns a channel and power to it according to a
specific strategy. Different allocation algorithms in our simulation have been described
before. If the SIR is smaller than the minimum SIR of that type, then the call has to be
blocked.

In our measurement, a call that is accessed but not admitted to the system is
regarded as blocked. That is, for every user who requires service, it is assumed there is no
setup time and the user is given immediate access to a channel if one is available. If no

channels are available, the requesting user is blocked without access and is free to try

again later. This type is called blocking calls cleared. Call Blocking Probability P, , is

loc

defined in our simulations as:
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Number of blocked calls
Total Number of Access Calls

x100% (5.15)

block =

Call! blocking probability at a particular level can be used to determine the capacity of a

scheme, i1.e. how many active or potentially active users the system can support.

5.5.5 Queuing Delay

Packet delay in a packed-switched network normally consists of three
components: transmission delay, retransmission delay as well as queuing delay. In our
simulation, only queuing delay is calculated. Each user has its own buffer. The packets
that have been generated by users but cannot get access to the network will be left in the
buffer. The unit of buffer overflow is indicated as Kbps or 1/8 packet. .
Normalized Queuing Delay:

The queuving delay is defined in our simulations as the time elapsed from the
instant of the packets input into user’s buffer to the instant of successful output of these

packets, we can write it as

M

ZBi,w
D =*x— 5.16
=T (5.16)

Where B, , is buffer content of user i at window w, M denotes the number of window in

whole run.

Average Normalized Queuing Delay:

Average Normalized Delay D denotes, for each window of data transmitted, how

much delay is incurred. It is defined as:
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M
. 2 2 Bi,w
D =—'=—‘—WA—E—\—]—— (In units of measurement window) (5.17)

Where B, is the number of packets in buffer of user i at window w. M is the number of

window during user i is accepted. N is the total number of online users.

Variance of Average Queuing Delay:
The Variance of average queuing delay is a measure for instant user delay from
average user delay, which is defined as
iw;@z
ol = 4—1\—]—__—1-—— (5.18)

Where N is the total number of online users.

5.5.6 Buffer Overflow

If the packets in the number buffer are larger than the buffer size, the buffer will
overflow, and extra packets generated above the buffer size will be lost. We define the
buffer overflow as the times of packets dropped when a given threshold buffer size is
exceeded. The unit of buffer overflow is indicated as Kbps or 1/8 packet. The buffer
overflow of user i is defined as the total number of times of exceeding user’s buffer size
to be divided by the number of users N and by multiplying the number of window M, i.e.

M;
20,1

Ovi=-w-='l—-—r<l (5.19)

J
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Where O=1 is defined as exceeding user’s buffer size for user i in window w. M ;is the
number of iteration in each jth user call. B, is the number of packets in buffer for user i

at window w. B, is the buffer size.

Average Buffer Overflow

The Average Buffer Overflow Rate OV is defined as:

Mj
i Y 0.
i=1
Al M,
oV = x100% (5.20)
N

Where O(j,i)=1 whenever user j has buffer overflow at window i, N means total number

of online users; M; stands for total number of window during which user j is calling.

Variance of Average Buffer Overflow

0V, -0V’

ol == N (5.21)

Where N is the total number of online users.

5.5.7 Average Packet Loss Rate

Due to buffer overflow, some data packets are lost before being served by the
network. Average Packet Loss Rate P; is used to denote what percentage of packets is

lost due to buffer overflow. It is defined as:
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N Mj
Y [ EPgu -3 Ps(ii / Y Pg(jii) }
p == =l ~ = x100%  (5.22)

Where Ps (j,i) is number of packets that have been served successfully in measurement
window, whereas Pg (j, i) is number if data packets generated by j th calls in the window

i. M ; is the call duration for user j.

5.5.8 Average Bit Error Rate

The bit stream transmission with different rate in our simulation is shown in

Figure 5.7.

_+_J ! Bit stream 1, R1=8K
Bit stream 2, R1=16K
r———>————1 ! ! ! l—————— Bit stream 3, R1=32K
.+__J ! ’ ot l 0 !1 I 0! ] Bit stream 4, R1=64K

Figure 5.7: bit stream transmission with different rate
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Word length

Based on the parallel to serial bit conversion in figure 5.7, the average bit error
rate for a connection is presented as follow,

word error
P =

5.23
; s (5.23)

ie.

_1-(-0/2SR, )'4-Q2SIR, ’(-Q2SIR, )'A-QY2SIR, ) ;.
) 15 ‘

bi
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Where, SIRU. is the signal-to-interference of ith connection and jth rate channel.
0+/2SIR, is the probability of one symbol error of the lowest rate data branch.

Q+/2SIR,, is the probability of one symbol error of the highest rate data branch.Q is Q-

function [31], which is cumulative normal distribution function giving the probability that

a various assumes a value in the range [0,x],

Q(x) = _ﬁ Je—xz/z -dx
' (5.25)

Recall ith user bit stream is multiplied (by serial to parallel carrier) into 4 data channels,
the first has rate of 8Kbps, 2™ rate is 16K, 3" rate is 32K, and so on, 4th branch rate is
64K, so we get one symbol of the least rate, one would have 2 symbols of second rate and
4 symbols of 3" rate and 8symbols of highest rate stream giving user to correct symbol
error probability as in 5.24, and divided by 15 stems from the fact that 15 bits of original

user 1 bit steam are demultiplied as above.
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Chapter 6

mulation and Numerical Results

In this chapter we provide simulation details for three admission control schemes
for CDMA cellular system using joint power and rate distribution. Then admission
control is implemented in a cell based on the simulation. Performance of the CAC

schemes is evaluated by comparing the system parameters.

6.1 Simulation Description

6.1.1 Input Parameters

The proposed CAC schemes are demonstrated via simulation of a CDMA system.
The system parameters used in this numerical result are listed in Table 6.1.

Table 6.1: System parameters

Spread spectrum Bandwidth: W=3Mhz

Basic rate: R, =8kbps

The white noise PSD: N =10e-6 W/Hz
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For simplification, our research is limited to one cell, and there are four types of
traffics—voice, video, email and Ftp. The traffic parameters are listed in table 6.2. Each
user has only one application (one kind of aforementioned four traffics). The chip rate for
all the users is fixed so is the total bandwidth W used by all users. Also, OVSF codes are
used as orthogonal codes that allow a constant spread bandwidth for various information
rates. We assume there are four kinds of basic rates that are orthogonal each other. The
transmission rates are 8kps, 16kps, 32kps, and 64kps respectively, and each user’s actual
transmission rate is a linear combination of those four kinds of basic rate as in Figure 5.7.
Bandwidth is a limitation of network. Our goal is to achieve the best system QoS under
the condition of satisfying each user’s power consumption requirements and limited total
system power consumption at a certain level in the mean time.

Table 6.2: Traffic parameters

RATE A&géigéE POWER piﬁgzﬁgE
ARRANGE ARRANGE
MIN (Kbps)|  MAX I yiN Rbps)|  MAX
PS)1 " (Kbps) PS)1 (Kbps) |MIN SIR
VOICE 1 8 0 02 6
VIDEO 32 120 0 0.1 7
FTP 8 40 0 0.16 5.5
EMAIL 16 24 0 0.21 5

For STA user SIR is equal to 5.

6.1.2 Formulations

For each user, we can calculate the instantaneous transmission rate by:

R =R _. + (R

ins,j — *“ min j

v~ Rain) * 6 6.1)
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Where, 6 is random coefficient value from O tol. j is one of four classes of traffic, from

1 to 4; The rate assigned to user i so as to satisfy his required rate R, , is a linar

combination of 4 basis rates i.e.,

R, =8Y, +I6Y,+32Y , +64Y > R (6.2)

ins,Jj

Where Y, is the number of composite rate assigned user i in rate j, R, is the actual

asst

assigned transmission rate for user i. E.g. if a user requires R

ns.; =40Kbps, this could
mean Y, =0, Y,=1, Y,=1, Y,=0;0r Y,=0, Y,=0, ¥;=0, ¥,=1; so many
possibilities for rate splitting are possible, which gives more degrees of freedom for
optimization process.
Combined 6.1 and 6.2, we have:
8Y,+16Y ,+32Y ,+64Y , 2 R, . + (R

R *6 (6.3)

max j minj)

We further assume that
Y +Y,+Y 5 +Y <=4, 6.4
and Y, is equal to either 1 or 0. Each user that carries different information rates and QoS

requirements can occupy a maximum of four channels.

We denote the power consumption for user i in rate channel j as P, the

ij

transmission rate for user i in channel j as R, SIR is defined as the total signal to

lj 3
interference ratio for the whole system, and SIR,is defined as the signal to interference

ratio for user i, and SIR ; is defined as the signal to interference ratio for user 7 in rate j.

therefore,
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W/R)P,
SIR. = (___ﬁ (6.5)
Y I
p

And the background AWGN N is assumed. Thus the total interference is the sum of

interference from other users in the cell plus background interference. I ; is defined as,

I;=Py -Py;+N (6.6)
Where,
N 4
PE = 21‘:12;})17 Yij 6.7)
Therefore,
Y.P,
SIRI.]:—;:i — gy , for user i in channel j, (6.8)
7 Z ZKjEcj +N
k=Lk#i j=1

Where, W is bandwidth of CDMA wireless system. R, ¥, and P ; are defined before.

The following assumptions are made in the simulations:

1. All packets transmission has equal priority in the network. Yet we are trying to
represent different packet data users in terms of different basic rates.

2. There is perfect signaling control between BS and MS, i.e., no channel estimation
error, command transmission error, etc.

3. All users have the same distance to BS. Distance of user to BS is not considered

in this thesis.

6.1.3 Simulation Procedure

In every program iteration,

1. A new call arrives to the network and initiate connection assignment request.
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2. System process resource allocation to new connection request and optimization
algorithm is invoked. At same time, admission system decides if the new connection
is admitted according to whether there exists feasible assignment with which users’
SIR requirements can be met simultaneously.

3. Calculate system performance in each iteration.

4. Rate of each accepted users changes from R, to R, of their classes every other

max
window.

5. Output the performance statistic stream to files.

6. Draw performance curves with Matlab and Excel.

The flow diagram of new connection admission process is as shown in Figure 6.1 to 6.3.

ST

INITIALIZE ———@

7

PROCESS RESOURCE
ALLOCATION
CALCULATE PERFORMANCE ——————@

OUTPUT THE STATISTIC
STREAM TO LOG FILES

DRAW PERFORMANCE
CURVES WITH MATLAB AND
EXCEL

!
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Figure 6.1: The main flow diagram of new connection admission processing

for i=0; i<total_iteration; i++

Determine which users can be acessed

Calculate the transmit codes and powers
for each user with optimization algorithm;
Determine if the users can be admitted

A

Process the buffer and overflow when rate
changed for each window

A

Procedure of Users leaving when Life over

[

Figure 6.2: The flow diagram of resource allocation processing

b o ¢
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S

v

unifc(0,1)

v

Traffic load

0,1)<Traffic)&&(counter<useé
m)

l User be admitted, Counter++ for (nn=1;nn<10;nn++) e
{unifc(0,1) <=0.45) User Type 1
[s]
i(unifc(0,1) <=0.65) User Type 2 Determine user[counter].power and channels
with Min_power optimization algorithm

MNo
i(unifc(0,1) <=0.85) User Type 3

No Yes

User Type 4

Determine user[counter].rins

l 3
user[counter].living = (int)10 * expo(1) user{uu].SIR=10"log10{user{uu].EN);
+ 1; Determine user[counter].living

!

userfuu].EN =(W*user[uu).sumP)/
(den1*(userfuul.channel_rate));

i Determine if user can be admitted 2.1
useér]iil.sir < u{userfiij.usercla
i ©
Yes ﬁ 1].minsir 7
No

Blocking=blocking+1;

—bi Assign userfii]. SIR ’ Retumn 0;
L User be admitted,counter++; I User be admitted, retumn 1;

Figure 6.2(a): The detail flow diagram of resource allocation processing
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For j=0; jecounter; j++

v

Calculater buffer_decreate coefficents; ’___@
Xi

[

St i packeis;
sert=userfid].channel1((intx1)*S*RK-+userfid).charnel
2°((ir)x2)*S*RK-+userfid]. channel3*(int)x4)*SRK+EK*

userfid].channeld*((nt)x8)*S;
!

h 4

userfid).buffer=S*(userid].rins)-
sert + userfid].buifer;

loss = loss + userfid].buffer-BS;
L—p, userfid.buffer=BS;
userfid].overfiowe=usedid).overflow+1;

Change userfid].rins each window;

!

delay_all_users=userfj]buffer+delay_all_users

I
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&

For x=0; x<=4; x4+ g

Xi=unife(0,1);
|
v
Calculate Qfunction;
Q=sgrt(2’user{zz]. EN);

Bit error probability;
Po={double)(exp(-pow(ww,2)/2))/
(quf!t(?ﬂ));
¥
Bit cormplete probability;
pi=pow((1-q1),user{zz.NP);

No
=

Yes

Figure 6.2(b): The detail flow diagram of resource allocation processing
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for (a=0; a<counter; a++) <

userfal.life
user[al.living

userfal.life + 1;
userfal.living - 1;

total_life = total_lite + 1;

for (c=a; c<counter; c++) <t

A4

userfcl.userclass=user[c+1].userclass;
user[cl.rins=user[c+1].rins;
userf[cl.channell=user{c+1].channell;
user[c].channei2=user[c+1].channei2;
useric].channel3=user[c+1).channei3;
user{c]l.channeld=user{c+1}].channei4;
user[cl.channel_rate=user{c+1).channel_rate;
user[c].power=user[c+1].power;
user[cl.sir=user{c+1].sir;
user[c].EN=user[c+1}.EN;
user[c].buffer=userfc+1].buffer;
user{cl.overflow=user[c+1].overflow;
user[cl.sumP=user{c+1].sumP;

user{cl.delay_i = user[c+1].delay_i;
user[cl.over_i = user[c+1].over_i;
user[c].life = user{c+1].life;

user{c].living = user[c+1}.living;
userfc].price = user{c+1].price;

counter = counter - 1;
feave = leave + 1;

[

Figure 6.2(c): The detail flow diagram of resource allocation processing
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o

Calculate blocking;
block _r=(double)(access-counter-leave)/access;

!

l for {(int ov=0; ov<counter; ov++)

!

lover_all_users=user{ov].overﬂow+over_aH_users;

l

v
delay_average = delay_all_users /
(counter*(loop/S));

)

over_average = over_all_users / (counter*(loop/S});

!

[ for (int dd=0;dd<counter;dd++) %

v

user[dd].delay_i=
({(double)user[dd].buffer+BS user{dd].overflow)/(loop/S);

¥

ss=s5s+pow((user[ddj.delay_i -
delay_average).2);

[

¥
user[dd].over_i = (double)user[dd].overflow/(loop/S);

l

fi=ff+pow({(user[dd].over_i) - over_average),2);

y

total_sir = total_sir + user[dd].sir,
total _EN = total_EN + user[dd].EN;
total_price = user[dd].price * user{dd].life + total_price;
td_price = user[dd].life + td_price;
total_P = user[dd].sumP + total_P;
!
average_sir = total_sir/counter;
average_EN = total_EN/counter;
www = sqrt(2*total_EN/counter);
Pb=(double)(exp(-pow(www,2)/2))/(www*sqrt(2*P1));
l
\ 4
delay_var=ss/(counter-1);
over_var=ff/(counter-1);

v

td_act_price = price_t * td_price;

Figure 6.3: The detail flow diagram of performance calculation
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6.2 Simulation Casel: Multi-class User CAC

6.2.1 MTP Policies Result Analysis

In this section, we consider CAC performance with the MTP policy.
6.2.1.1 Performance of New Connections

The simulation results for mixed new connections are shown below. The
performance of SIR&power, buffer overflow and queuing delay are illustrated in figure
6.4 to figure 6.12. The unit of buffer overflow and queuing delay are described as Kbps.
The descriptions of the abbreviations in the legends of Fig 6.4 to Fig 6.27 are following:

Policy: the algorithm that used

Window: the number of iterations of Measurement Window

Bs: buffer size, unit of it is Kbps

NI: Number of iteration

N: number of user

1. Performance of SIR and Power of user

SIR and Power vs Normalized accepted Traffic intensity
Normalized accepted Traffic intensity

001 005 01 02 03 04 05 06 07 08 0.9 Policy=MTP;
205 ‘ ; ; . ; s , . : ; Window=2;
NI=10000:
o~ 20 ’
g 175 a\ Bs=1000;
£ 15 ’*‘La\k i I
£ 125 ‘-\l\ -4~ total_power
2 10 ~&— average_sir
g 7.5 :
s 5 +—-------- T
@ 25
0 & - y. B A el B - . S . W

Figure 6.4: SIR and Power vs. Normalized accepted traffic intensity

We access the voice users in this simulation. The meaning of Normalized accepted

traffic intensity is explained in section 5.5.2. From Figure 6.4, we can see that the
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performance changes of a user. With the increase of normalized accepted traffic intensity,
i.e. increase of number of user, the SIR decreases rapidly and the system total power

increases tardy. It is because CDMA is an interference limitation system.

2. Buffer overflow of different measurement windows

Buffer Overflow vs. Normalized accepied Traffic intensity at measurement window=2
iterations

2
2
b+
g -—@§-—Qver_var,
g —@— over_average,
3 Policy=MTP;
001 005 01 02 03 04 05 0.6 o7 08 09 NI= 10000;
Normalized accepted Traific intensity Bs=1000;

Figure 6.5: Buffer overflows vs. normalized accepted traffic intensity at window=2

Buffer Overflow vs. Normalized accepted Traffic intensity at measurement
window=4 iterations

% 0.05

£ 004

3 0.03 —@— Over_var,

g 0.02 - —8— over_average,
£ 001 v Policy=MTP;

© R e NI=10000;

ool 0.05 0.1 oz 03 04 0S5 0.6 o7 0.8 08

Normalized accepted Traffic intensity Bs=1000;

Figure 6.6: Buffer overflows vs. normalized accepted traffic intensity at window=4

Buffer Overflow vs. Normalized accepted Traffic intensity at measurement window=6
iterations
0.02
2
g 0015
3 —&—over_var,
5 0.01
° - —&— over_average,
D
t .
& 0005 Policy=MTP;
0 +—m Yo : . NI=10000;
001 005 01 02 03 04 05 06 07 08 o9 | 51000
Normalized accepted Traffic intensity
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Figure 6.7: Buffer overflows vs. normalized accepted traffic intensity at window=6

Buifer Overflow vs. Normalized accepted Traffic intensity at meassurement window=8
iterations
0.04
5 0.035 e
8 003 /
=
$ 0.025 /B’ —@—over_var,
& 002 /E’ —&— over_average,
B 0.015 Y
Moo
g 001 Policy=MTP;
0.005 NI= 10000,
0 4—ug R r . . r G T T Bs=1000;
001 005 01 02 03 04 05 06 07 08 09
Normalized accepted Traffic intensity

Figure 6.8: Buffer overflows vs. normalized accepted traffic intensity at window=8§

The performances of Buffer overflows are shown with four different measurement
windows in Figure 6.5 to Figure 6.8 above. The definitions of buffer overflow and
measurement window are mentioned at section 5.5.6 and 5.5.2. Accepted traffic intensity
means the performance we measured is focused on admitted users. Also, we access
randomly the mix four classes’ users in these simulations. There are two curves in each
figure. Over_average indicates average buffer overflow, while over_var indicate the
variance of average buffer overflow. The tendency of curves in these four figures show
buffer overflows increase with the increase of normalized accepted traffic intensity, and
the data of queuing delay are also reasonable. We also find variance of average buffer
overflow is a little bit lower than average buffer overflow in each traffic intensity.

Note that for the different window, the users overflow and queuing delay vary
irregularly in same buffer size. This is due to the date rate of connections may change in
its range every specific window. The change of buffer overflow would not be shown
relationship with window size.

3. Queuing delay of different measurement windows
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Queuing delay vs. normalized accepted traffic intensity are shown from Figure

6.9 to Figure 6.12 below.

Queuing delay vs normalized accepled traffic intensity at measurement window=2
iterations;

o £
£ ?:; —&—delay_var,
£ —&#—delay_average,
6 ¢
© “ ‘ Policy=MTP;
.01 .05 0.1 02 03 0.4 05 0.6 ) 07 OA.B 0.8 1 gi:llw >
Mormalized accepted Traffic intensity

Figure 6.9: Queuing delay vs. normalized accepted traffic intensity at window=2

Queuing delay vs Normalized accepted Traffic intensity at measurement
window=4 iterations

o$
‘g §_ ~—@-—delay_var,
Q
55 —i— delay_average,
[
© : . Policy=MTP,
a.01 005 0.1 Q2 03 0.4 05 08 07 0.8 0.9 NI:lOOOO!
Normalized accepted Traffic intensity Bs=100;

Figure 6.10: Queuing delay vs. normalized accepted traffic intensity at window=4

Queuing delay vs Normalized accepted Traffic intensity at measurement
window=6 iteration

38 —&—delay_var,
=
<] % —{i—delay_average,
w
s 0.01 0.08 o1 62 03 04 0.5 06 07 o8 0.8 PO]]CszTP,
. . . NI= 10000;
Normalized accepted Traffic intensity Bs=1000,

Figure 6.11: Queuing delay vs. normalized accepted traffic intensity at window=6
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Queuing delay vs. Normalized accepted Traffic intensity at measurement
window=8 iterations

18

18
D2 F‘i
35 ﬁ 12
e g el —@-—delay_var,

T e
o = Z —— delay_average,
23 ] . Policy=MTP;
0 b i . , NI= 10000,
601 005 01 02 . 03 04 05 06 07 08 09 Bs=1000;

Normalized accepted Traffic intensity

Figure 6.12: Queuing delay vs. normalized accepted traffic intensity at window=38

The mix users of four different classes are accessed randomly in these four
simulations. The definitions of buffer overflow and measurement window are mentioned
at section 5.5.5 and 5.5.2. Delay_average indicates average queuing delay, while
delay_var indicate the variance of average queuing delay. We can see from figures that,
the performance varies with different traffic intensity. The tendency of curves in this four
figures show queuing delay increase with the increase of normalized accepted traffic
intensity. We also find variance of average delay is a little bit higher than average delay
in each traffic intensity of each figure.

Some seemingly unreasonable fluctuations may be explained by the random

nature of users’ data. This phenomenon may also happen in the following simulations.

6.2.1.2 Performance Comparison of Different Traffic Classes

1. Bit Error Probability
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Bit Error Probobility vs. Normalized accepted Traffic intensity
1 . . —4— EMAIL
040101 0.2 0.3 0.4 05 0.6 0.7 0.8 09 E F-T-P
0.0001 e \JOICE
1E-06 —3- \IDEO
g 1E-08
1E-10 4 Policy=MTP;
1E-12 5 o Window=2;
MM;‘ NI= 10000;
1E18% Bs=1000;
Normalized accepted Traffic intensity

Figure 6.13: Bit error probability vs. normalized accepted traffic intensity
Figure 6.13 shows that bit error probability change with traffic for different user
classes. Bit error probability increase as the traffic load increase.

2.packet loss rate

packet ioss rate vs Normalized accepted Traffic intensity
0.008
g oo e i ]
® 0006 — e —&—VIDEO
@ 005 . —~@—VOICE
2 oo - EMAIL
© 0003
S o0 ——FTP
g 0.001 4
04 Policy=MTP;
01 02 03 04 05 06 07 08 09 Window=2;
Normalized accepted Traffic intensity g::%o

Figure 6.14: Data loss vs. normalized accepted traffic intensity
Figure 6.14 shows data loss for four classes traffic admission. Where, we can see
that packets loss increases when the number of user increases. Meanwhile, the data
classes like FTP and Email increase quickly than the voice and video. This is because the

data classes less sensitive to loss than the voice and video.

3. NCBP of Different Traffic Classes
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Comparison of NCBP between different traffic classes when they arrive
uniformly is shown in Figure 6.15. Normalized traffic intensity includes the traffic of
blocking and admitted later. We also give two specific cases to bright the NCBP

performance in Figure 6.16 and Figure 6.17.

NCBP vs. normalized traffic intensity

0.02

0.018
2 oo
3 oo v — EMAIL
8 = ooi2 —§—VIDEO
oL
=8 oo o FTP
% e 0008 ——H——VOIGE
5 O 0006
2 o004 Policy=MTP;

0.002 Window=4;

0 e 3 ; " y T " NI=10000;
0.01 0.05 0.1 02 03 0.4 05 06 07 0.8 Bs=1000:
normalized traffic intensity

Figure 6.15: NCBP of different traffic classes when they arrive uniformly

Figure 6.15 shows that as connection traffic intensity increases, NCBP for voice
and email traffic class increase slightly, while NCBP for video increase rapidly. The
difference is duo to the fact that a video connection requires much more resource than a
voice connection.

Figure 6.16 shows NCBP vs. normalized traffic intensity of voice, while the

traffic intensity for other three traffic classes are 0.3.

NCBP vs. normalized traffic intensity of voice
0.012
2 0.01
§§ 0.008 —&é—EMAIL
S = —&—VIDEO
2§ 0.006
&3 - FTP
s & 00044 w34 VOICE
€ 0.002 - o .
0 e Policy=MTP;
0.01 005 0.1 02 03 04 05 06 07 08 0 Window=4;
normalized traffic intensity of voice N1=10000;
Bs=1000;
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Figure 6.16: NCBP vs. normalized traffic intensity of voice
Figure 6.17 shows NCBP vs. normalized traffic intensity of video, while the

traffic intensity for other three traffic classes are 0.25.

NCBP vs. normalized traffic intensity of video

0.025

Q.02

~—g—EMAIL

=~f— VIDEO
s TP

—3¢—VOICE

0.015

o
Q
=

probability

0.008

new call blocking

. Policy=MTP;
0.1 0.2 0.3 0.4 05 06 0.7 0.8 og Window=4,

. . . . N1=10000;
r ;
normalized traffic intensity of video Bs=1000;

Figure 6.17: NCBP vs. normalized traffic intensity of video

Figure 6.16 and Figure 6.17 show that as voice connection traffic intensity
increases, NCBP for video, ftp and email traffic classes increase slightly. On the other
hand, as video connection traffic intensity increases, NCBP for voice, ftp and email
traffic classes increase rapidly.

All the above figures also show that, when the connection traffic intensity
increase, NCBP of each traffic class increases. It is because the available resource is
shared by all the connection in the system. Besides, voice connections always receive
better NCBP performance than video or data connections, because a voice connection

requires much less resource than a video, ftp or email connection does.

6.2.2 Performance Comparison with Different Policies

1. Delay and Overflow
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Figure 6.18: Average buffer overflow vs. buffer size

Figure 6.18 shows that average buffer overflow (ABO) in three types of policies

relates to different user buffer size and traffic intensity. We access the mixed traffic here.

The p in the legend indicates the normalized accessed traffic intensity.

variance overflow

variance overflow vs buffer size

—ep—e MAS(p=0.1)

— B — MAS(p=0.3)

o e MTP(p=0.1)
<« M « -MTP(p=0.3)
e STA(p=0.1)

— @ = STA(p=0.9)

- - : Window=4,
400 600 800 1000 N I=8000:

buffer size

Figure 6.19: Variance buffer overflow vs. buffer size

Figure 6.19 shows the variance of buffer overflow in three types of policies

relates to different user buffer size and traffic intensity. The p in the legend indicates the

normalized accessed traffic intensity here.

We also notice that the bigger of buffer size that are assigned, the less is the

buffer overflow. Moreover, in comparison with fixed assignment schemes, the proposed
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two schemes achieves better overall performance, with very little variance of buffer

overflow, and average overflow. Moreover, MPT seems better than MAS.

average delay vs buffer size

o MAS(p=0.1)
i MAS(p=0.3)

ey MTP(P=0.1)
% MTP(p=0.3)
e STA(p=0.1)
—§— STA(p=0.3)

Window=4;
NI= 8000:

average delay

100 200 400 600 800 1000
buffer size

Figure 6.20: Average queuing delay vs. buffer size
Figure 6.20 shows the average queuing delay for the three types of policies relates to

different user buffer size and traffic intensity.

variance delay vs buffer size
14
12 ——
% 10 oo MAS{p=0.1)
© - MAS(p=0.3)
-g 8 /. o ,,.N,M'rp(pzoj)
2 7%
2 5 R e MTP(p=0.3)
8 e —em STA(p=0.1)
g 4 v D e STA(p=0.3)
2 1 e = - -
0 — r : - T Window=4,
100 200 400 600 800 1000 NI=8000:
buffer size

Figure 6.21: Variance queuing delay vs. buffer size
Figure 6.21 shows the variance of queuing delay in the three types of policies
relates to different user buffer size and traffic intensity. The average queuing delays

increase as buffer size increases.
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2.NCBP

NCBP vs Normalized Traffic intensity
0.05
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s=100;
Normalized Traffic intensity

Figure 6.22: Call blocking probability vs. normalized traffic intensity

Figure 6.22 indicates the call blocking probability of the three policies when all
users arrive according to uniform distribution. The performance curves are plotted vs. the
new connection traffic intensity. The MTP curve indicates the performance of the
Minimum Total Power policy. The MAS curve indicates the performance of the
maximum SIR algorithm. From figure 6.22, we can see that the proposed policy 1 & 2
exhibit significant improvements on call blocking probability. This is because by using
proposed MTP, minimizing total power means more new user can be admitted into
system while meeting the QoS requirement. When the traffic intensity is heavy, the
blocking probability increases. Moreover, by using the proposed MAS, the QoS of users
are granted relatively higher, as they have to meet the best quality of their class,

consequently the call blocking probability is further higher.
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Bit error Rate VS Normalized accepted Traffic intensity
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Figure 6.23: Bit error rates vs. normalized accepted traffic intensity
Figure 6.23 indicates the bit error rate of three policies when all users arrive
according to uniform distribution. The performance curves are plotted against traffic
intensity. From the figure, we can see that the proposed MTP and MAS algorithms
exhibit significant improvements on bit error rate than STA. When traffic intensity is

heavy, BER increases.

Admitted Number of user vs Normalized accepted Traffic intensity
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B
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Figure 6.24: Admitted Number of User of three policies vs. traffic intensity
Figure 6.24 shows the comparison of admitted Number of User of three policies

when all four classes users arrive according to uniform distribution. The definition of
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traffic intensity is mentioned at section 5.5.2. The user capacity is a main performance in
mobile system. The tendency of curves in this figure shows that, for the curve of using
STA policy, the number of user increase stably when traffic raise. But some bad QoS are
yielded; for the curves of using MTP and MAS policies, the number of user increase
around the curve of STA, but the users got good QoS and resource like power and rate

are allocated more reasonable and flexible.

6.3 Simulation Case 2- QoS Based Billing Scheme

6.3.1 QoS Based Billing Scheme Introduction

The effect of adding a new user to the system could be used to establish billing for
that user. The concept is to charge more to users who consume more of the total system
resource. Unlike fixed QoS systems, the effect of admitting a new user depends heavily
on the QoS requirements of the new user. A user with a high QoS requirement will
reduce system user capacity more than a user with easily supported QoS requirements
and should be commensurately charged more. For example, a user seeking high data rates
close to a group of other users will more adversely affect user capacity, through
interference and power limitations, than a user seeking a lower data rate in a low
interference region. The effect on capacity can be modeled using geometric programming
by determining the number of standardized users that could be added to the system both
before and after the new user is admitted [22]. The difference between these two numbers
can be taken as the reduction in the system (standard) user capacity that results from
admitting the new user to the system. The price could then be set as a linear function of

this difference. Under this approach, a user could experience different ”spot” billing at
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different times depending on the existing load on the system when the user sought to
access the network. Spot billing is different from the current rate based billing
approaches, and more realistically models the effect a user has on the network from a
revenue potential point of view. Moreover, from a user’s point of view, this method is

more sound and fair. Better is the quality, the more is the charge.

6.3.2 Simulation Processing and Result Analysis

We use the same system model and simulation parameters of call admission
before at our billing simulation. All assumption in call admission simulation is valid in
this section. The policy MTP is used when the user is accessed. We compare the
performances for the traditional billing method and QoS_based billing method. The main
programming flow diagram of billing processing is shown at Figure 6.25. We use C as
our computer language too. The minute rate of different classes users that we assumed in
this simulation is listed in Table 6.3.

Table 6.3: Minute rates of different classes users ($)

QoS_based rate Traditional rate
VOICE 0.20 0.25
VIDEO 0.50 0.25
FTP 0.30 0.25
EMAIL 0.10 0.25

The curve based Table 6.3 is shown at Figure 6.26. The rates of classes are depended on

both QoS and real time transmission or not. Mixed four classes admission users were
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admitted uniformly. For each user, the price is calculated according to the duration of
user admission. i.e.

n

2 Price ; = Z (duration of admission * the rate of traffic rate) ; (6.9)
i=1

i=1
Where n is the number of user in traffic class j. For traditional rate calculation model, we
adjusted traffic intensity to as same as the other four traffic intensity. The billing data
according to QoS based price and traditional price calculation are collected in ten minute

(600 iterations). Their performance is shown at Figure 6.27.

(. smmr )
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CALCULATE BILLING
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STREAM TO LOG FILES

DRAW PERFORMANCE
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¥
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Figure 6.25: The main flow diagram of billing processing
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billing each minute vs traffic class
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Figure 6.26: Price per minute vs. traffic classes
Figure 6.26 is a comparison of the QoS based rate and traditional rate in a unit
time. The user of traditional rate and the user of QoS based rate are assumed work in

same time. “traditional_r” in the legend here means the billing is calculated by traditional

rate.
billings of different classes vs. normalized accepted traffic intensity
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Figure 6.27: Billing of CAC vs. normalized accepted traffic intensity
The simulation result is shown in Figure 6.27. Five curves are drawn with the
increase of normalized traffic intensity. The policy MTP is used when the user is
accessed. Measurement window is 4 iterations. Buffer size is 1000. We can see from the

curve that different traffic users are charged differently. Compared with the traditional
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method, the QoS based billing method is more reasonable and easy to accept by

customers.

6.4 Summary

Numerical results with our three policies have been presented to demonstrate the

performance of connection level QoS performance of a single cell CDMA system. The

results show that:

1.

Compared with other non-joint RRM schemes, the proposed joint RRM scheme
can achieve low NCBP while keeping relatively high system resource utilization
and QoS;

Compared with the MTP (minimum total power algorithm), the MAS (maximum
SIR algorithm) result in reduction in system capacity while higher user

satisfaction;

. Due to the resource sharing effect, traffic change in one traffic class affects the

performance of all the traffic classes in the system;

Voice traffic change has much less effect on the system performance than other
traffic classes because a voice connection requires much less system resource than
a video or data connection.

The billing scheme according to QoS is more reasonable than the traditional

billing method, which could be accepted by more users.
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Chapter 7

Conclusions and Future Work

7.1 Conclusions

A resource allocation scheme supporting multi-class traffic CDMA system has
been proposed in this thesis. The policies achieve effective and efficient radio resource
utilization, which can benefit both mobile users and network service providers. From all
the work in this thesis, we can conclude that:

e Proposed resource allocation policies are verified effectively by simulation
results.

o In multi-class traffic CDMA system, traffic change in each class affects the
performance of all the classes in the system. Therefore, improving the efficiency
in resource allocation in one traffic class can improve the performance of all the
traffic classes in the systems.

e Due to the differences among resource sharing policies, connection policy
requiring less system resource always achieves better system capacity than those
requiring more system resources.

e Joint consideration of different network characteristics in the RRM in cellular
CDMA systems can achieve better resource utilization and effective QoS

guarantee.
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e Compared with other non-joint RRM schemes, the proposed MTP scheme can
achieve low NCBP while keeping relatively high system resource utilization and
QoS.

e Compared with the minimum power algorithm, the maximum SIR algorithm
results in reducing system capacity but yields higher user QoS.

e Since some objectives are paradoxical, it is impossible to stmultaneously optimize
all of them. Our research is to improve the system utilization subject to satisfying

a constraint on other parameters.

7.2 Future Work

>

>

In the thesis it is assumed that power control is perfect, i.e. it always adapts to
variation of the channel and keeps the SIR at a constant required level. While this is
realistic when fading is slow, it is interesting to study the resource allocation problem
in fast fading environment. There the SIR at the receiver is not constant but randomly
distributed due to the error in power control. It is possible to extend the resource
allocation scheme in the thesis to this case using adaptive power control based on the
mean value of the SIR.

The optimization algorithms we studied occasionally yield no feasible solution. In
this case, we have to rerun the optimization program. Added, these are centralized
algorithms. It will more effort to find corresponding distributed algorithms.

The cellular system demonstrated in the thesis is in a single cell environment. An
interesting question is resource optimization of multi-cell CAC scheme based on the

estimation of other-cell interference.
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How this system scales is another question that should be considered in future, i.e.
what is the capacity of cellular system in a cell environment with cell dimension of
several hundred meters to tens of meters.

This thesis proposes a call admission control scheme in multi-class traffic for CDMA
cellular networks. It does not model user mobility. It would be more practical to
incorporate these effects and extend the admission control scheme to a more realistic
scenario.

It is also interesting to develop a joint admission and handoff control scheme to
better adapt to the dynamic and non-uniformly distributed traffic in CDMA cellular
networks.

In this thesis we focus on solving resource allocation problems in the uplink (from
mobile to base station) transmission. Traditionally this has been a bottleneck in the
performance of wireless networks due to the difficulties in keeping users
synchronized at the base station, the limited handset power and battery life, and the
large overhead in packet access control and scheduling. In next generation wireless
networks traffic in the downlink (from base station to mobile) is likely to increase
significantly due to the need to access and download information from the Internet.
Meanwhile performance of uplink transmission will be greatly improved using
performance-enhancing techniques such as the antenna array multi-user receiver.
Therefore downlink could be a bottleneck and it is desirable to enhance its
performance using various technologies. A resource allocation scheme using joint
transmit power control and beamforming using antenna array transmitter at the base

station could be one of the solutions.
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