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Abstract

The next generation wircless networks will realised the true broadband communication. The
existing research to optimise the bit rate had cxplored numerous techniques, which include
adaptive modulation and coding (AMC) scheme. With this technique, a channel is cstimated
and based on target BER, certain paramecters of the transmitted signals arc dynamically

changed for efficient utilisation of scarcely available radio resources.

In this thesis, a set of unique strategies and enhanced schemes for adaptive CDMA modula-
tion are devised. A graded resource system is proposed for better radio resource management.
Subsequently, a successful adaptive CDMA algorithm is designed and a prioritised process-
ing gain for adaptive CDMA algorithm in satellite system is introduced. The idea of the
critical section in the downlink system when a user controller scheme has to be activated
to improve the performance is initiated. The diversity technique and rate compatible punc-
tured turbo-code (RCPT), which has been found to give improved throughput performance
in a direct sequence (DS) CDMA, arc exploited. An analytical process and simulations were
carried out. The algorithm presented has the potential to improve reliability, availability,
performance and robustness. These improvements arise from radio resource management
algorithms. The threshold based algorithm method adopted in this work have the capability

to optimisc both the throughput and performance of wireless systems .

The proposed adaptive CDMA algorithm was simulated and the results compared with
existing systems. The simulation results show that the proposed adaptive CDMA algorithm
provides better throughput performance. Also a remarkable gain can be obtained when the

processing gain is prioritised over modulation and coding scheme (MCS). The throughput

xiit



performance of the algorithms is dependent on the channel situation. The influence of
channel parameters on these relative gains is evaluated in this work as well. Furthermore,
it is concluded that the spectral efficicucy depends on the number of available resources for
adaptation at the transmitter. Finally, the benefit of using adaptive modulation system in
terms of spectral efficiency and probability of bit error for different applications is examined

on the proposed scheme.
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Chapter 1

Introduction

Radio resource management (RRM) is the system level control of radio transmission char-
acteristics in wircless communication systems [1, 2]. Paramecters such as transmit power,
transmit rate and modulation scheme are controlled. The objective is to utilize the lim-
ited radio spectrum resources and radio network infrastructure as efficiently as possible. In
static radio resource management fixed resource allocation arc performed. Adaptive radio
resource management scheme dynamically adjust the radio network parameters to the traffic
load, user positions, quality of service requirements, etc. Adaptive RRM schemes have been
considered in the design of wircless systems [3, 4], in view to maximize the system spectral
efficiency and to achieve performance in order to satisfy the QoS required for fading channels
[5]. Changing from relatively static radio resource management techniques gencrally in usc
today to dynamic methods like thosc discussed in this thesis helps to increase capacities and

improve performance of wireless systems.

Examples of adaptive RRM schemes are power control algorithms, admission control, adap-
tive filtering, and adaptive modulation and coding. In this work, adaptive modulation and
coding is considered. AMC is onc of the techniques, which is defined in the third genera-
tion wireless system to improve the throughput on fading channels [6]. AMC is defined in
wircless communications to denote the matching of the modulation, coding and other signal

parameters to the conditions on the radio link [7]. These conditions involve pathloss, the
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interference duc to signals coming from other transmitters, the sensitivity of the receiver and

the available transmitter power margin [7].

1.1 Motivation

The driving force and main design objective of third-generation systems, as defined by the
Universal Mobile Telecommunications Services/International Mobile Telecommunications in
the year 2000 (UMTS/IMT-2000), has been high bit rate scrvices [8]-[10]. Third generation
systems should be able to offer at least 144 kb/s (preferably 384 kb/s) for high mobility users
with wide area coverage and 2 Mb/s for low mobility users with local coverage [11, 12]. The
need for high bit rate services, together with the scarce spectrum, motivate the development
of more spectrum efficient radio technologies. The goal of UMTS/IMT-2000 is to support
a large variety of services with different quality of service requirements, that is, multimedia
services with bandwidth on demand [13]-[15]. The technical challenge is to achieve the
required flexibility without overwhelming complexity in the network and terminal [13]-[15].
Another challenge is the fourth generation wireless systems (4G) requirements to achieve
true broadband access and to provide the spectral efficiency needed for some applications
that 3G is incapable of supporting at low cost. AMC is a solution to these problems. RRM

algorithms that guarantee the required quality for all users in a fair manner is required [16].

1.2 Objective of Thesis

The objective of this thesis is to propose a set of unique strategies and priorietised AMC
schemes, which are efficient for adaptation in broadband direct sequence code division mul-
tiple access (DS-CDMA) satcllite networks. This could lead to an optimised utilisation of
scarcely available radio resources for the realisation of next wircless generation in satellite

systems.

To achieve the above objective two processes have to be followed
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e Develop an efficient adaptive CDMA scheme

e Evaluate the schemes via simulation

The purpose of adaptive CDMA algorithms is to change some parameters in satellite trans-
mission for the optimisation of available radio resources. The adaptive CDMA system has

the advantage of flexibility, and it can provide high transmission quality and throughput.

The scope of the thesis focuses on adaptive CDMA algorithms for mobile satellite systems,
but some references will be made to adaptive modulation and coding in CDMA and adaptive
sclection of multiple access (MA) scheme. The work is divided into three parts: satellite
channel and system modelling, modulation and coding scheme (MCS), and an adaptive
CDMA algorithm. Instant and perfect channel estimation is assumed to be available for

systems in this thesis.

1.3 Problem Description

One of the important properties of a wireless channel is its non-deterministic characteristic.
This results in a stochastic performance and throughput. In other words, system performance
is not optimised for a fixed wireless system because the mobile communication channecl is
varied in time. Consequently, the channel bandwidth cannot be used efficiently. However, in
wireless communications, spectrum is the most costly parameter that determines the rate at
which information can be transmitted. For many years, researchers have been finding ways of
either conserving or exploiting spectrum for its most efficient use. Also, it was reported that
to achieve broadband multimedia services, which was the next phase in the development of
mobile satellite networks, the L-/S-bands (390-1550Hz/1550-3900MHz) already sct aside for
Satellite-UMTS /IMT-2000 had a limited bandwidth and would not be suitable for high-speed
applications [17, 18]. It will be necessary to move up in the frequency band to an allocation
where sufficient bandwidth is available {19]. The next suitable frequency band is the Ka-
band (17250-36000MHz) [20]. However, an inherent problem of this band is the channcl
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characteristic, which is discussed in the next chapter. The most notable characteristic of

land mobile channel at this frequency is fading due to shadowing [20].

1.4 Related Work and Approach

Several techniques have been identified to counteract the effect of fading [19]. One of these
techniques is adaptive modulation and coding (AMC). The usc of AMC techniques is par-
ticularly recommended to address the fading issuc and to improve the availability of the
mobile link {19, 20]. Moreover, an effective technique is needed to improve the throughput
and to meet the quality of service (QoS) required for next generation services as defined in
the UMTS standard by the ITU for satellitc mobile systems [16]. Some of the techniques
in the literature which attempted to solve this problem inciude wvariable-rate techniques,
in which the symbol rate is fixed while changing the constellation size or modulation type
[21, 22]; variable-power techniques, in which the power adaptation inverts the channel fad-
ing so that the channel appears as an AWGN channel to the modulator and demodulator
[22, 23]; and Variable-coding techniques, whereby different channel codes are used to provide
different amounts of coding gain to the transmitted bits [24, 25]. Variable-coding is imple-
mented by multiplexing different error correction capabilitics. This method uses a strong
error correction code when the strength of the received signal is small, and a weak code
or no coding when the strength of the received signal is large [26, 27]. However, because
of complexity, modulation must remain fixed [27]. An alternative technique to this is the
use of rate-compatible punctured turbo (RCPT) codes, which is an effective adaptive coding
technique {28]. In our work, we considered adaptive modulation and coding (AMC) and ex-
ploited the advantages of RCPT codes to solve the complexity problem imposed by adaptive

modulation.

Many papers present different approaches to the implementation of adaptive techniques.

Some of these approaches is described in [29].

In this work, an improved and robust AMC scheme that is based on the threshold method
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is examined for throughput maximization in broadband CDMA satellite networks. The pro-
cessing gain is prioritised over MCS. Satellite path diversity using RAKE receiver technique
is exploited, as well as RCPT. Simulations were carried out. The simulation result shows an

improved average throughput performance over traditional modulation and coding scheme.

1.5 Contributions

The contributions of the thesis are the following;

e Proposed a prioritised processing gain adaptive CDMA algorithm in Ka-band LEO
broadband CDMA satcllite networks.

¢ Evaluate the BER performance and throughput of the proposed adaptive CDMA al-

gorithm and comparc the results with the existing system of modulations.

e Combine different adaptive CDMA schenics, which composed of different grades of

resources sct and examine their throughput maximization.

o Investigate the proposed adaptive CDMA algorithm for different applications in Ka-
band LEO broadband CDMA satellite networks.

1.6 Outline of the Thesis

Figure 1.1 presents the organization of the thesis. This thesis starts by providing the motiva-
tion, which includes the description of some requircments and current challenging technical
problems associated with wireless transmissions. It further lays out the objectives to be
achicved by the end of the rescarch work. Onc of the problems affecting the wireless trans-
mission, fading, is described. Related works, which have been reported in the literature

including the techniques, the methods employed and our approach are briefly discussed.
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Figure 1.1: Thesis Outline Flowchart

The expected contributions to knowledge are highlighted and the thesis outlines are briefly

discussed.

In Chapter 2, the background of the thesis is discussed. The mobile satellite network re-
quirements arc identified. The existing satellite personal communication networks (S-PCN)
for mobile satellitc systems are compared with the proposed satellite-UMTS, which have
been accepted for the next generation satellite network system. One of the cxisting satellite

channel models is examined for consideration in our system model.

In Chapter 3, the channel and the system modecl is presented, and their performances are

evaluated via simulation.

In Chapter 4, the concept, architecture, design objective, and problem definition are de-
scribed. Formula derivations, development process of the AMC, strategy, and work proce-
dure of adaptive CDMA modulation are discussed and analysed. The adaptivity is based on
the current channel condition described in Chapter 2 and 3. The proposed adaptive CDMA

6
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modulation algorithms for satellite channel with prioritised processing gain is presented.
The algorithm is evaluated for throughput performance and compared with the existing
AMC system. The effect of varying the BER is examined for system flexibility. Finally, the

performance of the proposed adaptive system is compared with the fixed system.

In Chapter 5, conclusions and recommendations are summarised and some future directions

related to the work presented in this thesis are discussed.



Chapter 2

Background

2.1 Introduction

The recent developments in satellites technology, transmission techniques, antennas, and
launch capabilities have cnabled a new generation of services to be made available to uscrs
[30]. Communications satcllites have been widely considered to complement the terrestrial
systems. [31, 32]. There are four orbit types for satellite systems: geostationary orbit,
highly elliptical orbit, low Earth orbit (LEO), and medium Earth orbit (MEO) [33, 34,
35]. Traditionally, geostationary satellitcs were used as the sole basis for the provision
of communication satellite services. Recently, LEO and MEO orbits are being used to
provide voice and low data rate services in hand-held phones. This system is implemented by
combining QPSK modulation with any of the multiple access techniques such as frequency-
division multiple access (FDMA), time-division multiple access (TDMA), and code-division

multiple access (CDMA)([36, 37, 38, 39].

In this thesis, a direct sequence CDMA access technique is considered and implemented for
satellite systems. CDMA technology is a method of providing multiple access in a wircless
system where each user is assigned a unique code that identifies the user to the system [40].

CDMA has several advantages over other more traditional multiple access methods. One of



2.1. INTRODUCTION

the most important is its inherent noise-rejection capability. It is a good option to be consid-
ered in terms of spectral efficiency. Also, satellite systems have utilised lower constellations
such as BPSK, QPSK, offset QPSK, pi/4 shift QPSK, and 8PSK for modulation. This is be-
cause satellite transmission requires low signal-to-noise ratio (SNR) duc to the noise-limited
channel. Higher constellations require high signal-to-noise ratio (SNR) and they may not be
desirable for satellite transmission [33, 34]. In this work, both BPSK and QPSK techniques
arc considered for adaptive system. The combination of this with CDMA allows the satellite

transmission system to overcome fading and interference.

Satellite personal communication networks (S-PCN) using the above technology were de-
veloped to provide voice and low data rate services. These services are similar to those
available via terrestrial ccllular networks, using hand-held phones via satellite in cither the
LEO or MEO orbits. The allocated frequency bands for S-PCN ranges between 140 and
400 MHz for data systems, and 1.610-1.665GHz (uplink) and between 2.4835 and 2.500GHz
(downlink) for voice systems [39]. The major operators of S-PCN are Globastar, Iridium,
and Intermediate Circular Orbit (ICO) [41]. Different environments require different values
of Rice-factor, which is the power ratio of the direct wave to the diffuse component. Typical
values of measured Rice-factors arc within the range of 5-18dB for the satellite elevation
angle of 10-50 degrees with a fadc rate of less than 200Hz for a mobile device travelling at
less than 100km/h. The Rice-factor is in the range of 10-18dB for land mobile channcls in

rural or suburban areas and 5-10dB for mobile channels in urban arcas [37, 42].

The common frequency bands that are used in satellite communications are the L, S, C,
and Ka band, which arc in the ranges of 390-1550Hz, 1550-3900MHz, 3900MHz and 17250-
36000MHz, respectively [43]. S-PCN operate in the L- and S-bands between 1 and 3 GHz.
However, the S-PCN has a limited bandwidth and this makes it less suitable for high-speed
applications [43]. Ka bands are widely considcred these days for satellite transmission be-
cause of their wider bandwidth, which allows the use of high data rate for broadband mul-
timedia applications. Also, Ka band is not overcrowded [44, 45]. Furthermore, a number of
different satellite roles have been defined in the framework of the third gencration of mobile

systems, which is referred to as Satellite Universal Mobile Telecommunications System (S-
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UMTS) by the European Telecommunication Standards Institute (ETSI) and International
Telecommunication Union (ITU). Part of the S-UMTS objectives are to cnable global roam-
ing of UMTS users and to provide QoS commensurate with that of terrestrial QoS at an

affordable cost [9, 33, 46].

The remainder of this Chapter is as follows. Section 2.2 describes the mobile satellite re-
quirements, which are further discussed in Subsections 2.2.1, 2.2.2 and 2.2.3. The basic
architecture of the mobile satellite networks is discussed in Section 2.3 and the two major
satellite networks are described in Subsections 2.3.1 and 2.3.2. In Scction 2.4, satellite ra-
dio propagation is discussed. Subsections 2.4.1, 2.4.2, 2.4.3, and 2.4.4 describe the channel
characteristics, examine the land mobile signal components, investigate the channel prob-
ability density functions and present joint probability distribution modelling respectively.
The channel coding using turbo codes are considered in Section 2.5. The Chapter summary

is drawn in Section 2.6.

2.2 Mobile Satellite Requirements

General requirements for third-generation services arc defined in terms of bit rate, bit error
rate, and delay. In order to offer multimedia applications, the S-UMTS system should at
least be able to support user bit rates of up to 144kb/s in a rural outdoor environment at
a maximum speed of 500km/h, 384kb/s with limited mobility in a macro and micro-cellular
suburban outdoor environments at a maximum speed of 120km/h, and 2Mbit/s with low
mobility in home and pico-cellular indoor and low-range outdoor environments at maximum
speed of 10km/h [9]. The CDMA proposal has been submitted to ITU for UMTS/IMT-2000
satcllite component. The proposal is aimed at providing scrvices up to 144kb/s. In terms
of spectral efficiency, the bit rate is expected to be maximised as much as possible using an
adaptive system. In term of QoS and end-to-cnd delay requirements, a target BER of 1073
and a maximum delay of 400ms is defined for voice services. A BER of 107% and different
delay requirements have been considered for cach class of data service (e.g., a few seconds

for Internet access) [38, 41].

10
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2.2.1 Digital satellite network Requirements

Satellite and terrestrial systems are considered as complimentary networks to achieve full
coverage needed for communication systems. Mobile satellite services have been given at-
tention for internct access and telephoncs services. The standard for satellite system need to
be adopted for better performance and utilisation. This will include frame length, allocation

frequency, transmission scheme, throughput and QoS requirements [47].

2.2.2 Broadband Satellite Requirements

The next wireless generation will achieve the true broadband with broadband satellite service
to provides affordable multimedia services at a lower cost. This could be achicved through
the throughput maximisation and efficient AMC system. Better performance could also be

achieved by considering the higher frequency bands such as Ka-band [47, 48, 49).

2.2.3 Physical Layer Requirements

The QoS at the physical level is expressed in terms of the BER. The physical link design
is expected to put into consideration problems such as the signal fade. AMC have been
considered at the physical layer to counteract these effects. The implementation of AMC
schemes in satellite network can result in significant saving in the transmission power and

bandwidth [47, 50, 51].

11
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£

USER SEGMENT

Inter-5atellite Links

t’cl:dm' Tin k!

Core MNetwork 1ahile I.ll1#

Figure 2.1: Basic Satellite Network Architecture

2.3 Mobile Satellite Networks

The basie architeeture ol o mobilesatolhie aecess neowork s shown o Figore 210

networls architeeture is didded inte three segments: user segment, gronnd sewment, and

space scgment. The voles of cach sepment are discussed in the following,

The Uscr Scgment : The user segment is of two typos:

o Mobile terrmnals - Mobile terminals are those that support Tull mebility during op-

craticr., They can be further divided into two categories: mobile personal terminals

and mobile proup terminals. Mobile personal terminals often refer to band-held and

palm-top devices, Olher moldle personal Lermional calesories inctude Lhose siboated on

12
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board a mobile platform such as a car. Mobile group terminals are designed for group
usage and for installation on board for a collective transport system such as a ship,

cruise liner, train, bus, or aircraft.

o Portable terminals - Portable terminals are the type with dimension similar to a brief-
casc or lap-top computer. As the name implies, these terminals can be transported

from one site to another, but operation while mobile is normally not supported.

The Ground Segment : The ground segment consists of threc main network elements:
gateways, sometimes called fixed Earth stations (FES), the network control centre (NCC),
and the satellite control centre (SCC). Gateways provide fixed entry points to the satel-
lite access network by furnishing a connection to the existing core networks (CN), such as
the public switched telephone network (PSTN) and public land mobile network (PLMN),
through local exchanges. A number of gateways can be located within a spot-beam, or
a gateway could provide access to more than one spot-beam, depending on the satellite

coverage [52].

The Space Segment : The space segment provides the connection between the users of
the network and the gateways. A direct conncction between users via the space segment is
also achievable using the latest generation of satellites. The space segment consists of onc or
more constellations of satellites, each with an associated set of orbital and individual satellite
parameters. Satellite constellations arc usually formed by a particular orbital type; hybrid
satellite constellations also exist in the spacce segment. One such example is the ELLIPSO

network [53].

2.3.1 Satellite Personal Communication Network

Geostationary satellites were conventionally used as the only technology for the provision
of satellite mobile in one form or another [36]. Later, other satellite systems such as low
Earth orbit (LEO) and Medium Earth orbit (MEQ) were launched to enable satellite personal
communication networks (S-PCN). LEO satellites are placed between 750 and 2000 km above

13
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Figurc 2.2 Cell Typis

the Earth and MEO satcdlites are placed between 1O 000 and 20 000 e slove the Tarth.
GLOBALSTAR is a svatom that uses the TTQ, while NEW 100 exploits the MEO systen
Satellite Personal Clommunication Network (S-PUN) wimed pritearily st the provision of
voies and Jow dats rate services, similar to these svailable via terrestrial cellular networks.

S-PUN nedworks operale in the L- and S-bands 133, 34, 117

2.3.2  Satellite-UMTS Nelworks

As mentioned belore, 5-PCN has a limited bandwidth and this makes it less suitable {or
high-speed applications. Satcllite-UMTS nelworks provide higher bandwidth and are being
canaldered in the third generation of mobile systers by Universal Mobile Teleeomeomunicat inng
Svstem (UMTS) 1o ensble global roaming of UMTS users and to provide QoS This will allow
a user to operatc in a varicty of transmission cavironmenis, which melude office, home,
urban-vehicular and -pedestrian, rural-vehicular and -pedestran, sal ellite-fixed, satellite-
rural. acronautics). and marilime enviconments. Five basic cells [satellite, 1mscro, micos,
picn, and home cells) Lhat form an hiczarchical cell-strueture, as illustraled in Flgore 2.2,

are identified to cover a user covironment 54
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2.4 Satellite Radio Propagation

The performance of a satellite system depends on the propagation mode of the radio waves
[55]. The nature of the propagation channel is the biggest obstacle facing the design of com-
munications systems. This makes satellite channels characterised by fading and interference
[56]. In a mobile satellite network, two types of channels exist: the mobile channel, between
the mobile terminal and the satellite; and the fized channel, between the fixed Earth station
or gateway and the satellite. These two channels have very different characteristics, which
must be taken into account during the system design phase. The more critical of the two
links is the mobile channel, since transmitter power, receiver gain and satellite visibility arc
restricted more in comparison to the fixed link [57, 58]. Thus, this thesis focuses on the

mobile channel.

The mobile terminal, unlike a fixed system, operates in a dynamic environment where prop-
agation conditions are constantly changing. As a result, the local operational environment
has a significant impact on the achievable quality of service (QoS) and throughput of the
system. The different categories of mobile terminals used in different environments such as
land, aeronautical, or maritime, also have different impacts on channel characteristics, and

these should be considered in channel modelling [59, 60].

2.4.1 Mobile Channel Characteristics

The first step toward modeling the mobile satellite channel is to identify and categorise
typical transmission environments [61]. This is usually achieved by dividing the environment

into three broad categories as shown in Figure 2.3.

¢ Urban areas, environment characterised by almost complete obstruction of the direct

wavece.

¢ Rural areas, open place with no obstruction of the direct wave.
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Mobile Usage Scenarno
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Figure 2.3: Land Mobile Satellite Environment

» Suburban areas, a tree shadowed covironment, where intermittont partial obstruc-

Lo of [he direcl wase oocurs.

In urban areas, visibilidy to the satellite is diffienll o guarantes, ared this resulis in the
multipach component thad ddeminates receplion of 1the signal. Thus, a receiver recelves a
randoi amplitude and phase sipnal, In order to reduce this effect, satellice constelladions
with a high guaranteed minimnm clevation angle arc required.  Also, satellite diversity is
necded 1o allow opinnun reception of one or more sacellile signals so as Lo counteract the
eifec) of shadiwing. These faci ors calse the wban propasation environments Lo place severs
consiraints on the mabile saweliite nelwork. For example, in order Lo schiove o dade margin
in the region of -10 4B In urbuan environments, o continuous guarantoed minimunm uscr-to-
satellite elevation angle of at least 50 degree and a constellation of [0 satcllites s roquirerd
(2, 63, fi4]. Because ol these constoainds satellie networks have been integrated with a
terresirial systenn in urban enviconments, GLOBALSTAR 15 a good exampde of an operator

using | his sconario.
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In rural areas, where direct linc-of-sight (LOS) to the satellite can be achieved with a fairly
high degree of certainty, the multipath effect could cause link impairment. This effect can be
either constructive or destructive to signal components. A constructive multipath component
cnhances the transmitting signal, while the destructive multipath component causes fade
to the direct wave component and result in signal power fluctuations [56, 65]. In suburban
arcas, the major signal degradation is due to buildings and other man made obstacles. Thesc
obstacles cause shadowing to the direct LOS signal and result in attenuation of the received
signal. The presence of trees is also another obstacle. The depth of the fade is dependent
on a number of parameters: tree type, height, and the leaf density of the trees [66]. Also,
the motion of the mobile through suburban areas results in the continuous variation in the
received signal strength and phase. The effect of moving up in frequency to the Ka-bands

imposes further constraints on the design of the link [57].

2.4.2 Land Mobile Signal Components

The received mobile satellite signal consists of a combination of three components: the
direct linc-of-sight (LOS) wave, the diffusc wave, and the specular ground reflection, as
shown in Figure 2.4. The direct LOS wave arrives at the receiver without reflection from
the surrounding cnvironment. However, dircct components are affected by free space loss
(FSL). FSL is rclated to the operating frequency and transmission distance. Another loss
experienced by the direct component is due to the ionospheric and tropospheric effects.
Tropospheric effects can be considered negligible at frequencies below 10 GHz, but systems
operating at above 10 GHz need to take this effect into account. The impairments introduced
by the ionosphere is always counteracted by the selective use of transmission polarisation

67, 68. 69].

The diffuse component comprises of multipath reflected signals from the surrounding cnvi-
ronment, such as buildings, trees, and telephone poles. Multipath has an effect on mobile
satellite links in most practical opcrating environments [61]. The specular ground compo-

nent results from the reception of the reflected signal coming from the ground near to the
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Figure 2.4 Savellite Channel Scatario

mobile. Armtennas of low gain, wide beam width operaling via salellitos with low clevation
angle are particularly susecptible o this Foeen of fmpairment. Such o scenario coudd Inelude

hand-held cellular like terminals operating via o non-geostationary satclhte.

2.4.3 Channel Modeling

The statistical model is an accurale made] 1o characterise the multipath aned shadowing
phenomena of fadimg channels. This Is hecause it- allows the dynamie natuce of the channe]
L he modelled and coables the porformance of the system Lo be evalualed lor different
covironments.  The combination of three probability density functions (PDF) 12 used ta
chiavacterise Lhe chiannel. Tigian pdf is considered when a direct wave dominates aver the
mltipalh recopiion, Rayleigh pdf s used when muoltipath veception dominates over U
direct wave, and lognormal pdl s always used to represent shadowing effects associaied with

the received wave,
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Figure 2.5: Rayleigh Channel Mardel

The Ravleigh distribution shown in Figure 2.5 is vacd fo represent the projmpation envicon.
ment where the mobile anrenia receives a lerge number of rellected and scattered waves, The
Ravleizh distribution assumes that all the components that make ng the resnliant reccived
signal are reflected or seattered and there is no dicect path (e, LOS) [rom the cransmiler
to the recciver. This PDF is snitable for nrhan areas wheve there is complete obstruction of

the direct wave.
The pdf of the Rayleigh model is plven as [70)]

o R L .
plrl = pied o eyl € (2.1)

whoere v 1s the received signal envelope and a2 is the mean ol the received scattered power

Lecause of the multipath offeets,
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Figure 2.6: [ician Channel Model

Rivian PDF

The Rician distribution shown in Figinee 2.6, s used to represent | he propagation environment,
in which LOS propagation is dominant. [manch case the resultant signal amplitude Tollows

thie Tiedan oistributiat.

The model, in lerms of probability distribution of the received signal envelope, v, is given as
[71]

. i O i " A
= ey |~ | L | = 22

whore A represents o signal with clear LOS and £, is the modificd Bessel funetion of order
zero. The phase distribution i no longer uniform like & Ravleigh distrlmtion. When A —
0, il becomes the PDF of o Ragleigh focding process. [o could be observed (hat Ravleigh
distribution is a special case of the Rician distribution and ariscs when there 5 no LOS

component available,
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Lognormal PDE
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Figure 2.7: Lognormal Channel Morla!

recelved signal envelopa, v, is givon as

Lognormal discribucion shown in Figiee 2.7, 15 used to repeesant, the propagacion environment
i which {he direet wave is shadowed, The model, in terms of probability distribution of the

plrl = e

o (_‘..11“" ‘.}*.s'l)
Tt 2T : 22 :
the shadowed component (lnar).

(2.3)
where 7, is the standard deviation of the shadowed component (Inv] and g ts the mean of

This distribmition combined wich any of those mentioned is seitable for a subnrtsan area in

the direct wave componenl.

which random shadowing of the dircet wave occurs due to the presence of troees, buildings,
amd a0 on. The lognormal distribution 1s used Lo eepresen) the ofleet of this covivonment on
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2.4.4 Joint Probability Distribution Modelling

The statistical distributions described in the last Section are combined to characterise a
complete transmission environment. Two of the most widely referenced statistical models
arc those developed by Loo [71] and Lutz [72]. The Loo model is an example of how the
constituents of the channel are combined into a single probability distribution with associated
parameters. The Lutz approach, on the other hand, employs state orientated statistical
modelling, whercby cach particular state of the channel is separately characterised by a
probability distribution, with a specified probability of occurrence. A third model, which
is an alternative to Loo’s model is the Corazza and Vatalaro model. These models are

explained in more detail.
Loo’s Channel Model: Loo’s Model [71] is based upon measurcments for mobile trans-
mission link in rural environments. The model assumed:

e The received voltage duc to diffusely scattered components is Rayleigh distributed;

e The voltage variations duc to attenuation of the direct path signal arc log-normally

distributed.

Loo’s PDF for a signal envelope 7 is given by {71]

o q 1 Q_ s 2 2+Q2 Q
pLoo(r) = ;2——\/7‘271':0’3 0 éexp <_( - QO'E'H ) - ! 202 ) [O <2—2> an (24)

where o2 is the mean of the received scattered power due to multipath propagation, o2 is the
standard deviation of the shadowed component (In A) and p; is the mean of the shadowed

component (in A).

Lutz’s Channel Model: Lutz’s Modecl [72] employs a two-state Markov model and assumes
that the propagation link has two distinct states: shadowed and un-shadowed. The un-
shadowed is called a good fading state, or clear LOS, where the received signal is comprised

of the direct component and multipath reflections, and is assumed to be Rician distributed.
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The shadowed is called a bad fading state (LOS shadowed or blocked, or both), where the
received signal is characterised by a Rayleigh distribution, with a short time varying mcan
received power, for which a lognormal distribution is assumed. The resultant probability

density function of this model is given by

ge el

PLutz(S) = (1 - Q)PRice(S) + Q/ PRayleigh(3|SO)PLognormal(SO)dSO~, (25)
0

where 2 is the proportion of the time spent in each fading state.

Corazza and Vatalaro Channel Model: The Corazza and Vatalaro model [65] is an
alternative model to Loo’s approach for non-geostationary satellite constellations. In this
model the direct and scattered components are both considered to be affected by shadowing.
This is termed the Rice-lognormal model (RLM). This is the basis for our channel model.
The Corazza and Vatalaro modcl is preferred to other existing channel models because it is
well suited for the application arca that we consider here, and the model provides a deep
insight into the nature of the satellite channel characteristics, which is uscful when designing
satellite radio systems [65]. Corazza and Vatalaro model is explained in details in Chapter

3.

2.5 Channel Coding

Satellite communication systems are generally limited by available power and bandwidth. It
is therefore of interest if the signal power can be reduced while maintaining the same grade
of service. This can be achieved by adding redundant bits to the information content, using
a channel encoder. The two main classes of channel encoder that arc most widely used for
satellite communications are: block cncoders and convolutional encoders. At the receiver,
the additional bits arc used to detect any crrors introduced by the channel. One of the

techniques employed in satellite communications to achieve this is forward error correction
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(FEC), where crrors are detected and corrected at the receiver. Turbo codes are one of the
powerful types of error control codes currently available. They are used as the building blocks

for bandwidth efficient code schemes and have recently been included in the 3G standard.

2.5.1 Overview of Turbo Codes

Turbo codes were first presented by Berrou, Glavieux, and Thitimajshima in 1993 [73]. Turbo
codes comprises of encoder and decoder. The encoder consists of two recursive systematic
convolutional codes in parallel separated by an interleaver. The decoder consists of two
Maximum A Posterior (MAP) decoders connected via interleavers and pass soft decisions
from the outer of onc decoder to the input of the other. This process is iterated several times
to produce better decisions. The information, which is available to one of the component
decoders before it starts its own decoding process, is called intrinsic information. Extrinsic

information is derived by cach decoder itself.

2.5.2 Convolutional Codes

Convolutional codes generates a digit sequence from the information digits in which no finite
group of information digits can be ascribed to one information codeword. A convolutional
code adds redundancy to a continuous stream of inputs data by using shift register. For
instance, a convolutional encoder rate r = k/n will have cach set of n output symbol as a
linear combination of the current set of k input bits and m bits stored in the shift register.
The total number of bits that each output depends on the constraint length, and is denoted
by k [74].

2.5.3 RSC Component Codes

The recursive systematic convolutional (RSC) encoder is derived from the nonrccursive non-

systematic convolutional encoder by feeding back of its encoded output. A simple RSC
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Figure 2.8: Recursive Systematic Convolutional Code
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Figure 2.9: Non-Systematic Convolutional Code

encoder is shown in Figure 2.8 along with a non-systematic (NSC) encoder in Figure 2.9,
for comparison. A convolutional encoder, which has its input block unchanged is called sys-
tematic while convolutional encoder, which is implemented by including feedback is caled a

recursive convolutional encoder [75].

2.5.4 Encoder for Turbo Codes

Turbo encoder is a parallel concatenated convolutional code. Figure 2.10 shows a block
diagram of the turbo encoder consists of two convolutional encoders, separated by pscudo-
random interleaver. The encoder structure is a ratc 1/3, mapping N data bits to 3N code

bits and is formed by parallel concatenation of two identical rate % and generator polynomial
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Figure 2.10: The Encoder for Turbo Codes

G = {g1,92} = {7,5} where g, is the feedback connectivity and g, is the output connectivity,

in octal notation [75].

2.5.5 Interleaving

The interleaver is used in turbo codes to take the incoming block of bits and rcarrange them
in a pseudo-random fashion prior to encoding by the second encoder. This is necessary to
spread bursts of errors evenly and over as large a distance as possible. An interleaver is a
random mapping between input and output positions, generated by means of some form of
random. The Figure 2.11 shows the original data sequence represented by the sequence of
white squares, and the interleaved data sequence represented by the black squares. Turbo

code BER performance improves with interleaver length [75].
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Pseudo-Random Interleaver

Figure 2.11: Interleaving

2.5.6 Turbo Decoding Algorithm

The decoding algorithm, which has been derived and appear in many literatures [79, 80, 75]

is reviewed. The MAP algorithm is considered in this thesis and is described in Appendix.

2.6 Chapter Summary

In this Chapter, the background of the thesis has been presented. First, an overview of satel-
lite systems was briefly discussed. After, mobile satellite requirements, satcllite networks,
satellite radio propagation, and channel coding were reviewed. The major types of mobile
satellite networks in existence such as S-PCN and S-UMTS, were discussed. According to the

review, for high-speed transmission requirements and roaming capability, S-UMTS networks
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have been considered because they are suitable for broadband satcllite communications.

Radio propagation, which is one of the important components in a satellite network, has
been studied. Two types of satellite propagation were identified and discussed, namely
mobile and fixed channel. The mobile channel, unlike a fixed channel, operates in a dynamic
environment where propagation conditions are constantly changing. In a mobile channcl
environment, three types of mobile usage scenarios were discussed. In urban areas, the user
environment is characterised by almost complete obstruction of the direct wave. In rural
areas, the user experiences a clear line of sight of the direct wave, while in suburban arcas
the user ecnvironment is characterised by shadowing from the tree and terrain features. Other

factors effecting the satellite propagation are ionospheric and tropospheric conditions.

Three types of fading channels probability density function (PDF) corresponding to the iden-
tified mobile satellitc environment were discussed. These distributions are Rician, Rayleigh,
and lognormal PDF. The Rician PDF is used to model rural area where there is no ob-
struction of the direct wave. The Rayleigh PDF is used to model urban areas where the
environment is characterised by almost complete obstruction of the direct wave. Lognormal
PDF is used when the performance Rician and Rayleigh channel is affected by shadowing
and this could lead to a joint distribution to form a typical channel model such as in Rice-
lognormal and Rayleigh-lognormal. In essence, Loo’s model is an instance of Rice-lognormal
that model suburban areas defined by a tree shadowed environment, wherc intermittent
partial obstruction of the direct wave occurs. The Rician-lognormal model, which is the
alternative model to Loo’s approach proposed by Corazza and Vatalaro was considered in
our system model, and will be discussed in the next chapter. This model was considered
because it provides a deep insight into the nature of the satellite channel characteristics,

which is useful when designing satellite radio systems.

The performance of the satellite channels have been determined and compared. However, the
performance obtained are not optimal, due to the noisy channel. An error control code (ECC)
has become a vital part of modern digital wireless systems, cnabling reliable transmission to

be achicved over noisy and fading channcls. Turbo codes, which have been widely considered
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was extensively discussed. Various constituents of turbo codes were described and examined

for wireless channels.
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Chapter 3

Satellite Channel and System Model

3.1 Introduction

In a wircless communications system, the channel characteristics are of fundamental im-
portance becausc they limit the transmission quality and throughput. In traditional radio
systems (i.c., non-adaptive radio systems), the long-term statistical properties of the chan-
nel are measured and evaluated before system design. In adaptive modulation systems, the
situation is differcnt. To guarantec that the adaptive system function works effectively, in-
formation about the short-term statistical or even instantaneous properties of the channel
in different domains are continuously required. The main limiting factors of a mobile com-
munications system originate from the radio medium. These were discussed in the previous

chapter. In this Chapter, channel and system model are discussed.

The organization of this Chapter is as follows: Section 3.2 describes the system model,
and is divided into five Subsections. The transmitter model is described in Section 3.2.1.
In this Section the CDMA parameters are exploited. Section 3.2.2 describes the channel
model and satellite path diversity system. The influence of factor K and PCE on the
channel model arc evaluated in Section 3.2.3. This is necessary to understand the importance

of the main parameters on the system model, and how they benefit the fading channel
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with adaptive parameters. In Section 3.2.4, the receiver model is presented, while signal to
interference plus noise ratio analysis for CDMA based system is discussed in Scction 3.2.5.
Some simulation results are presented in Section 3.3. These results involved the performance
evaluation of turbo coded channel paramcters, the performance cvaluation of turbo coded
CDMA parameters and the performance evaluation of turbo code parameters. Conclusion

is drawn in Section 3.4.

3.2 The Satellite System Model

3.2.1 Transmitter model

Power Spectrum of
InformatiT Signal

Power Spectrum of
Coded/Transmitted Signal

- . ,tﬁ@,,,@/\)dmcm> J -
> B - f T - > B f
®

| c
!

Power Spectrum of
Chip Code

Figure 3.1: Block Diagram of Spread Spectrum

In a code division multiple access (CDMA) system, each uscr is assigned a unique code, as
shown in Figure 3.1. in which only the intended receiver with the same code can recover

the user-specific transmitted signal. The effect of this coding assignment is the expansion of
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the transmitted signal bandwidth. This method has the property that the unwanted signals
appear like noise to the unintended receiver. All users exploit the whole frequency bandwidth

all the time, and they are differentiated by their unique codes [83, 84]. In Figure 3.2, the
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Figure 3.2: Block Diagram of Spread Spectrum

information signal d(t) of bandwidth Bg multiplies with a chip code ¢(t) of bandwidth B,
to become a coded signal with a bandwidth of By, as observed in the Figurc. This form
of CDMA is called direct sequence CDMA (DS-CDMA). For k-th user, di(t), ck(t), Sk(t)
denote the information signal before spreading, the chip code, and the transmitted signal,

respectively. The spreading process in time domain can be expressed as

Sk(t) = di(t)ex(?) (3.1)

Although Figure 3.1 describes a single-user spread spectrum system, it can be easily gen-
cralized to multiple users. Figure 3.2 shows a multi-user spread spectrum system. Once
again, it is observed that signals from other users appear like noisc after disprcading. In
the Figure, n is the power spectrum density of the system; and G, is the processing gain,
which equals the total transmit bandwidth divided by the signal bandwidth. DS-CDMA is
the spread spectrum technique, where each user is assigned a unique code sequence (i.c., a

spreading code) which is being used to encode the user-specific information. One particular
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code of interest is the pscudo random noise code (PN code). A PN code is a sequence of
chips valued -1 and 1 (polar) or 0 and 1 (non-polar), and has noise-like propertics, namely
low cross-correlation valucs among the codes. The receiver, which has the code sequences of
the usecr, decodes the received signal after reception and recovers the original data. In dircct
sequence systems, the length of the code is the same as the spreading factor [85]. Hence, the
length of the direct sequence code is assumed to be equal ;— In time domain, the CDMA

system is modeled as
Ne-1

cr(t) = Y e ,ll(t —nTy), (3.2)
n=0

where ¢, (t) is the spreading waveform for the k-th user, cx, € {+1, —1} and the chip pulse
waveform TI(t) is a rectangular pulse of duration 7,. The spreading or code waveform is
composed of N, chips, and we assume BPSK for the spreading modulation [83]. If R, stands

for the rate of chip code, we have

Bi=R. = —. (3.3)

This equation relates the time domain paramecter, i.e. the chip period, to the frequency
domain parameter, i.c. the transmission bandwidth. In other words, the chip period limits
the transmission bandwidth. With regard to the information signal, if R, is the symbol rate

and T, the symbol period, we have a similar relationship, as

R, = (3.4)

L
15
This cquation relates the time domain parameter of an information signal, i.c. its symbol
period, to its frequency domain paramecter, the symbol rate. It is straightforward to extend
this relation to the bit rate R, and bit period T; for a certain modulation with modulation
level M (M = 2 for BPSK, 4 for QPSK, 16 for 16QAM, for example). We then get the

following equations:

1
s Rs E ) (35)
s = Tplogy M, (3.6)
R, = Rslog, M, (3.7)
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where 53, stands for the bandwidth of the information signal. [ s easy 1o see that in one

symbol the number of bits is log, M for M level modutation.

3.2.2 Channel Model and Satellite Path Diversity

Figure 3.3 Salellite Path Thiversity

The channel model under consideration is the Corazza and Valataro maodel [63], which has
been mentioned in Svetion 77 of Chapter 20 Here, we consider low Earth orhiting (LECH
satellibe communication network svstems and COMA techuology, The DS-CDMA bascd
mobile sstellite system for binsry phase-shift keving (BIPSK) and guadrature-shitt keyving
(PSR are assumed o oceapy the Ka-band of land mobile satelile systoms. As shown in

Figure 3.3, in addition, we considered the system to exhibit L-order path diversity, where
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cach satcllite contained S spot beams and is transmitting via a transponders from gatcways
with directional antennae. Each antenna is directed to the satellite in view and satellite

tracking is performed. It is assumed that cach spot becam has U simultaneous active users.

The per user fading signal envelope is described by the path gain ;1 = 1,2,..., L, where
oy is a Rice-lognormal random process and is the product of two independent processes. It
can be written as o = SRR, where S; is a lognormal random variable used to model the
long-term shadowing effects, while Iy is a Rice random variable to model the short-term
diffuse multipath fading over the direct signal component. The probability density function

of the instantaneous received signal power is given by [86)

/ CorpnlalBC (B8 (3.8)

where Ca?lﬁz(alﬁl) is the probability density function of the instantaneous received signal
powcr condition on the mean square value of the signal. This is modelled as the non-central

chi-square distribution and is given by

Capiafal) = T g | LT L0 —K,J I, (2 Rl £ L)e 1)a> . (3.9)

By By B

The Rice factor K = K is the ratio of the direct signal power to the diffuse multipath power.

The mean power and variance are resulted from 8, = E[R?|S? = (K, + 1)202S?, and can
2]512
2K +1)

be determined in the cvaluation of = In the presence of shadowing, S? is a random

variable with log-normal probability density function of

M] (3.10)

_ 1 _(
<Sl(5) - \/%haslS P l: ﬁhosl

where h = (In10)/20, pg and o4 are the mean and standard deviation (in dB) of the

associated normal variate, respectively.
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3.2. THE SATELLITE SYSTEM MODEL

3.2.3 Influence of Rice K Factor and Power Control Error (PCE)
on the Channel Model

i XX X X

= 10t

x
~NONO

Bit Error Rate
3
&
T

10-6 s 1 1

SNR (dB)

Figure 3.4: Uncoded BER of BPSK versus Eb/No(dB) on Rice-lognormal Channel: Rice
factor, K = [0, 2, 5, 10, 15}, PCE = constant and mean = 0

The channel model is validated by varying the two channel paramecters, namely K and
PCE, and the outputs arc compared using simulation results. Also, in order to optimize
modulation, coding and CDMA paramecters under a certain channel behaviour, we nceded
to know how these parameters influence the channel condition and performance. Regarding
the PCE, we adopted a closed-loop power control scheme as proposed in (87, 88], where it is
assumed that the mean and standard deviation of the power envelope p = s of the received
signal arc p, and o, respectively. In the power control algorithm, the received power is

varied around the target power and, hence, gencrally 41, = 0dB and the PCE is measured
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Figure 3.5: Uncoded BER of BPSK versus Eb/No(dB) on Rice-Log-normal Channel: PCE
= [1.5, 2, 3.5}, Rice factor, K = constant and mean = 0

by 0. The typical values of PCE ranges between 6 — 9dB, but for a perfect control system,
the values are shown to range between 2.8 — 4.5dB. In our adaptive modulation and coding
algorithm, which is presented in Chapter 4, 4dB of PCE is assumed. The Rice K factor is
the power ratio of the direct wave to the diffuse component. Typical values of the Rice-factor

are between 10 and 20dB [88].

From simulation, when we decrease the Rice factor K and holding PCE constant, perfor-
mance degradation is observed. Likewise, when we increase PCE while holding K constant,

the performance degrades. These arc shown in Figures 3.4 and 3.5, respectively.
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3.2. THE SATELLITE SYSTEM MODEL

3.2.4 Receiver Model

We consider M simultancously active uscrs of a particular spot beam transmitting via satel-

lite transponders and a L-order path diversity. The received signal is given as

U
r(t) = V2P Y > afdi(t — 1)t — 1) cos(wet + ¢f) + n(t) (3.11)

k=1 [=1

where P, is the transmitted power, cf(t) is the spreading sequence of the k-th user, d*(t)
is the message generated at rate 1/7, 7f, and ¢F represent independent time delays and
carrier phascs, respectively. The fading envelope ay(t) describes the Rice-lognormal statistics,
generated at rate 1/7,. n(t) is the AWGN with two-sided power spectral density of N,/2.

. .. T _
Here, our processing gain is G, = 7 = 128.

In a DS-CDMA system with RAKE receiver techniques, the output of the n-th transmitted

bit of user 1, assuming perfect synchronization is given by

(n+1)T+7}
Zl(n) = / r(t)ajet (t — 11) cos(wet + ¢ )dt . (3.12)
nT+r}

Assuming perfect channel gain estimates, the above equation becomes
M L
Zl(n) = VPTY, {all}z + V2P Z Z aFIEN(T)cosgt! + af N(T), (3.13)
k=2 i=1

where IX(T) is the cross correlation of i-th path of the k-th user with the local spreading
code at the I-th branch of the correlation receiver and N(T') is zero mean Gaussian process

with variance n,T{a} }%.
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3.2. THE SATELLITE SYSTEM MODEL

3.2.5 Signal to Interference Plus Noise Ratio (SINR) Analysis for
CDMA Systems

The system capacity of a traditional CDMA system is interference limited. The traditional
CDMA systems are all self-interference systems. The three predominant types of interference
are inter-symbol interference (ISI), which is created by signal dispersion duc to the time-
varying channel, multiple access interference (MAI), which is the interference from other
users in the same cell, and adjacent cell interference (ACI), which is the influence of all
the interfering signals from adjacent cclls onto the useful signal. ISI can be mitigated by
sequential detection and adding the delayed versions to the signal energy. The effect of ACI

is not consider in this work [84].

A traditional CDMA system has a normalized signal to interference ratio (SIR) of [84]

E G
IR= 2= = P .14
SIR N; N,-1’ (3.14)

where Eg is the rcceived symbol energy in Joules, Ny is the rececived interference power
spectrum density in W/Hz, G, is the processing gain or spreading factor, and N, is the
number of users per sector. Therefore, in a CDMA system the number of users per sector
limits the channel signal-to-interference ratio according to this formula, and can be changed
according to the channel condition. In CDMA, the channel condition can be represented by

the normalized SINR, which is

E
SINR = ——— | 3.15
Nj+ Ny ( )

where N is the received noise power spectrum density in W/Hz. If we only consider MAI

and ignore other interference, we can obtain

E E, E, pusing-t = Ml

N — s _N — — = . .1
®” SINR "/ SINR G,/N,—1 G, ) (3.16)

In a traditional CDMA system, the signal power and inference power are much greater than
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3.3. SIMULATION RESULTS

the noise. Hence, it is assumed that SINR = SIR [84]. Further, if only the interference
from the other users in the same cell is considered in the error probability analysis of a Rice
lognormal channel DS-CDMA system, the variance of the interference from multiple users

in the same cell and from multipaths can be written as [84].

T2
2 =21
Uznt 3Gp [ +

Nu(L+K)
1+ K I

(3.17)

Table 3.1: Simulation Parameters for turbo coded CDMA based Rice lognormal Channel

Parameters Value Considered
Rice K Factor 6, 10, 14, and 18dB
Power Control Error (PCE) | 2.5, 3.0, 3.5, and 4.5dB
Number of Users N, 5,7, and 9
Number of Iterations 4, 6, and 8 Iterations
Frame Length 100, 500, and 1000 bits
Component Encoder (13,15)RSC
Component Decoder MAP
Number of Satellites 8
Rate of Transmission 1/3
Processing Gain G, 32, 64, 128
Channel Rice-lognormal

3.3 Simulation Results

This Section discusses the performance cvaluation of turbo coded channel CDMA based
paramecters. Examination of our system model with turbo coded transmission and varying
system parameters is performed via the Monte Carlo method of simulation. The parameters
of interest for channel are K, PCE, G, and N, for the CDMA system. Turbo code paramcters
of interest include the frame length and the number of iterations. The purpose of the
simulations is to determine the average bit error rate (BER) with differing system parameters.
We implement the MAP algorithm using C++ and apply the method to Rice-lognormal

channcl. The parameters used for simulation are summarised in Table 3.1.
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Figure 3.6: Simulation results of the turbo code performance with Rice Factor, K = {6, 10
, 14, 18}dB, Rate 1/3, 6 iterations and MAP Turbo code over Rice-lognormal channel

3.3.1 Performance Evaluation of Channel Parameters with Turbo

Codes

The result of a varying K in an uncoded system was presented in the previous section. For
comparison purposcs, we once again simulate the same K, namely 6, 10, 14, and 18dB with
a turbo coded system. As expected, and as shown in Figure 3.6, the performance improves
with the increase of the K when PCE is constant. Furthermore, an increase of K means
that the channel fading is reducing and the channel is approaching the performance of the
AWGN channel. This confirms how significant the parameter K is in our system model.
Additionally, we simulated the coded system with a fixed K, pu, = 0dB, and a varying
PCE. These parameters arc necessary when considering the mitigation of the lognormal
fading and path loss. Unfortunately, the dclay in executing power control commands docs
not allow shadowing to be completely removed, thus causing signal power fluctuations as
the mobiles move in the cell. It has been shown that signal fluctuations after imperfect
power control can be fitted accurately by a lognormal distribution with the variation ranges

from 2.8 — 4.8dB. We choose the variance o, of our system to be within this range, namely
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Figure 3.7: Simulation results of the turbo code performance with power control crror, PCE
= {2.5,3.0, 3.5, 4.0}dB , Rate 1/3, 6 itcrations and MAP Turbo code over Rice-lognormal
channel

2.5,3.0,3.5, and 4.5dB. The results from the simulation is shown in Figure 3.7. Here, we
observe a proportional increase in the turbo coded system performance as the PCE value
decreases with a constant K. It is clear from the results obtained that the K and PCE are

inversely related.

3.3.2 Performance Evaluation of CDMA Parameters with Turbo
Codes

The performance of a varying N, = 5, 7, and 9 and a fixed G,, and the performance of
varying G, = 32, 64, and 128 and a fixed N, arc evaluated by simulation for the Rice-
lognormal channel, the results of which are shown in Figures 3.8 and 3.9, respectively. The
BER performance of varying N, is substantially degraded as the number of users increases.
In contrast, there is improvement with the increased G,. In an asynchronous CDMA system
that is dominated by the multiple access interference, the performance is expected to degrade

as the number of users increases. The degradation can be reversed by using a large processing
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Figure 3.8: Simulation results showing the turbo code CDMA based system performance

as user V, = 5, 7 and 9, Rate 1/3, 6 iterations and MAP Turbo code over Rice-lognormal
channel
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Figure 3.9: Simulation results showing the turbo code CDMA based system performance

as processing gain Gp = 32, 64 and 128, Rate 1/3, 6 iterations and MAP Turbo code over
Rice-lognormal channel
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gain.

3.3.3 Performance Evaluation of Turbo Codes Parameters

The performance of turbo codes at a varying frame length of 100, 500, and 1000 bits, and a
different number of turbo iterations arc also simulated over a Rice-lognormal fading channel
and compared in terms of the BER. This performance is shown in Figure 3.10. The results
of a varying number of iteration of 4, 6, and 8 arc displayed in Figurc 3.11. In both cases

the coding gain is obtained as the respective paramecter values are increased.
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Figure 3.10: Simulation results showing the turbo code performance with frame length 100,
500, and 1000 bits, Rate 1/3, 6 itcrations and MAP Turbo code over Rice-lognormal channel

3.4 Chapter Summary

In this Chapter, the channel and system model have been presented. The channel model
for the work in this thesis have been briefly described. This model is based on the Rice-

lognormal distribution. The influence of K and PCE on channel models was discussed. It
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Figure 3.11: Performance Comparison by Simulation of the number of iteration 4,6 and 8
for 1000 bits, Rate 1/3, MAP Turbo code over Rice-lognormal channel

is found by simulation that as the K factor decreascs, there is a degradation in the system
performance when the PCE is held constant. Similarly, performance degradation occurs as
the PCE is increased when the K factor is held constant. This behaviour has been validated
in literature. The effect of parameters, such as the processing gain and the number of users,
were also simulated. Based on the continuously monitored channel condition, our proposed
adaptive algorithm will adjust the modulation, coding, and CDMA parameters to yicld an
overall system performance. Henceforth, when the channel condition is changed, new values

of these parameters will be assigned to improve the system.
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Chapter 4

Adaptive Radio Resource

Management Algorithms

4.1 Introduction

In this Chapter, the adaptive CDMA algorithm is designed, evaluated and simulation results
are presented. The AMC is first introduced and schees for its development in a three-stage
process and grading is proposed in Section 4.2. In Section 4.3, the existing AMC transmission
architecture is described. The block diagram of the proposed AMC transmission system
is presented in Section 4.4. Objectives of AMC are stated in Section 4.5. Following the
requirements for AMC algorithms, in Section 4.6 the parameters influencing the throughput
of a CDMA system are presented. The BER formulas in terms of modulation and coding
paramcters for CDMA systems are described. With these formulations, the BER can be
obtained at a certain point of time given the values of the modulation and coding paramecters.
In Section 4.6.2, the paramecters influencing the transmission are explained. All parameters
in the throughput formula of CDMA systems arc explained and the influence of CDMA

parameters on the transmission QoS is briefly described.

Adaptive modulation is introduced in in Section 4.7. In Section 4.8 adaptive CDMA algo-
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4.2. DEVELOPMENT OF ADAPTIVE MODULATION AND CODING

rithm for radio resource management is proposed. The actual adaptive CDMA algorithm
for satellite systems is built and presented in Section 4.8.1. Section 4.8.2 outlines the sim-
ulators and assumptions that are exploited in the simulations. Scctions 4.9 to 4.9.7 present

simulation results of all these algorithms. Conclusions are given in Section 4.10.

4.2 Development of Adaptive Modulation and Coding

Development of AMC Stages Classifications

3

Adaptive Selection of Sysiem
Schemes e.g TDMA, COMA,

BER, and Delay (Tolerable BER and

— » Grade 6 (TDMA, CDMA etc)

-
Grade 5 delay requirements)
A
2
. _» Grade 4 Number of Users
per sector
Adaptive COMA
— = Grade 3 Processing Gain
A

L Modulation and
Adaptive Modulation and > Grade 2 Coding
Coding in CDMA System

Modulation/
— ™ Grade 1 Coding

Figure 4.1: The AMC Developmental stages

The AMC technique can be divided into threc stages, as depicted in Figure 4.1. The first

stage is known as adaptive modulation and coding in the CDMA system. It makes use
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of available resources and modulation parameters such as modulation level and coding rate.
Related work has been reported in the literature [89, 90]. The sccond stage is called adaptive
CDMA. This stage includes CDMA and its parameters. Here, the multiple access (MA)
parameters such as the processing gain are adaptive [91]. The third stage of the adaptive
modulation and coding technique involve changing the multiple/multiplexing access (MA)
schemes (e.g. TDMA, CDMA) by a certain criterion. Changing the MA scheme on the
requested users QoS, which might include tolerable BER, delay, to maximize system capacity
under current channel conditions and frequency bandwidth available[92]. Further, grading
is donc at each stage based on the number and type of resources available. For instance,
the grade 2 has two resources available for adaptation while grade 3 has three resources for
adaptation. This initiative enables us to examine the performance of adaptive modulation
and coding and to effectively manage radio resources. Many work reported in literature arc
base on grade 1 and grade 2 [89, 90]. Our focus is adaptive CDMA, which is the sccond
stage of the AMC development, and grade 3 and gradc 4 falls into this stage. However,
refcrences will be made to adaptive modulation and coding in CDMA and adaptive selection

of a multiple access scheme, which are stage one and stage three respectively.

4.3 Architecture of the Existing AMC Systems

Figure 4.2 presents the architecture of AMC system. It shows that adaptive modulation is
used to change the modulation parameters with the channel situation. In order to do this, the
channel situation should be known by the transmitter before transmission, for which reason
the acquisition of the channel information is necessary. This is called channel cstimation.
There are two different methods for channel estimation. One is that the transmitter gets
the feedback of the channel information from the receiver; the other is that the transmitter
itself estimates the channel [92, 93]. Channel estimation is an esscntial prerequisite for an
adaptive modulation system. Channel estimation is out of the scope of this thesis, so we
do not discuss it in depth within this thesis. To perform the function of AMC, an efficient

scheme has to be built, by means of which modulation paramecters can be configured based on
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Figure 4.2: The Architecture of Adaptive Modulation

the instantaneous channcl condition. The channel information is the input for the adaptive
modulation and coding scheme. The resulting flow chart of adaptive modulation systems

looks as follows:

e Measure and predict the channel conditions aceurately, i.e. estimate the channel ;

e Build up an algorithm to adapt the modulation and coding paramcters in terms of the

channel conditions ;

¢ Obtain the settings of the modulation and coding parameters at the recciver.

This thesis concentrates on the sccond step, that is, on building the AMC scheme. In the
simulations, perfect channel estimation, and that the receiver knows the exact settings of

the modulation and coding parameters are assumed.

4.4 The Proposed AMC Transmission System

The block diagram of a DS-CDMA transmission system model is shown in Figure 4.3. The
transmitter is composed of RCPT encoder, interleaver and data modulator. The information
bits are initially encoded by a turbo encoder, interleaved and the encoded bits are modulated

by data modulator. Rice-lognormal fading channel is assumed and AWGN is added. The
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Figure 4.3: Block Diagram of Transmission System

receiver is composed of data demodulator, turbo decoder, de-interleaver, RCPT decoder,
and channel estimator. A turbo code of length n corresponding to & information bits is
employed such that the rate R is given by k/n. The key code is a rate 1/3 mothercode
and punctured accordingly. The punctured sequences which are of different lengths for
different puncturing periods are block-interleaved before mapping to a binary phase-shift

keying (BPSK) or quadrature-shift keying (QPSK) signal constellation.

In DS-CDMA, the transmission channel is multi-user shared. The orthogonality of individual
user is achieved by spreading the information data with a long scrambling code of a spreading
factor (SF) length through a user-specific pseudo random sequence (PN). In the system,
channel code gain and spreading gain are simultaneously obtained. At the receiver, the

SINR is estimated at the channel estimator. Modulation and Coding Scheme (MCS) selector
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and other transmission parameters are modified based on the received SINR at the mobile

receiver.

4.5 Objective of Adaptive Modulation and Coding

The task in wireless communications consists mainly of two aspects: the transmission QoS
and the throughput. AMC is designed to achicve this purpose. The advantage of AMC is
that it can realise higher transmission QoS and higher throughput by efficient usage of the

channel situation. This work on adaptive CDMA is based on thesc objectives:

e Achieving higher transmission QoS (bit error rate);

e Achieving higher throughput (bit rate).

4.6 Parameters Influencing Throughput and QoS

One of the objectives of AMC is to improve throughput. In order to do that, the paramcters

influencing throughput must be known.

In this Section, the parameters influencing throughput are investigated. In terms of the SNR

of the channel, there is a well-known formula for channel capacity [93]:
C = Blog,(1 + SNR)[bps], (4.1)

where C is channel capacity, and B is the channel bandwidth. Adaptive modulation is used
to change modulation and coding parameters to channel situations in order to guarantee
the required transmission quality and to reach a certain throughput. This means that the
systems need to know the throughput as a feedback. Meanwhile the required transmission
quality can be guaranteed. Hence the need for a formula to calculate the throughput with

modulation, coding, and CDMA parameters.
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4.6.1 Throughput Formulas for CDMA Systems
As established in Chapter 3, in CDMA systems the throughput can be given as

B
Ry = (R, -logoM) - B = (R, - loga M) -

—Ci' (4.2)

This is the throughput formula for CDMA systems in terms of bit rate, where B; is the
total data frequency bandwidth, R., coding rate, M, modulation level, and G, processing
gain. All the values of parameters on the right side of the formula are determined by the
channe] situation. It could be observed that the bit rate of CDMA systems is linearly
proportional to the coding rate and transmission bandwidth, logarithmically proportional
to modulation level, and inversely proportional to processing gain. We can conclude that in
order to increase the bit rate, we can either increase the modulation level (M), coding rate
(R.), or 1/G, inverse. Two methods can thus be used to increase the bit rate: the first is to
increase the modulation level or coding rate and the second is to increase 1/G,, that is, to
decrcase the processing gain. These methods can only be used when the channel situation
permits a change in the values of these parameters. In an adaptive CDMA system we can
vary these parameters according to the channel situation to achicve good QoS and to rcach

a certain bit rate.

4.6.2 Parameters Influencing QoS

This Section examined how some parameters (i.e. the coding rate, modulation level, and
processing gain) affect the transmission QoS. To evaluate the transmission QoS, the quantity
BER versus SINR is employed. Given that the other parameters remain constant, in CDMA
systems, BER will increase with coding rate and modulation levels; it will not change with
the transmission bandwidth. For the processing gain, the BER decreasc with the increase of

processing gain.
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4.7 The Existing Adaptive Schemes - Adaptive Mod-

ulation

This Scction begins with the illustration of adaptive modulation, which is a simple casc of
adaptive process. Adaptive modulation adapts one parameter that is modulation level. The
method here is based on the idea of partitioning the estimated channel SINR into rcgions
using a set of threshold values. Each region is associated with a particular modulation
scheme m; while the threshold values are optimised to maximise the overall throughput
[94, 95]. The system has a set of modulation schemes m;,i = 1,..., M corresponding to
throughput versus average SINR. The average SINR valucs can be graphically represented,
where the curves intersect with each other. This is shown in Figurc 4.4. The average SINR
values corresponding to the interscction points arc chosen as the range of SINR(vy) into
n regions, denoted by [v;,v;41) for ¢ = 0,...,n — 1. A particular modulation scheme m;
is assigned to the region [y, vi+1). The adaptive boundaries that determine the switching

condition for different target BER is shown in Table 4.1.

Table 4.1: Condition for switching

SINR Modulation | Target BER

SINR < 2dB BPSK 10%

2dB < SINR < 8B QPSK 10%
8dB < SINR < 12dB 16QAM 10%
12dB < SINR <€ 40dB | 64QAM 10%
SINR < 8dB BPSK 1%

8dB < SINR < 14dB QPSK 1%
14dB < SINR < 20dB | 16QAM 1%
20dB < SINR <40dB | 64QAM 1%
SINR < 11dB BPSK 0.1%
11dB < SINR £ 17dB QPSK 0.1%
17dB < SINR < 25dB | 16QAM 0.1%
25dB < SINR <40dB | 64QAM 0.1%
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Figure 4.4: Adapiive Modulation Boundaries

4.7.1 Adaptive Modulation Algorithin

This scctiom present an adaptive modulacion algorithm lor user & given the modulation
sclieme, mt — 1, ... M. The transmolt power 3s the same for all wsers denoted by SN R and
is uniguely dependent on the instantancous channel coefficiont oy - A adaplive modelacion

alporithin for QAM eelnlation is described as follews:

Inatendzandzon process

Reordering af| < ab| < - < lafy| in ascending order and allocate bits (modulation mode}
for uscrs cgually

1':,_=TP ol e SYPIR {

where ¥, = 11" 15 the mitial medulation mode allocation on m lor user &

TF=012 M correspund to the throughpot of CRAM
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Allocntion pricess

loopl: m =1t M —1,step 1
loop2: n = M tom+ 1. step-1
i QF ==,

broak loop2

enidd il

switch Qg

casel: if |af s 2t
Q=0 1;

Q=0 L

end of

cnse2: il Jor? > 3|ak |
=08 4l

ho=Qn -1,

end if

end switeh

end loop2

end Joopl

Theo Q%.m — 1,..., M is the final allocation modulation modes for user &, The above
algorithm can be performed for all the users in the svstem separately, since the channels
from the transimitter to different user are independent and they do not meerfere with each
other.

4.7.2  Simmlation Hesults

In this Scction amulation resulls for adaptive modulation are provided. [deal conditions
mecluding no feedback delay or error and perfect channel estimation are assumed. We inves-
tigated the adaptive CDMA algonithm for Rice-lognormal echannel, The simulation was sct
up with N, = 49, G, = 64, coding rate 1/, (12,15)RSC, § Heraton, MAD turbo ende and
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frame length of 1000F bits. Throughput using adaptive CDMA algorithm is evaluated. The
performance of adaplive modulation for BER targets 10% is simulated and shown n Fignre
4.5, It was observed that the performance of adadive modulation begins by overliagneng
the BPSK curve, However, as the SR is increased to 5 AB, the perlormance of adaptive

mndulation hegins to decreasc,
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Figure 4.5: BER Porlormance of Adaptive Modalation

4.7.3 Adaptive Modulation and Coding

In this Section the parameters bo be adapted are Increased to two and these are modulation
levels and coding rates, Tn AMOC svatem, a speaiic combination of modulation scherme and
coding rate is freated as one called 3CS, T this thesis, 6 MOSs are considered in the AMOC
system. Table 4.2 shows the MOCS set, One of the key technologies for AMC is how to switch

for gelect] MCS. SIR is & common criterion (o switch MCS. The switching boundaries [or

ob
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Table 1.2 Madulation and Coding Schemes (MO3): Made dependent parameders for AMO

(Mol {MOS) | Madulation [M] | Coding Rate [R)
M5 GFSK 173
MCS2 TFSK 1,2
RIS BEPSK 243
NS4 QTPSK I
_______ MCS5 | GFEKR 172
MCS6 GIPSK 273
1 0% -l
S e e P
b ] ““\\-, :
o bR i O = "
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Figure 4.6: Simylation resulls showing 1he performance of MOS for the determination of
adaptive Boundaries usig rate 173 atl 6 nerations

MOS ave shown in Figure 4,60 For example il the measured SIR 1s above the 5111 threshold
between MOCST and MOS2 but below the SIIR throshold between MOS2 and MOS3, MCS i3
switched o MCR2 T ihe measured SIR is above the chroshold botween MOS2 and MOCSS,
ROCES will bie gelected. The Chreshold values are decided in ovder 1o achicve maxinnim
throughput. The throshold values are a function of chanuel conditions and depend on whick

pacticular MCS sot 1 used |06

Radie link control sclect among the MOS options, n response 1o 1he channel condilion
measurcd, The operation of sclecting the rate is made by scnding the frame with different

puneturing patterns from the same nuihercode and allows lransmission lo begin with low

feiy 4
=TI
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redundancy. I Increases oelundancy ondy when errors occur, thus adaptively changiog the
effcetive data rates [97. Adaptive Coding required the coding rates to be selected from
prodetermined values bennded by |1, 1/3 The cede construction allows lor a family of
vodde of rates By = PP+, where 1 =08 -+ (M — 1P, Fur each value of {, a linary
punctiring mateix affy is defined. Ao RCPT code with M = 3 and P = 2 is constructed
aud theo the RCPT 1 made to seleet any of code rate in the set {1, 273, 1/2, 2/5, 1/3 }.
[ amplementation, all possible codes rates are not required to be ulilised [28. 98 1o this
work, a special case where ! == 2% and = = 00,1, 2 are considercd, Hence, rates 1/3, 172, awd

273 are used in our design.

In the case of adaptive modulation for instance, if given an adaptive modulation system that
uses BPSK and QPSK for a target BEH, of approximately 107%, the adaptive modulation
sem QPSK modelation {or goad channel and TIPSK modulacion {or bad channel. This
pe of wodulation technigue is called variable-rate techoigues, where svinbal rale s fixed
while changing the constellation size or medulation type. In other words, il considering a
lransmission that is encountering a deep {ade. the optinn s to use one of the modulation
schetnes, which differ in speciral efficiency and robustness. [ fading i exiremely deegs,
perhaps hall ol all 16t will be 1o error, b s wlbvaotageous Lo send fower bits becanse Lhe
total nunber of errors will be decreased. This influences BER much mere than telal number
of bits scot,. When the channel 3 not in a fade, then many bits could be sent. In this
sibuation, BER coulid be lower by increasing the mumber of bits sent because errors hecome

loss frequent [93, 97)

Code rate and modulstion Jovel are use to design modulation sod coding schemes (MCS).
Both the set of coding rates aud modulation levels are made available so thal the system is
selected from values bounded [T, 1/3] and [20 2M] of the code rates and signal constellation
respectively, Inthis work, the set of codingrates {E2/3.1/2.2/5, /3 of { = 2nandn =11 1,2
were made available. The wedwlations leved considered are BPSK and QPSK for satelljle
transmissions, 16 is the comlination of thess bwo privciples that allows the BER pedformance
of adaptive systems to e e rodwst than statie modulation syslems while stimultaneously

prroviding better spectral efficieney at meost ranges of STH.

%
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lable 4.2 summarizes the different operating modes available fur adapting the system. They
range from BPSK 173 rate (Mode 1) to QPSK 273 rate (Mode 6). The BPSK 173 rate mode
provides o more reliable transinission link than the QFSK 273 rate mode for o given receive

power, Figure 4.6 shows the frame performance of the 6 main mordes of the system,

4.7.4 AMC Algorithm
The algorithm for the implementation of AMC is presented below,

No Tranamiasion of SINR < T
MEOET P < SINK < Iy,
M52, = BINR -« Iy,

MCS = J

| MCSKN . = SINR « s,

where MOSE = 1,2, - MOSN arce modolation and coding sehomes and are lisied from
the lowest data hits per synbl. {17 s, - T 1} are the correspunding scheme swatehing

thresholds. The Howehart of the algorithm i@ shown io Figare 4.7

4.8 The Proposed Adaptive Scheme - Adaptive CDMA

T Lhis Seetton. an adaplive CTOATA alporil b is proposed for efficient rodio resouree manawe-
ment (RARM) for satellite svstems. This algorithm combines CDMA modulatinn adaptation
with MCE parameter adaptation, It iz well known that higher order modilations wmay pive
better spectral efficiency at the expense of worse bt ervor performaance [99, 1001 A lower

vhannel ¢oding rale has a betier error comreebion capabilily than the same type of coding

oY
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Plawre 4.7: Floswehard of adaptive modulation and eoding

with a higher coding rate. Thus, with a proper combination ol Lhe modulation order and
rhanncl coding rate, it s possible to design a definite set of modalation and eodiong schemes
such that an lnereased spectral efficiency can be achieved in gnod chammel econditions as
Mustrated i Lhe previows seclions of this Chapler. 1t (3 alao possible to inercase the bit
rate further by the use of the processing gain for a given MCS, when the channel conditions

allow. The algorithim presented in chis work selecds the sember of processing gain and the

i
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4.8 THE PROFOSED ADAPTIVE SCHREME - ADAPTIVE CDMA

MOCS por tronsmission such that the inerease in the number of processing gain is prioritised

over the increaso in the highor order modiulation and eoding schomo

Together with the AMC, processing gain transmission provides an additional dimension
anid thoreby inereased graomlazily Yo the Bok adaplation. While AMO provides a coarse
adaptation to the channel, the use of processing gain brings the fine Lurning” to the selecied
MO5, Obviously, an algorithm 13 needed to seleet the 3OS and the number of processing
vain, The objective 15 to aximise the bin tate by selecting the rghn combination [or the
number of processing gain ) and Lhe MOCS 4, given o channel conddition oo Tol [ (g0 = fiy
be the frame error rate assoclated with the state (4, 3) as a function of p , and glp} be the
probahility density fonetion of 5 . Also, let 2peenr be the frame error 1heeshold which
defines the maxitnum toleralle error. The miniruoim channel condicion which s required For
state {4, j) such that £y 15 Dot cxoesiled s generalisod and shown in Figure 4.8, and is
given by

pi,_‘,i = Jr15'1 (Ef.i'xa'r:.'si'xrﬂrﬂ:] : I:"]..B:I

sl the error curves are 1ypically given by
Slpez) = Flpen — 10deeggl0)), {4.4)

whore g5 indll The bit rato assoclated with the state (i, j) is given by #, 5 = 4r;, where r;

is the bil rate sssocialed wicth the MCS 1

4.8.1 Adaptive CDMA Alvorithm lor Rice-lognorimal Channel

This Section progenta un adaptive CODMA algorithm lor dilferent users given Lhe sel of pro-
cessing gains and BIOS. In the traditional adaptive CDMA algorithm the parameters such
as Biclan K] fador, SINRK, &, are input into the syatern. The Rician K faclor are used
to a0t 1he channel paramotors. ATter acquisition of the reguired paramcters, the algorichin
asks whether or not the CDMA modulation parametors have been set. I a0, 1 he algorithim

comprares tho enrrent channel parareiors with Lhe ones of the previons moment. The algo-
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Figure 4.8: Generalisged link perlormance in changing channel condilions

ritho anly changes the sebtings i1 the channel siciation changes. Uf not, parameter setling
beging, The thannel parameters are set Grsl, Next, CDWA modidalion pavarmeters (e inla-
tion level M oand processing gain &) are assigned. The proposed algovithm consider RCTE
riate puncturing method and a priovitised processing gain over the modulation and coding
stheme. The operations of the algorithm is explained below and the floschary s shown in
Figure 4.9, The algorithm highlights how the processing gain and the MOS are selected in

order to Increase the transmission bit rate,

» Stop 1) Initialive the stale (¢, 7) to (1,1],

o Slep 20 Cheek the channel condivions whether 1o is good with vespeet to the threshold

vorresponding to the current stale (3, 1. 7 ves, oo Lo step 3, else go 1o step 7.

s Slep 3 Check whelher the mazimum mrnber of processing gain has bheen reached, [f

med, go o st 40 CHhierwise, g0 tooslep &
e Step b Increase the number of processing gain, Go to step 2.

s Slep & Check whether the maximum MO is reaclhed. I not, go to step 6. Otherwise,

aey Loy Hlep 7.
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Start

p——y

Figure 4.9: Flowchart of adaptive CDAMA algorithm with a priovitised processing gain

e Step 6 Change the state to (e + 1,13 . Go o step 2

o Step T Compare the it rales that correspond to stales (g, n) and (maons) | and

select, the state which gives the higher bit rate

[nstep 2, Lhe algorithm chiecks the cheune] conditions, and increases the numlber of rocessing
gain ittorder to inercease the bit rate as shown inostops 3 - 4. The nesd higher MOS is examined
only when the maximam number of processing gain is reachord as o stops 5 - G Lo fact, glven

a channe] condition, higher MCS with a given number of processing gatin does not necessarily

G
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give 4 higher bit rate than the provious MOS with a maxinwm number of processing gains.
Thus, the last step is to cheek and make sure that the state with the highest bit rake is
selected. In this alyoridho, a higher pricrity ks given to inerease the number of processitg

gains insteard of Lhe MOS.

Tn  Lds work, § denedes joisd moedulation and eoding scheme (MOS), § denotes processitg gain,
The processing gain s prioritised over MUS. Three processing gains are considered. They
are 32, 64 and 128 Let f;(p) = fi; denote the frame error rabe {FER) associated with the

state (L) then pry — £ Sesnad) and error curve is given as: fi;(p) = fiu(p — 101og (i)

The adaptive CDOWMA algorithm for satellite channels has been designed to get as much
throughpul as possible while guaraniceing a BELL of 10 7. If translating this into prioritised
adaptive CDMA method, it means that the system will ficst explodl the processing zain
slartling wilh the lowest. The lower the processing gain the higher the speetrad oflicieney
(throughputl). The algorithm considersd the MOS after all the processing gains have been

cxpivited, The algorithn scts its parameters baged on Lhis rale.

4.8.2 Simulator and Assmnptiens of the Algorithms

In the last Section, adaptive CDMA algorithtns lor Rice-lognortaal channel have been pro-
posed. The algorithm, which is fur satellite channel combines Rice-logiorima] parameters
with COMA modulation adaptation parameters. In order to evaluate the algorithms by sim-
ulations, w sivnndalor s boill, Fignre 410 presents the block diagram of the simulator that iy
used o cvaluate the alrorithmes designed. Fiest, random channel parameters are generated,
Based on 1he chanpel pasametess, the adaptive CDMA algorichre assigne all COMA wed-
ulation parameters. At the ceceiver, the signals come to the CDMA demodulator throwgh

the channel. The BER and throughput fur each lransmission ase caleulated.

Trr this simu]ation fore all AMC alpoeithms the llowing assymplions are usod:
o The Rician-lognormal fading channe] s assomord;

tid
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k. FCE, SNR

Vigure 4.10: Simulator of Ardaptive CDMA Algorithms

o Perfect channel estimation is assumed, and the algorithm oblains the channel situation

without any delas

o The time duration belween ten conseculive lratsnissions 15 assumed to be enough tor
algorithms to finish sssigning pavameters, In other words, the algorithms can alwiays

obtain the current channel sitwation in time and assign parsmoters suceessfully:

s Higmals at the trunsmit antennss are completely uncorrelated, s well as st Lhe receive

anlonnas;

4.9 Sinmlation Resnults

MAL turbo decoder and L7/3 o encoders with the generator polynomials of ¢ = (7.5)s
wire considered for the sinmlation. The informeation sequence lengil, k, which reprosenis
the encoded sequence length, s assumed to be 1,024 bits, 'The turbo cncoded sequenee s
interleaved with a size 20 2% block-imterleaver, where 'a’ and ‘b’ are the maximum allowable

integers for a given scqguence size. BPESK/OPSK modulation is assumed [or cdata demed-

3
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nlation at the recelver. (7, — 32,64, 128 s assumed or ODMA swslem. Unless ol herwise
atated, we assume Lhe uplink channel w e composed of L = 16 paths and uncorrelated,

Rice-lognornal faded paths,

4.9.1 Throughput Performance of the Proposed Adaptive CDMA

Algorithm
18 T
1E | /
14 ot
l"'"'ff-'_ _'ﬁ:l
'IEJ .2 — -- ;kﬂﬂ‘*-_-
= *_’____,--JF‘",,_ _,j?":_,.-"‘ ) M:-J\.-t:n
= . = >
e o X o §- - - At
i _Jf’_,r"f £ ,-J w::t:n-.a
m 0A o s = T ke
2 ol S v'll _,-~'I,,"" — x - Adxie COaA
< 0B r : v >
w7 R Dy Pl om TS
s -=" e — =
04 == . . 1Gir Trip s
J...--""M__ i ___,-r-" i I
o — g 111wl Rt it o
DE;-—-—--* —
oA ;
i} 2 4 [ A 14 12
Awzrape HN

Figure 4,11 Simulation vesults showing the threoughput of the odsting adaptive algorithms
and the proposcd adaptive algarithm

The theoughpus perlormance of the existing adapuive alyoniehuns 3 compared wilh the pro-
pogend adagiive alporiehn. Adaplive modulation, AMC, adaptive CDMA and the proposed
algorithm are ecamined, ‘I'he results are presented in Figure 4.11 Gliven the same condition,
it is ohsorved thal the proposed adaptive ::W'I:_:}It'fmt‘ shows an improved [hroughpul over olher
exiating algorithin. Fsseotialy, the lraditional adaptive CDMA algorithm i3 compared with
the prioritmed adapeve CDMA svatemn As shown, Lhe proposed alporithmn = an enhanced

voraton of the existing adaptive CDMA sysiem Tor sadellite channe],

f36
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4.9.2 Effect of Throughput on Radio Resource Management Al-

gorithins
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Figure 4.12; Sitnuladion resulls showing Uhe throughpul of different resouree pracding schemes

The result in Figure 4,12 shows different grading of radio resources, Lhe adaptive modulation

is an exaruple of grade-1 with a resource and it s denoted by s, The AMC is an example of

grade-2 with two resources and it is denoted by ‘B, The adaptive CDRA falls inte praede-3,

which consists ol theee resomwees aned i6 s denoded by '’ Given Lhe maximim rransmisston

time ol a rodeword as 1ime t, ihe throughppit performance of the adaptive alzovithms is

examinied for grade-1, prade-2 snd prade-3 sels of Trensmilber parameters oy shown. T is

abserved that the Inercase in the number of avellable resources at the transmitter lead to

incremsed throughput.
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4.9.3 Radic Resource Management Algorithms for Downlink Sys-

Lem

So far, the modulation level and processing gain have been ser. Ohviously, it is diteuls for
the mobile user to change the number of users in s cell, a0 this algorichm is actually intended
[ur dewnlink cransmission. However, F woe deleie Uhie pare of adjusting the nmnber of asers,

the algorithm can be exploited for uplink transmission as well, Pigure 4.13 presents che How

I Slarl

l==:p=1

|
!
o
v
|
¥
H v 3
L |
5
N

- 47

Figure 4. 1% Flowchart of Adaptive CDMA Algerithm for Doewn-link Transmission

chart of setring MOS, processing pains and adjosting the number of vsers. The algoritlm
compares the cwrrent channel SINE, T with the mitngnmrg thoesheld T, firse, I it 1s smaller
Lhany Ui, it meeans that the target BER cannast be guaranteed, cven if the larpest ¢, and
highest 3OS 15 assigned. Thas situation s tageed Lhe eretzond scefion o this work. In Chapter

4, it is indicated thar CIMA systemns can also influence the channel situation by changing

ti3
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the nnber of users, &, In this case, the algorithm decreases the numler of users Lo increase
the SINTL This process will be repealed al most [ve times to make the channel SINR larger
than - If the channel SINR s still too small for transmission after the number of wsorg
bas been adjusted for five times, thew a o Grensmession {No-tx) command 1= antomatically
activated by the algorithm. In ihis thesis. the situation is cagged beyornd criticel condition,
It 15 elear [rom the flowchart that trapsmission may be performed if a wser enlers indo crilical
condition but absolulely no transmission if a nser 5 beyond eritical condition. The users in

a critical condition are expected to maintain thelir QoS though the throughput may wd be
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Figure 4.14: Impact of Modolation level

41.9.4 Impacts of Radio Rescurces on adaptive CDMA Algorithm

This Section evaluates the impacts of some radio parameters on the adaptive COMA algo-
vithm using simulations. The algorithins have been designed to guarantes a certain trans-
mission (oS (bere BER is sel Lo be 1077} and to get as moch throughput as possible, The

algarithm assizns sellings based on the inslant channel situation. The impacts of seme pa-

£l
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Figure 41.15: Impact of processing gain

rameiers assined by tho algorithms diring the simolation period are shown in Figures 4,14,
4.15 and 4.16. The Figures present the impacts of modnlation levels, rate and the processing

pain for the transmission rospoctively,

The nunber of hits that can be transmilbe] with cach lransmission can be increased with the
modulation level, &f. With BI'SK and QPSK for instance, 1 and 2 bits ean he transmited
ovir each svmibol, respectively.  The theoughpat in bps/H ez defined as the ratic of the
munber of information bits transmilted succesafully 1o the tedal niembier of bils transmit ted
and rmulhplied with the fransmission rate nortnalized by Lhe bandwietl, s plotted tn Pignee
414, To iz observed thal with 1he increase in medulalion level, the Lhronghpu increases.
Figure 4.15 plots the throughput for the CDRMA scheme as a funetion of the average received
P/ Ng wilh parameler G, T is observed that 1he Lhronghpnt increases with an increase in
Gy Figure 4.16 plols the throughpul for the CDMA scheme ws & lunction ol the average
received Ey /Ny with parameter R, Also, the throughput for the CDMA schemie is increased

as the eoding rate increased.
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Figure 1.16: Impact of Rate

4.9.5 Percentage Usage of Radio Resources in adaptive CDMA

Systein

VO (45 (1

Perpanlar = i%;

Frazas=ng: Gan

Figure 1.17: Percentage of processing gain usod

The porcentage eougributions of the parametors and values in lermes of Their psape inadaptive

CDMA system are measured.  Figures 4,17, 418 and 419 shows the pereentage of the
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Figure 4.1%: Pereendage of each MOS used

usape of the provessing gain (7, modulation M, as well us modalation aund ending schemes,
MCS during the simulation. From Flgare 407 it s found that our algorithn assigoed a
processing gain of 32 for 75.33% of \Le transmissions, a processing gain of 64 fur 14.12% of
the transmissions, and o processing galo of 25 for 6.00% of the transmissions, Figure 118
shiow the pereentage of usage of cach of the modulation levels during the simalation. BPSK

ram ysed for 56315 and QPSK Tor 43.680% of the transmissions. Figure .19 prosents the
percentage of usage of vach af the MCS. In awr sinnlations, 38.87% of the transmissions

exploited MCS1, 15.50% MCE2, L0815 MCS3. 1E97% MOS4, 11.07% MOSH and 12.848%

T
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MCS6H. All settings can chanpe with the channel situation,

4.9.6 Performance Comparison of Fixed Radio Resources and Adap-

tive CDMA System

| S
1L-T
['3
£
m
1HE-H
10CE25 -
—a— Ao Spstem
- A GySEm
1ML LB —— s *
x & AL Byrmm
juim | EL S p=ET
' raE-T } } %
L ¥ 4 ] 3 T 12 L ®

e A8 EIR

Figure 4.20: Comparion of Fixed and Adaptive System

For constant BER operation, the BER and the average normalized throughput against aver-
ayne referenee SIR are shown in Figurs 4.20 with different values of conlrel parameter. The
BER curves of the proposced scheme #iatten when it reaches the adaptation range, schioving
the constant BER purposs, ‘Lhis is beeause the switching {hresholds of the proposcd scheme
make the instantancous BER relatively tnscnsitive to the variation of instantancous SIR in
the adaplation range. Dilferenl control value gives different adaptation range and diffeyent
BER level at the flatien position. Al high STR, higher throughput is lradesd with lower than
necessary BER. On the owber hand, at Jow SHR. the BER is kepd low al the expense of lower
throughput. Wilh this siluation, sdaplive & said to be robust W channel conditions and ean

achivve both performance and Thooughput at the same 1ime.
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Figure 4.271: Spectral EMciency of Tdeal Systeme al Thiferend. BEER Targe

4.9.7 Impacts of spectral efficiency on BER

In the previous section, the impact of spectral officiency on channel gquality s examined, In
this section the impact of spectral efficiency on the performance of adaptive CDMA algorithm
is exanuned ditectly. To examine this, Lhee sels of swilching levels corvesponding o 5INR
fat the modulation and coding schemes is assumed. These BER target for QAM are (115,
1% and 10%. The SINR ranges corresponding to the three different BER targets have been
deseribied. The fivst thing to note about the BER performance and spectral efficiency of
ardlaptive system is that o non-adaptive scheme shows provides belter perforinance while
sinulbanesusly providing better spectral efficiency. In other words, AMC provides the best
combination of encrgy and spectral efficiency of awy of the modulation schemes. This is
to be expected. While fixed schemes either achieve good speciral efficiency or good energy
cficieney but not both, AMC increases spectral efficiency without sacrificing performance.
Figurc 4 21 shows the throughput performance of the three references BER [or ideal siluation,

While Figure 4.22 shows the throughpt performance of our aleorichm. Tt s observed that

T
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Figure 4.72: Comparing BER target on the Proposed System

ax the tarpel BER is increased, 1he spectral etlicieney is alse increased, Thus a trade off can
Ive made between pecformance and spectral etliciency by ¢hangmg the BER tareet and thus
switching levels, That is BEER = 107" has beller spactral characteristios than systoms with

BER =10 and BER = 10 ° respeetively.

4.10 Chapter Summary

T Lhis Cliapter. an adapoive algorithm for vadis resource managoment is proposed. Adaptive
COMA algorithin [or satellite rhanncls iz developed. These algorithms assign medulation
and coding parameters i1 accordanes with the instantanesus channel sitnations, Fhe ob-
jective of these algorithms s to get as wuch Lhroughput as possible under the condilion ol
guarantceng a rertain transmission quality, 'T'hese algorithms have been explained in detail
and the shulation resnlts have been given. The simulation results indicated that siguiticant

chroughput can bie obtained by the algorithms, Fhe alporithin is devcloped with references

T3
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to ather existing adaptive algorithms, 'The impacts of zome paramcters en the algorithm
have bieen investipated. The proposed adaptive CDMA algorithin for satellile systems is
a resources-contral algorithm. The differenee between the algorithm and the other adap-
live CDMA algonilon for satellite channels is thal this alporithin is developed so that the
processing gain s prioritised over the modolation and coding scheme. horecver, 1he user
parameter is emploved for the downlink system. Unlike many algorithms, which adogt & 'no
transmit’ method when the transmit power is beyond the minimum threshold, in this work,
nscr parmmcier i evoked whonever a Teritical condition’ ocenrs. The eritical condition s
it iaked in this Lhesis and 11 3 defined as the sitnation when the transmal power 15 bhevond

the minimum threshald,




Chapter 5

Conclusions and Recommmendations

[nt this thesls sureessiiul algorithms for adaptive CDMA modulation for Rice-lngnormal chan-
nels have boen proposed. These algorithms have been imoplemented in broadband direct
spectrim - eode division multiple access (DS-CERMA) satellite networks for the optimisation
ol scarcely available radio resources and for ke realisalion ol next wircless gencration in
sutellite system. Good resulis have been obtained in terme of QoS and thronghpat gains
oiven a target BER of 1075 The divarsity technique and rate compatible punetured Lierbo-
code (RCPTY, which have been found to give improved Chronghput performance in a direct
sequence (D8) CDBA are exploited. Alse, power control erpor (PCE) and the Riee A factor
have been exploited at the chanpel seitings, Beside the n-depth descriplions and identifica-
tions of the satellite network requirernents, the following arc the major activitios that have

hecn performed in this thesis.

'T'he channel and system model bave been presented. Firat, the channel characteristios were
dliseussend based on its categorization, namely the large-scale and small-seale fading channels.
Large-seale fading i mainly represented by the path loss, and is caused by Jong-dislance
propagation, Small-scale Tading presents 1he effect of multipath transmission. Subsequently,
channe! model considered was brielly deseribed. This model is based on the Rice-lognormal
distribution, The influenes of Rice & facor and peswer control ciror (PCE) on channel

moclels were diseussed and validated. T0 s Tognd by simuelation that as the & factor decreases,




there ks a degradation in the system performance when the PCE s held constant. Similar]y,

petlormance degradatinn cecurs as the PCE is increased when the K factor is held constant,

The strategy and work procedures of adaptive modulation algorithms, which is unigue have
been outlined, [t has beon indicated that there are two aspects to the activity of adaptive
madulation: the madulation and coding scheme (MCS) and charrel The channel sitnation
detormines the adaptivity of the modulation parameters, It has been proposed in fhis thesis
tlhat nvestigating adaptive modulation is different from investigating tracditional modulation.
In traiitional modulation, basic modulation ehnology s studied aned combined with new
technologies or modified for ioprovement. o adaptive modulation, it is prereguisite
stuly the reladionships within parameters in the same domain and between the parameters
in another domain. Therefore, to build an cfficicnt adaptive modulation algorithm, it is
requited to first carry out the reationship stwly, Also, rdlalionships among the CDOMA
modulation parameters are analyzed together with the parameters in MOS [or the desipn of

adaptive COMA alporvithms.

The development of adaptive stuging and grouping hos been put forward. It is indicated
that the adaptivity is dependent on the number of available vesources. [t has also been said
that to manage the radio resmirees efficlently, gropping of the available radin parameter is

importatit,

Farameter of interest in coding and modulation systems is the throughpud. This s o measure
ol the total information rate being sucecssfully transmitted and reccived over the multiple-
ueeess notwork, Threughput formulas {or CDMA systems have been derived and parameters
inthieneing the thmué;h}'mt of theme systems have been indicated. The Uwoughyputl formka foo
COMA systems in tevms of Bt vates Indicate that the bit rate of CDMA systems s linearly
proportionsl to the coding rate and transmission bandwidt], logarithmically proportionat
tr the modulation level, and inversely yroportional o the processing gain. Following the
disiussion of paratneters wlluencing throughput, the parameters inHuencing Oo3 are inves-

tigated.

The Laste structure apd characteristios of the AMC syvstems have been deseribedl. [atterent

i)



calegories of modalation systems have been described. Simulations, which investipate the
pains of different adaptive schemes in levms of the throughput hivee been carried ot The
influence of the throughput on BER is considered as well, A detailed deseription of the gains

of AMC systems is given and romparcd to adaptive CDMA svstoms,

Algorithms for radio resource management. have been proposed. Adaptive CDMA algori hms
e satellite channels have been cdesizned, These algorithms have been evaluated by simula-
tions and good esulls have been abtamed. The algorithms assign macdulation parameters
suitable for the instantancous channel situalion. Perfoet channel estimation s assuimed in
aur algorithms. The aljective of thess algorithms is to get as much throughpuat as possible
under Lthe condition ol guaramecing 4 certain trapsmission quality, In the adaptive CORMA
alvotithun for satelhite channels, prioritized processing gains over MOS and a solution tao
‘erilical section’ at the dowelink tracsmission have been inbroduced,  Stimulation resulis
show that our aleorithm achieves an jmproved spectral efRciency over the traditional AMC

and adaptive COMA for satellite channels.

Radio resoutees have been evaluatod based on perceniage of the parameters and values in
term of their usage in adaptive COMA systenn. This measurements is inevitalile for the vadio
resourees mansgement, Thus the amount of the resources uscd during transmission and the

coergy saved could be detormined,

In this thesis, a prioritized adaptive CDAA algorithm has been examined for DS-CDMA
satellite petworks. To s cancluded thad this peoposed algorithom improves the threngghput at
different. level of resoarces available to the system, Thos the algorithin that has been de-
seribed has polential bo improve reliability, availability, performance and robustness. These
i provements are due to radio resource management algorithms, This optimized method of
tadio resource manacsement. has helped to rrease capacilies and improve perlormanee of

wireles systems.
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5.1 Rcecommendations for Future Work

Adaplive modulation algorithims have been proposed successfully in this dissertation, The

following recommendations are given for (uiure work,

It should be noted that adaptive modulation and coding is a powerfiul technigue to improve
spectral efficiency over fading channels, and can also be used 10 meet Lhe different delay,
BER. and data rate requirements of different types of media, Shannon theory offers some
valualle insights invo gaad adaptive strategics, although these strategies do not alwayvs work
well in practice. Much work remains in deseloping good adaplive strategies especialty on
satellite channels, for multi-access and broadeast systems, For multinser systems adaptive
rerclilation can be combined with other adaptive resource allocation policies such as dymamic
channel and base station atlocation. Adaptive joinf sonree and channel coding strategies that
combine adapiive compression wilh adaptive modulation may also leard Lo goord performance

in time-varying channels.

Channel estimation is an important part of any adaptise system. The channe] indormation is
the input for the adapiive schome, However, almost all the work done on adaptive systems
{including onr work) assiume perfect channel estimation st both transmitier and recelver.
Some work has bren presented [n leratire where channel estimation at the receiver side
was considered, In this type of estimation, the transmitter gets the [eedback of the chanmne]
information {rom the receiver. The need for the transmitter itself to estimate the chanmel
is important because the channel statde estimates a1 the tranpsmitler can be different from
the channel state estimates at Lhe receiver, They can be modelled by Lheir joint distribution

with the true channel state information,

In whis work as well as other retated works, adaplive rale compatible punctaring turbo
codes (RCPT) sysbem has been carried out on both systematic bits and non-systematic bits.
However, it has heen mentioned that it would he better to punetiure onfy 1he non-systematic
hits to abtain a higher rate. The uniform random punctiuring scheme saturales in a lower

rate than the imeoded svstemn at high signal-to-noise ratio [(SNR) {or a given targel error
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probability, while the non-svslomatic random punceuring scheme approaches the oneeodesd
scheme at high SNR. The porformance of the non-svstematic puncturing scheme, and/or
a hyhrid systern with nniform randem puneturing &t low SINH and non-systomatic random
puncturing at high SNHE cuglt Lo Be invesligsted o delerminge wiach scheme o ase for a
particular situation, The adaptive RCPT can also be extended o fase Gadmg, where one

codeword spans multiple fading Bleces, aned compared Lo the nen-adaptive schemee

Further sludy is reeemmendsd e the influence of the Rician K oand SN on Che relative s
of our adaptive algovithms, Corrclation among the transmit and receive antennas will be an
interesting factor to entnbing inte the adaptive algorithms. Theee techniogues are indicated as
solutions to probloms i the time, frequency, and space domain. The degree of depensdenacy

of the three technigues o these domains is a salject for further study,
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