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MULTI-LEVEL MODULATION SCHEMES FOR DIGITAL CELLULAR MOBILE 
RADIO 

bv Peter-Marc Fortune 

An investigation into multi-level modulation techniques for 
digital cellular mobile radio is presented. The research 
commenced at a time when there was intense activity into 
selecting a multiple access system for the pan-European 
cellular radio system, known as GSM, scheduled for service 
in 1991. One of the contending systems was the wideband 
time division multiple access (WB-TDMA) arrangement, 
MATS-D, proposed by Philips/TeKaDe. It was an unusually 
complex system employing time compression of the users 
data, time division multiplexing, spectral spreading, and 
multi-level modulation on quadrature carriers. Although the 
principles of the system had been documented, no 
performance information was available, and the first phase 
of the work was to rectify this situation. We found that 
the system could support a traffic density of 7.92 
Erl/MHz/Cell within a spectral allocation of 25MHz. 
Simulations demonstrated that bit error rates (BER) of less 
than 10-2 were achievable for channel signal-to-noise 
ratios (SNR) in excess of 22dB. A receiver was constructed 
and tested. It contained the essential components of 
MATS-D, operating at chip rates between 1 and 4 Mchips/s, 
and utilising 32-chip correlators. 

By the spring of 1987 narrowband time division multiple 
access (NB-TDMA), exemplified by the ELAB system, was the 
preferred approach. Although this NB-TDMA system did not 
use multi-level modulation we studied it in detail, 
particularly its adaptive Viterbi equaliser. However, with 
the finalisation of the GSM specification, we returned to 
our multi-level modulation studies. Specifically, the 
transmission of digital speech via M-level quadrature 
amplitude modulation (QAM), M = 16 or 64, over Rayleigh 
fading channels was investigated. A sub-band coder (SBC) 
operating at 16kb/s was combined together a with 
Reed-Solomon codec. Adaptive mapping strategies deployed 
the RS coded bits onto the QAM constellation in a near 
optimum way. Toll quality speech was obtained at a baud 
rate of 6.6k, for M = 16, and an SNR in excess of 22dB. Our 
results indicate that multi-level modulation can be 
effectively used in the microcellular mobile radio systems 
that are anticipated to be operational by the late 1990s. 
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Chapter 1 Introduction 

The research for this thesis began in 1985 at the time when 

high capacity nationwide mobile communications became 

available to the UK public for the first time. Within a few 

months it was clear that the demand for mobile 

communications far exceeded all predictions [1]. In 1982 

the first steps were made in forming a specification for a 

second generation mobile radio telecommunications system to 

provide uninterrupted communications coverage over much of 

Europe. The early research for this thesis was concerned 

with the evaluation of the proposals for the pan-European 

network. Due to the substantial financial gains to be 

accrued by the company forwarding the successful system, 

the proposals were under continual development and the 

detailed designs were not available. It is in this 

atmosphere our research began, and as a result many 

assumptions have had to be made in the course of our 

investigations. 

The heavy demand for mobile communications meant that 

techniques which have a high spectral efficiency are 

necessary as more and more traffic must be accommodated in 

the scarce radio spectrum. It was the spectral efficiency 

aspect of mobile radio that stimulated our interest into 

the development of multi-level modulation schemes. The 

Philips/TekaDe proposals for the second generation network 

included a multi-level modulation scheme, which we examined 

both theoretically and by experiment. Following this work, 
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Chapter 1 Introduction 

our later research was directed at the enhancement and 

adaptation of highly spectrally efficient Quadrature 

Amplitude Modulation (QAM) techniques for use in the mobile 

network. 

Although the results contained in this thesis are primarily 

concerned with the study and optimisation of the 

performance of multi-level modulation schemes, other 

competing mobile radio systems are described in depth. 
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lhapter i Introduction 

1.1 Background 

The voice telecommunications network began around the turn 

f the century, made possible by a network composed of many 

small manual exchanges. For many years advancement in 

technology made little difference to the user. Even the 

invention of the electromechanical switch, which 

revolutionized exchange design by allowing the 

construction of large switching centres, provided only 

automated local calls and did not abolish the need for an 

operator. The advent of trunk connections and subscriber 

trunk dialling (STD), inaugurated by the Queen in 1958, 

meant that for the first time users were able to make 

national calls without assistance. These facilities were 

not available nationwide until 1979 because of the vast 

investment of both money and manpower required to complete 

the major modifications to the infrastructure of the fixed 

ire network. International direct dialling (IDD) became 

liable in London in 1963 using satellite links and 

allowing calls to be immediately connected to many 

countries around the globe. Today it is possible to contact 

186 countries by IDD, and a total of 213 countries by using 

the services of the international operator. 

Recent developments have introduced technology for 

transmitting digital information from commercial and 

domestic users over the communications network. This 

- 3 
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Chapter 1 Introduction 

facility carries an array of data, including FAX images, 

electronic money transfers, and electronic mail. Much of 

the data is sent with the aid of acoustic modems that 

convert the data into modulated audio bandwidth signals 

prior to dispatch over the voice communications network. 

In the UK, British Telecom (BT) is currently installing 

'System X' electronic exchanges which promise to offer the 

user many new facilities and transparently combine the 

transmission of both speech and data signals. These 

exchanges are fully digital and use protocols which are 

compatible with the integrated services digital network 

(ISDN). We must expect the UK customer to compare 

communications via any mobile telephone system with those 

over the current public switched telephone network (PSTN), 

and therefore the mobile systems which compete in the 

market place of the 1990s must be able to match and 

possibly augment the facilities available from the System X 

fixed wire network. 
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chapter 1 Introduction 

1.2 Early Mobile Communications 

In 1965 the post office made mobile communications 

available to the public for the first time. 'System 1' was 

able to support a total of 320 subscribers and carried 

analogue voice signals connected by a mobile services 

operator. This developed in several stages to 'System 4' 

which came into operation in 1981, and allowed direct 

dialling to the mobile subscriber for the first time [2]. 

System 4 which is still in operation today, is based on the 

mobile automatic telephone system 'B' (MATS-B), designed by 

Philips Kommunications Industry AG in West Germany and 

provides 110 duplex channels per base station, with a 

12.5kHz carrier spacing [2]. The system covers the whole 

country dividing it into seven large coverage areas as 

shown in Figure 1.1. Each area is served by one or more 

independent exchanges which connect the mobiles to the 

PSTN. The total system capacity is ten thousand 

subscribers, with radio coverage reaching 93% of the 

population. Within one year of its inauguration this system 

was operating at full capacity and had a large waiting list 

of customers. However, due to the design of System 4 it was 

unable to accommodate any additional subscribers without 

major changes to its infrastructure. IDD and data transfer 

facilities were not offered on the System 4. This together 

with the problems of expanding the system to accommodate an 

increasing number of subscribers, made it unattractive for 
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Radio coverage 
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Figure 1.1 Radio Coverage of System 4 Mobile Radio 
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Chapter 1 Introduction 

use by the general public on a large scale. In order to 

serve this market, a high capacity system which provided a 

mobile equivalent of the fixed wire network, and at a 

reasonable price, was required. 
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Lhapter 1 Introduction 

1.3 Cellular Communications 

The early techniques for mobile radio communications used 

large coverage areas, were spectrally inefficient and 

unsuitable for use in a high capacity mobile network. 

Around 1950 the Bell telephone company begun investigating 

the possibility of large scale radio telephone services 

using overlapping coverage areas [3], This early work was 

the foundation for the cellular radio systems of today. 

In cellular radio, the service area is divided into many 

sections. These are conventionally represented by a mosaic 

of hexagonally shaped coverage areas each of which is 

served by an independent set of base station (BS) 

transceivers. The radio frequency (RF) bandwidth occupied 

by the system is divided up into a set of sub-bands, each 

of which accommodates a single modulated carrier. A subset 

of these carriers is assigned to each cell in such a way as 

to avoid adjacent channels in adjacent cells, and also to 

minimise the effects of harmonic distortion within the 

cells. All analogue systems operate on a single channel per 

carrier (SCPC) basis, that is to say a single voice channel 

is associated with each carrier. Thus two carriers are 

required for each telephone call, forming a duplex link by 

assigning one carrier for BS-to-mobile station (MS) 

communications, designated the downlink, and one carrier to 

MS-to-BS communications, called the uplink. By using 

- 8 — 



Chapter 1 Introduction 

different carrier pairs, a number of independent calls may 

be connected at any one time within each cell. This 

technique is known as frequency division multiple access 

(FDMA). A group of adjacent cells which use all the 

available carriers is referred to as a cluster. The number 

of cells making up the cluster determine the reuse distance 

of each carrier frequency, that is the minimum physical 

distance between two BSs using the same carrier. This 

distance determines the level of co-channel interference 

experienced by the receivers, and the traffic density that 

may be accommodated for a given cell size. 

1.3.1. First Generation Systems 

There are currently several analogue cellular radio systems 

in use around the world. In this report we will only 

consider the UK Total Access Communications System (TAGS) 

which has may similarities with the other first generation 

networks. TAGS is itself a derivative of the earlier 

American Automatic Mobile Phone System (AMPS). 

January 1985 saw the launch of cellular radio in the UK. 

Two competing companies installed independent systems -

GELLNET run by a British Telecom/Securicor, and VODAPHONE 

installed and run by RACAL. The UK government granted 

operating licences to these companies on the basis that the 

- 9 
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radio coverage of the systems must reach 93% of the 

population when complete. Original projections of the 

public demand for the system were grossly underestimated. 

Six months after the launch of TAGS these figures had been 

exceeded by more than a factor of two, and today there are 

more than 500,000 subscribers on the combined Vodaphone and 

Cellnet systems. 

TAGS uses analogue FM techniques to provide 1000 duplex 

voice channels over a seven cell repeat structure [4]. 

Although the system was designed primarily for speech 

transmission it has been adapted to carry data by the use 

of acoustic modems [1]. The area covered by the Cellnet and 

Vodaphone networks is shown in Figure 1.2. The coverage of 

southern England is almost complete and the only major 

areas which are not fully served are central Wales and the 

Scottish Highlands. The high traffic demand in the major 

cities has lead to a reduction in the size of cells in 

these areas in order to increase traffic capacity. Also, 

due to the exceptional demand in the capital the extended 

TAGS system (ETACS) has been implemented which operates 

using extra channels allocated from spectrum space released 

by the Department of Trade and Industry (DTI) until the 

implementation of the Pan-European radio system in 1992. 
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1.3.2 Second Generation Systems 

In 1982 CEPT set up a special group on mobile radio - the 

Groupe Speciale Mobile (GSM) to establish specifications 

for a second generation cellular mobile radio system 

covering the European countries shown in Figure 1.3. It is 

proposed that this system should be in operation by 1991, 

which will require a vast investment in time and effort 

over the next three years. The system will use digital 

transmission methods, making it equally suitable for 

carrying data and voice information. This improves on the 

first generation systems which provides data transmission 

by the use of acoustic modems, restricting the data rate 

available to a maximum of 1200 baud. 

The new system is not only constrained by technological 

developments, but is also heavily influenced by fiscal 

considerations. Introduction of the system so soon after 

TAGS will mean it must provide all the current services 

with speech quality and call blocking probability 

comparable with, or better than TAGS and at the same or 

less cost to the subscriber. Further, the network operator 

must be confident that the current and future capabilities 

of the system will encompass the mobile communications 

requirements well into the next century in order to justify 

the vast investment required. 
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The proposals for the second generation systems are 

considered in detail in later chapters. 
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1.4 Future Mobile Radio Systems 

With the ever increasing demand for mobile communications, 

the development of systems exhibiting very high spectral 

efficiency is of paramount importance. Although many 

current techniques have achieved huge gains over the early 

digital modulation methods, a quantum leap is required to 

provide the level of efficiency needed in the future. In 

order to succeed in this quest we look to multi-level 

modulation schemes, which use a number of carrier 

amplitudes and phases to represent multi-bit symbols, 

consequently reducing the spectral width for a given data 

rate. 

These techniques will form part of the future 

telecommunications systems, and will probably operate 

within a land-based microcellular structure. These land 

based services will be complemented by satellite services 

providing communications to aircraft, maritime vessels, and 

to mobiles in vast uninhabited areas where land based 

communications are impractical. 
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1.5 Overview of Thesis 

In Chapter 2 a brief overview of a number of digital mobile 

radio techniques is presented. Namely speech coding, 

channel coding, and digital carrier modulation. The method 

described are of relevance at many points throughout this 

thesis, and are provided as background detail to later 

discussions. 

s 

The work on the second generation mobile radio systems is 

contained in Chapters 3 - 6 . The first of these contains a 

review of four of the systems which were examined by the 

Communications Group at Southampton. Chapter 4 comprises a 

detailed description of the Norwegian ELAB system. Special 

attention is given to the Viterbi Equalisation (VE) 

technique used by ELAB, as additional uses for this 

technique are discussed later. The examination of the 

Philips/TeKaDe 'MATS-D' system is split between Chapters 5 

and 6. In the former, the performance of MATS-D is 

evaluated by theory and simulation. These findings are 

augmented in Chapter 6 by a presentation of the design of 

a wideband test-bed which was constructed to confirm these 

theories and advance our understanding of the techniques 

used. 

An alternative multi—level modulation scheme, described and 

developed in Chapter 7, is based on Quadrature Amplitude 
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Modulation (QAM) techniques. A system is described which 

provides a highly spectrally efficient method for voice 

communications which may be integrated into future 

services. 

In the final chapter, suggestions are made for enhancements 

to the systems already described, and proposals presented 

for future research. 
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Chapter 2 Digital Mobile Radio Techniques 

Many techniques are utilised in the design of a digital 

mobile radio link. These may be divided into three main 

areas, namely speech coding, channel coding and digital 

modulation methods. In this chapter we aim to provide an 

insight into some of these areas, paying particular 

attention to those techniques encountered during the 

research for this thesis. The accounts of these techniques 

concentrate on the principles of operation rather than 

qualitative assessments. These performance figures are 

detailed in later chapters, where relevant to the system 

being discussed. 

The requirements for low bit rate, high quality speech 

encoders has led to the development of a variety of 

techniques which are specifically designed to exploit the 

characteristics of speech signals [7]. Sub-band coding 

(SBC) is one of these techniques and is described in 

Section 2.1.1. Four out of the six contending speech codecs 

for the pan-European system were types of SBC, and we will 

employ a SBC in our multi-level modulation systems 

described in Chapter 7. 

The distortions experienced by a signal traversing a mobile 

radio channel result in corruption of the recovered data at 

the receiver and the regenerated speech may be of poor 

quality. The multiplicative effects of the channel can be 

partially compensated by adopting equalisation techniques 
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at the receiver [8-11]. However, equalisation does not help 

in combating channel noise and may not reduce the bit error 

rate (BER) to a level that can provide acceptable speech 

quality. The BER may be further reduced by the use of 

channel coding where the data stream is modified by the 

addition of a number of redundant symbols. These symbols 

are used to indicate the validity of the data at the 

receiver, and in some cases to correct the errors caused by 

the channel impairments. Section 2.2 provides an overview 

of the basic classifications of channel coding techniques 

and establishes key concepts. In Section 2.2.1 a detailed 

description is given of Reed-Solomon (RS) coding, a channel 

coding technique that is used extensively throughout this 

thesis. 

We conclude this chapter by documenting a number of 

carrier modulation schemes. The high demand for spectrum 

has led to the development of a number of highly efficient 

modulation systems. We describe the operation of Frequency 

Shift Keying (FSK) and Phase Shift Keying (PSK) and develop 

these simple techniques into four spectrally efficient 

modulation schemes, namely: Minimum shift keying (MSK); 

Gaussian Minimum Shift Keying (GMSK); Tamed Frequency 

Modulation (TFM) and Generalised Tamed Frequency Modulation 

(GTFM). 
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2.1 Speech Coding 

Speech is digitally encoded by performing a series of 

regular observations on one or more quantitive parameters 

of the source analogue signal. The absolute value of the 

parameters are then mapped to binary numbers which may be 

assembled into a data stream and transmitted over a digital 

channel. At the receiver the information is used to 

reconstruct the original signal. For example a pulse code 

modulation (PCM) system records the amplitude of the speech 

signal at each sampling instant as a binary number, which, 

providing the signal is sampled often enough provides 

sufficient information for the speech signal to be uniquely 

reconstructed at the receiver. 

Current speech coding techniques may be categorized as 

either waveform coders or source coders [7]. The former 

classification includes the early codecs, namely pulse code 

modulation (PCM) and delta modulation [8], and the more 

elaborate schemes that employ adaptive quantisation and 

varying degrees of differential coding in order to reduce 

the bit rate for a given speech quality. However, the 

reductions in bit rate have not been as great as those 

achieved using source coding methods such as as vocoding 

[7]. Source coders together with the more advanced waveform 

coders such as sub-band coders (SBC), have been designed 

with a priori knowledge of how the speech is generated and 
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the mechanisms by which it is received by the ear. Using 

this information it is possible to evaluate the perceptual 

importance of the different parts of the speech signal and 

code them accordingly. 

The performance of a digital speech transmission system can 

be compared quantitatively on the basis of the 

signal-to-noise ratio (SNR) of the recovered speech. 

However listening tests have revealed that it does not 

accurately reflect the subjective quality of the received 

speech. This is especially true with modern speech encoders 

because the crude SNR measurement does not take account of 

the perceptual importance of the various parameters of the 

speech signal, the very exploitation of which has led to 

the design of the coder. An improved measurement, 

segmental-SNR is described at the end of Section 2.1.1. 

Some insight is provided into the figures generated from 

this measurement by quoting the performance of the sub-band 

coder measured in terms of segmental-SNR for both ideal and 

toll-quality transmissions. 
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2.1.1 Sub-Band Coding (SBC) 

In general it is possible to apply the principles of SBC to 

develop a system tailored to the statistics of any signal 

set [12]. The success of SBC may be judged from the results 

of listening tests, which have shown that the subjective 

quality of 24kb/s SBC speech is comparable with that of 

56kb/s log-PCM encoded speech [7]. 

The generalised structure of a SBC is shown in Figure 2.1. 

The speech signal is divided into four or more sub-bands by 

a bank of bandpass filters. The output from each sub-band 

is translated to zero frequency and sampled at twice the 

sub-band bandwidth (Nyquist frequency). Each sub-band is 

digitally encoded and the outputs are multiplexed together 

for transmission. After reception each digital sub-band 

signal is demultiplexed and decoded. Band pass filtering 

ensues as shown in Figure 2.1 and the filtered sub-band 

signals are summed to produce the recovered speech signal. 

SBC proposals have detailed a number of possible 

configurations having different number, width and 

distribution of the sub-band channels; types of coder used 

for each sub-channel; and bit allocation strategies for the 

sub-channels [12-16]. The 'Hanes' configuration was used in 

the research for this thesis, in the form of a computer 

simulation, and is described in the following section. 

- 2 2 -



Chapter 2 Digital Mobile Radio Techniques 
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Figure 2.1 - The General Structure of a Sub-Band Coder 
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2.1.1.1 The 'Hanes' 16kb/s Sub-Band Coder 

A block diagram of the coder is shown in Figure 2.2. The 

filter bank is realised by six QMF filters [12], arranged 

in a tree structure such that eight, 500 Hz bandwidth 

signals are generated. Each sub-band is sampled at IkHz and 

encoded using an adaptive one-word memory quantiser, 

described by Jayant [17], with 0, 2, 3 or 4 bits allocated 

according to perceptual criteria. A semi-adaptive bit 

allocation strategy gives a significant increase in 

performance over a fixed bit allocation schemes [15]. In 

the Hanes implementation [15], one of four possible mapping 

strategies are selected for the encoding of each 6ms 

segment of speech. These are designated 'voiced', 

'unvoiced', 'intermediate' and 'signalling'. Selection of a 

particular strategy is based on the ratio of the short term 

average magnitudes of the signals in the 0-2kHz and 2-4kHz 

bands, designated L and H, respectively. The encoder 

defaults to the intermediate strategy unless the ratio L/H 

exceeds a value a, whence the voiced strategy is adopted. 

Similarly should L/H fall below b the unvoiced strategy is 

selected. Hanes found that optimum values of a and b were 

20 and 1.5, respectively. The signalling classification is 

included to ensure compatibility with the signalling tones 

from modems that are transmitted via SBC over the public 

network. Short term signal magnitudes are computed from the 

signals at the output of the 0-lkHz (L'), l-2kHz (M') and 
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2-3kHz (H') filters. Values of M'/L' or H'/L' exceeding 16 

cause the signalling classification to be made. The bit 

mapping strategies for each of these classifications are 

chosen to optimise the perceptual quality of the speech and 

are shown in Figure 2.3. Unvoiced sounds are reproduced 

with a subjective improvement by coupling the sub-band 

signal from the 2.5->3.0kHz into the 3.0->3.5kHz sub-band 

[15]. This 'high band regeneration' is represented by an H 

in the strategy table. 

The 6ms assessment period described above corresponds to 90 

bits in the SBC output data. These bits are made up of six 

15 bit blocks, assembled once every 1ms from the output of 

the individual sub-band coders. A frame of SBC speech is 

formed by transmitting these bits, preceded by a further 

six bits defining the encoding classification used in the 

frame. These six bits are comprised of the two bits 

necessary to define the four possible classification 

states, repeated three times. This repetition affords extra 

protection to these bits over all others in the frame, 

since erroneous reception is most serious causing severe 

degradation in the recovered speech for a duration of 6ms. 

As mentioned above, the quality of speech processed by a 

particular technique is difficult to quantify, and there is 

no good substitute for subjective listening [18]. However 

in our calculations we have used segmental-SNR to give some 
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indication of quality. In calculating the segmental-SNR, 

the ratio of the source signal energy measured over a 128 

sample block, divided by the error signal energy measured 

over the same period is found. This may be written 

mathematically as 

128 
^ s • 

segmental-SNR = \ (2.1) 
i=i 

where are the original speech data samples, are the 

received samples. Should the result be less than -lOdB or 

greater than BOdB the result is limited to these values. 

This limiting is performed because the speech quality is 

perceived no worse than that for -lOdB for SNRs less than 

-lOdB, and no better than 80dB for SNRs greater than 80dB. 

The measurements for all the blocks over the sample period 

are then averaged in order to generate the segmental-SNR. 

By this technique the Hanes encoder was shown to achieve a 

segmental-SNR of between 13 and 14dB for error free 

transmission. Also, subjective listening tests showed that 

in the non-ideal situation where the data is corrupted 

between the encoder and decoder, the technique achieved 

toll quality speech at a BER of around 2(10-3)^ which 

corresponded to a segmental-SNR of lOdB. 
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2.2 Channel Coding 

The technique of channel coding may be described as the 

calculated use of redundancy. The source data is passed via 

a channel encoder which systematically adds symbols to the 

message data. These additional symbols contain no new 

information, but they make it possible for the channel 

decoder to detect and correct errors in the message data. 

By this process the overall BER may be reduced. 

A block diagram showing the operation of a general channel 

coding system is shown in Figure 2.4. An input message of k 

bits arriving at a bit rate of b/s is processed in the 

channel encoder which generates an n bit output codeword. 

Notice that the bit rate is increased to r^n/k b/s due to 

the transmission of the additional redundant bits. The 

message data may be directly mapped to the first k bits of 

the code word in which case the channel coding is said to 

be systematic. When the message is scrambled in the 

encoding process, the coding is termed non-systematic. The 

encoded data is modulated, transmitted via the channel, and 

demodulated. After bit regeneration some of the bits may be 

erroneous, due to the channel impairments. The recovered 

code word is passed to the channel decoder which detects 

the erroneous bits and takes corrective action. Notice the 

number of errors that can be detected is proportional to 

the level of redundancy added at the transmitter. 
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Omitting consideration of hybrid techniques, error control 

coding may be divided into two main areas. The first is 

Automatic Request Repeat (ARQ) systems. These use the 

redundancy added at the transmitter to detect errors, and 

send a message back to the receiver, requesting it to 

retransmit any blocks that were received in a corrupt 

state. The second classification is Forward Error 

Correction (FEC) coding, which uses codes that enable the 

receiver to both detect and correct the erroneous bits 

without the need for retransmission. ARQ systems can 

generate large delays when many repetitions are required to 

successfully transmit the data. Therefore ARQ cannot be 

applied to the transmission of real-time speech data and we 

restrict our discussions to FEC techniques. 

FEC coding may be further subdivided into convolutional 

coding (CC) and block coding. The former technique 

generates output codewords which are constructed from not 

only the current block of information, but also from a 

number of previous blocks with the check bits interleaved 

amongst the message bits. In block coding a block of k 

digits of source data are coded into an n-digit word, where 

n>k. Notice that use of block coding means that the effects 

of a single bit error are contained within one block, 

whereas using CC the effects of the error propagate through 

the data. 
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In the following section we describe Reed-Solomon (RS) 

coding which is a sub-class of Bose-Chaudhuri-Hocquenghem 

(BCH) coding which is in turn is classified as a form of 

FEC block coding [19]. Many of the systems described later 

in this thesis employ RS coding to provide FEC. The 

technique is highly suited to the correction of bursty 

errors, such as those encountered in a mobile radio 

environment, and has been well established by its 

inclusion in the error protection coding of the audio data 

on compact discs. 
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2.2.1 Reed-Solomon Coding 

RS codes are a sub-class of BCH codes which operate on 

non-binary data [19]. BCH codes are cyclic, that is to say 

that shifting any code word by one symbol will generate 

another valid code word. Cyclic codes are attractive 

because they exhibit a fair amount of mathematical 

structure and lend themselves to simple algebraic 

manipulation. BCH codes, as a class, are the most powerful 

error-correcting cyclic codes currently known [20]. 

In order to describe the operation of RS coding we use 

polynomial notation [19-21]. Using this notation the block 

of symbols {6,0,5,4,3} is represented as 

f(x) = 6x^ + 5x^ + 4x + 3 (2.2) 

Before RS coding the source data is sorted into groups of 

m bits which are taken serially from the incoming data 

stream. Each of these groups may be considered to represent 

a unique base-N symbol where N = 2®. The RS coding and 

decoding functions are performed by mathematical 

manipulation of this data using modulo-N arithmetic 

operating in a finite mathematical field known as a Galois 

Field (GF) [19]. Operating in GF(32) we would use 5 bit 

symbols. The operation of RS coding is documented by 

describing the procedures used to encode and decode the 
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data. Following this description a qualitative discussion 

is given on the selection of an RS code for a particular 

application. 

2.2.1.1 RS Encoding 

The source data is assembled into n-bit symbols as 

described above. Thus operating with three bits per symbol 

in GF{8), the data 1,0,0,1,1,0,1,1,1,1,1,0... will be split 

into groups of three, yielding a data sequence 

4,6,7,6...(Base-8 ) . These symbols are encoded in blocks k 

long, each generating an output block of n symbols where 

n > k. The error correcting capability of the code is t 

symbols given by t = (n-k)/2. Notice that this is not the 

same as t bits. A single bit error will corrupt a whole 

symbol and therefore the RS decoder will flag the symbol 

containing that bit as erroneous, whether or not the other 

bits in the symbol are corrupt. Therefore it is 

theoretically possible for a code operating on six bit 

symbols to correct up to 6t bits. However, such a 

fortuitous situation is extremely unlikely and therefore 

correction ability of these codes is only measured in terms 

of symbols. 

A k symbol block of message data ... is written 

in polynomial notation as 
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i(x) = IqX^ + + ... + ^ (2.3) 

The RS encoded word c(x) is formed by multiplying the 

source data polynomial i(x) by a generator polynomial g{x), 

defined as 

? 3 2t 
g(x) - (x - a)(x - a )(x - a ) ... (x - a ) (2.4) 

where a is an element selected from the Galois field. Thus 

c(x) = i(x) g(x) . (2.5) 

Notice that c(x) is n symbols long since g(x) is of order 

2t. The codeword formed in Equation (2.5) is 

non-systematic as it does not contain the original data 

sequence. It is also possible to perform systematic RS 

coding by applying an alternative coding rule 

c(x) = i(x) x" ̂  + Rem^ ^ (2.6) 

where the factor of is present in the first term to 

shift the original data into the first k symbols of the 

output block. It is essential for the decoding process that 

the code word is exactly divisible by the generator 

polynomial and the structure of the second term ensures 
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that this occurs. The encoded data is mapped back into a 

binary format for transmission over the mobile radio link. 

At the receiver the signal is demodulated and reassembled 

into symbols before error detection and correction 

commences. 

2.2.1.2 RS Decoding 

The received signal r(x) is assumed to be corrupted at v 

locations Zy Z^, ... , , with error magnitudes of 

Y^, Y^, respectively, where v is less than or equal to 

t, the correcting capability of the code. In cases where v 

exceeds t the error correcting system is overloaded and 

perfect reconstruction of the original word is not 

possible. An error polynomial e(x) may be written such that 

V 

e ( x ) = ^ , ( 2 . 7 ) 

i=1 

where is the set of locations of the non—zero error 

magnitudes. Therefore an equation linking the transmitted 

code word c(x) and the received corrupted code word r(x) 

may be written as 

r(x) = c(x)+e(x) = i(x)g(x)+e(x). (2.8) 

The syndrome s(x) is defined such that 
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S(x) = [i(x)g(x) +e(x)]. (2.9) 

Notice evaluation of s(x) will return a zero result for 

x = a for z = l.,2t, providing e(a^) is equal to zero i.e., 

there are no errors. This is ensured by the definitions of 

c(x) given by Equations (2.5) and (2.6) which assemble a 

codeword that is divisible by g(x) without remainder. As 

g(x) itself has roots at x = , z = 1..2t then c(x) will 

be zero. Thus Equation (2.9) may be rewritten as 

S(x) = [e(x) ] = e(x) . (2.10) 

A set of simultaneous equations may be established by 

evaluating Equation (2.10) for x = a ^ , where z = 1..2t, and 

equating them to the error functions e(x) given by Equation 

(2.7) evaluated at the same point e.g., 

~ Y/Z + Y Z + ... + Y Z 
1 1 1 2 2 

Sg = + YggZ + ... + Y_z2 

V V 

®2t= 
V V 

where = x , and Sw is the result of evaluating 

Equation (2.10) at . The correcting capability of the 

code is defined by the fact that there are 2t equations 

which may be simultaneously solved to find 2t unknowns. As 

each error is defined by a position and a magnitude 
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this allows for the location and correction of t errors. 

This set of simultaneous equations may be written more 

succinctly in matrix form ergo 

' h h 

^2 

_ 

_S2t 
?2t y2t 
1 2 V 

1 

Y 
V 

(2.12) 

Notice that knowledge of any one component of the square 

matrix implies knowledge of all the others in that column. 

Since this set of non-linear equations is very difficult to 

solve, the problem is circumvented by applying the methods 

of the Peterson-Gorenstein-Zieler (PGZ) decoder [19]. The 

first step in the decoding process is to find the position 

of the errors, established by using an error locator 

polynomial defined as 

A(x) = A x^ + A x^ ^ + ... + A.x + 
V V—I I 

(2.13) 

which may be factorised to 

A(x) = (l-xZ^lfl-xZ?) ... (l-xZy) . (2.14) 

The zeros occur at the inverse error locations e.g. 1/Z^ , 

l/Z^ ... . Combining Equations (2.11), (2.13) and (2.14) we 
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may construct the matrix equation [19] 

S] 

Sg Sg 

=3 S4 

Sv A+1 
v̂+1 Vi 
V2 V2 = 

( 2 . 1 5 ) 

The number of errors v', may be established by initially 

setting V' = 2t and evaluating the determinant of the 

square matrix in Equation (2.15). If this result is zero v' 

is reduced by 1 and the operation repeated until a non-zero 

determinant is found. If the correcting capability of the 

code is exceeded there is no value of v' < t which will 

fulfil these conditions. 

The diagonal elements of the matrix of Equation (2.15) 

going from bottom left to top right are identical. This 

structure is referred to as a Vandermonde matrix. Studies 

of equations involving both Vandermonde and Toeplitz 

matrices, which have a similar structure with the identical 

diagonals in the other direction, have led to the 

development of a number of algorithms for their solution, 

notably the Levinson algorithm [22] and the 

Berlekamp-Massey algorithm [19]. Using these techniques 
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the error positions may be located by finding the values of 

1/Z^ . . 1/Z^. These inverse error positions are substituted 

into Equation (2.11). Only v' simultaneous equations need 

be considered since v' unknowns have already been found. 

Equation (2.12) is solved by matrix inversion, or more 

efficiently, by the Forney algorithm [19]. This solution 

yields the error magnitudes associated with each of the 

error positions. This information may be used to correct 

the received block r(x). Finally, the original data is 

recovered by truncation to a k symbol block in the case of 

systematic coding, or dividing the corrected word by the 

generator polynomial for non-systematic coding. The PGZ 

decoder described above is summarized in Figure 2.5. 

2.2.2 Selection of an RS Code 

The choice of which RS code to use for a particular job is 

a trade off between correction capability, redundancy, 

complexity, and processing delay. Consider the use of RS 

coding to protect real-time speech data transmitted over a 

Rayleigh fading channel. Our main objective is to achieve 

toll quality communications. However, this must be achieved 

without excessive redundancy which will decrease the 

spectral efficiency of the system, or the introduction of 

excessive delays engendered by the use of long block 

lengths. The encoder complexity tends to be automatically 
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Figure 2.5 - Summary of the PGZ RS Decoding Algorithm 
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contained by these considerations. 

It is clear that if it can be arranged that the block 

length is greater than the average fade duration, then it 

is likely that a large proportion of the symbols will have 

been transmitted outside the fade, and consequently have a 

low probability of error. Assuming these symbols are 

without error we may define a code which can recover the 

erroneous symbols in the block that were transmitted during 

the fade. By comparison, the selection of short block 

lengths means that entire blocks at the receiver will be 

corrupt when they are subjected to a deep fade, and almost 

error free at other times. Considering these alternatives 

it can be seen that there is a trade between minimisation 

of block length and minimisation of redundancy for a given 

performance. Observe that short systematic codes, operating 

on data transmitted over a fading channel are likely to 

engender little advantage over using no coding at all, 

providing that no correction is attempted when excessive 

errors are detected. 

Design is limited by the minimum acceptable speech quality 

on one hand, and the maximum delay on the other. The level 

of redundancy that may be tolerated is heavily dependant on 

the transmission method and is left for discussion in later 

chapters. 
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Hanzo et al. [23] have published data which give some 

guidelines as to the increase in BER that can be expected 

from a variety of RS codes used to protect data 

transmitted in a Rayleigh fading environment. This data 

provides some selection criteria, although a certain amount 

of trial and error is required in order to select the most 

appropriate code for a particular situation. 
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2.3 Digital Modulation Techniques 

Consider a modulation system transmitting one symbol every 

T seconds. Each symbol is used to encode the data carrier 

by altering one or more of its parameters by a 

predetermined mapping rule every T seconds. In frequency 

shift keying (FSK) a symbol is represented by transmitting 

one of m possible frequencies, while phase shift keying 

(PSK) operates with a unique carrier phase selected from a 

set of m possible phases. Figure 2.6 (a) and (b) shows the 

modulated waveforms for PSK and FSK, respectively, when the 

message signal is an arbitrary binary sequence (m =2). 

These modulation methods are attractive for use in the 

mobile radio environment because they exhibit constant 

envelopes and therefore show some resilience to the effects 

of Rayleigh fading. Further, it is possible to process the 

signals via non-linear components without destroying the 

information content, which enables the use of highly 

efficient class-C amplifiers that minimise the power 

consumption in mobile equipment. 

Coherent demodulation may be applied to both PSK and FSK 

signals, whence the former exhibits a 3dB performance 

advantage over the later method [25]. Non-coherent 

demodulation techniques may be applied to FSK data at the 

cost of a further loss in performance. A simple 

non-coherent receiver consists of two bandpass filters 
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(a) PSK 

(b) FSK 

t 

>• t 

Figure 2.6 - Time Domain Structure of FSK and PSK Signals 
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tuned to the two signalling frequencies, followed by-

envelope detectors and symbol rate samplers. The symbol 

recovery decision is based on the identification of the 

envelope detector having the greater output amplitude at a 

sampling instant. An optimum set of signalling frequencies 

exist for both coherent and non-coherent demodulation 

techniques, and they are selected to ensure that they do 

not interfere with one another in the demodulation process 

i.e., there is negligible cross-talk. Frequencies adhering 

to these criteria are said to be coherently or 

non-coherently orthogonal depending on the type of 

demodulation. For FSK it can be shown that the minimum 

spacing between the signalling frequencies for non-coherent 

orthogonality is 1/T [25]. We will show that this figure 

may be reduced to 1/2T for coherent orthogonality using a 

refined FSK modulation technique called Minimum Shift 

Keying (MSK). 

High BER performance is generally of primary concern when 

selecting modulation methods for a mobile radio system as 

the received signal may be subjected to severe fading. PSK 

can be extended to increase its spectral efficiency without 

significantly degrading its BER performance. This is 

achieved by transmitting two PSK signals on orthogonal 

components of the same carrier, and known as Quadrature 

Phase Shift Keying (QPSK). The QPSK signal is generated by 

dividing the 1/T b/s bit stream into two bitstreams of 1/2T 
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b/s each. These half rate signals are then synchronously 

aligned and used to modulate the inphase and quadrature 

components of a carrier. For example, consider the source 

data to be a bi-polar bitstream 

00 

a(t) = [ a^aft-nT) = ±1 

n=:-00 

then by splitting the even number bits into one bitstream 

(a^, a^, a^, ... ) , and the odd number bits to a second 

bitstream ^^2' ̂ 4' ̂ 6' ^ ' the in-phase and 

quadrature-phase signals ( a^(t) and a^tt) ) are formed. 

Using these definitions, the QPSK signal may be represented 

mathematically as 

s(t) = a^it) cos(27Tf̂ t + w/4) 

+ ̂  a^it) sin(2Trf̂ t + n/4) 
(2.17) 

where fc is the carrier frequency, and the factor of l/i/z" 

is present to normalize the signal power to that of PSK. By 

application of standard trigonometrical identities, 

Equation (2.17) may be rewritten as 

s(t) = cos(27Tf t + 0{t)) (2.18) 

where 0(t) = 0°, 90° or 180°. The structure of a simple QPSK 
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modulator is shown in Figure 2.7(a). An alternative form of 

QPSK, Offset Quadrature Phase Shift Keying (OQPSK) is 

generated by arranging that the two source bit streams that 

modulate the quadrature carriers are time shifted relative 

to one another by one bit period T, as shown in Figure 

2.7(b). Notice that by using this method the carrier phase 

will change more regularly because the two data streams 

update alternately every T seconds. However these changes 

are restricted to a maximum of 90° as opposed to 180° for 

QPSK. 

In a practical system QPSK or OQPSK signals will be subject 

to some degree of band pass filtering (EPF) before 

transmission in order to minimise out-of-channel spillage. 

This EPF destroys the constant envelope of the QPSK signal, 

reducing it to zero at the 180° phase transitions. Later 

hard limiting of this band-limited signal negates the 

effect of the EPF by reintroducing the sidebands which it 

removed. By contrast OQPSK does not experience these 

effects, mainly due to the fact that it avoids the 180° 

phase change associated with QPSK [25]. These are important 

factors as adoption of a QPSK system would preclude the use 

of the efficient class-C amplifiers mentioned earlier, in 

favour of far less efficient linear amplifiers which would 

not distort the signal spectrum. 

In modern constant envelope modulation systems, OQPSK is 
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Figure 2.7 - A simple QPSK/OQPSK Modulator 
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further modified to remove all the phase jumps producing a 

continuous phase modulation (CPM) technique. Four such 

methods are described below, beginning with an overview of 

minimum shift keying (MSK). 
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2.3.1 Minimum Shift Keying (MSK) 

MSK is a special case of OQPSK where the data is shaped by 

a sinusoidal pulse function 

r cos(iTt/2T) 111 < T 
p(t) = < 

0 otherwise (2.19) 

and the MSK signal is given by s(t) = a (t) cos(TTt/2T) cos27rf t 
-L c 

+ ^^(t) sin(TTt/2T) sin2TTf̂ t . 
( 2 . 2 0 ) 

Assembly of this signal is shown diagrammatically in Figure 

2.8. Part (a) shows the in-phase data waveform modified by 

the sinusoidal shaping function. This is multiplied by the 

carrier and forms the signal in (b). Repeating this process 

for the quadrature phase data, the signal shown in (d) is 

formed from that in (c). Finally addition of signals (b) 

and (d) generates the output signal, (e). Now, Equation 

(2.20) may be rewritten as 

s ( t ) = cos[2Trf^t + b^(t)TM:/2T + % ] ( 2 . 2 1 ) 

where b|̂ (t) is +1 when a^ft) and aQ(t) have opposite signs and 

bj^(t) is -1 when ai and aq have the same sign, cp is 0 or 

TT corresponding toa^(t)= 1 or -1. Observe b^(t) can also be 

written as -a^(t)a (t) [25]. MSK is a form of FSK which 
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Figure 2.8 - Assembly of an MSK Signal 
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maintains phase continuity at the transition instants. The 

coherently orthogonal signalling frequency spacing of 1/2T 

is half of the minimum required for non-coherent 

orthogonality. The spectrum of MSK is shown in Figure 2.9 

and is more compact than that of QPSK or OQPSK. By 

comparison 99% of the transmitted power is contained in a 

bandwidth of 1.2/T Hz as opposed to 8/T Hz for the earlier 

systems which employ square modulating pulses. 

2.3.1.1 MSK Transmitter and Receiver 

The structure of a typical MSK modulator is shown in Figure 

2.10. Two FSK signals are produced in the initial 

multiplication process and separated out into s^(t) in one 

arm, and s^(t) in the other arm of the modulator by means 

of band pass filters (EPF). Arithmetic summation of s^(t) 

and s^(t) generates the signals 

x(t) = cos(TTt/2T) cos2TTf̂ t (2.22) 

and 

Y(t) = sin(TTt/2T) sin2Trf̂ t . ^2 23 ) 

Finally multiplication of these signals by the binary data 

si^n^ls and addition of the products can be seen to produce 
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Figure 2.9 - The Spectrum of MSK 
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s^(t) = (l/2)cos(2TTf^t + TTt/2T) 

S2(t) = (l/2)cos(2TTf^t - TTt/2T) 

Figure 2.10 - MSK Modulator Structure 
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Figure 2.11 MSK Demodulator Structure 
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the MSK signal. 

The MSK receiver block diagram is shown in Figure 2.11. The 

received signal is sent in parallel to the two arms of the 

demodulator. The signal is multiplied by x(t) in one arm 

and y(t) in the other, and passed to an integrate and dump 

circuit. This configuration is known as a correlation 

demodulator. Consider the process demodulating the in-phase 

signal in the upper arm of the demodulator. The output of 

the multiplier is effectively low pass filtered by the 

integrator, generating an output a^{t) (1 + cosTTt/T)/4 

The polarity of the threshold detector determines the value 

of a^(t) . The data recovery process is identical in the 

other arm, and the original sequence is recovered by 

interleaving the inphase and quadrature bits. 
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2.3.2 Gaussian Minimum Shift Keying (GMSK) 

Application of a pre-modulation low pass filter (LPF) to 

modify the data streams a^(t) and ag(t) in Section 2.3.1 

before multiplying them by x(t) and y(t) has a profound 

effect on the spectrum of the transmitted signal [25,26] by 

reducing the transmitted bandwidth. GMSK is formed when the 

LPF has a Gaussian impulse response. By selecting different 

filter bandwidths a family of GMSK modulators are formed, 

each defined by the product of the filter 3dB bandwidth B 

and the bit period T. The product BT is called the 

normalized 3dB bandwidth of the filter. Note that a factor 

of infinity represents the case where no filtering is 

present and therefore MSK is a special case of GMSK with 

BT = °°. In practical systems the impulse response of the 

Gaussian filter is often truncated to four symbol periods, 

in which case the technique is conventionally designated 

GMSK4 [26]. The spectrum of GMSK for a variety of BT values 

is shown in Figure 2.12. Operating GMSK with BT = 0.2, 

99.9% of signal power is transmitted within the symbol 

bandwidth 1/T, which represents a factor of three increase 

in spectral efficiency over that of MSK [27]. This spectral 

efficiency is achieved at the expense of the introduction 

of inter-symbol interference (ISI). However the 

degradation introduced is minimal, and the BER performance 

of GMSK with BT = 0.25 is only marginally worse than that 

of simple MSK [27]. 
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Figure 2.12 - GMSK Spectra 
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2.3.3 Tamed Frequency Modulation (TFM) 

The development of TFM follows logically by considering it 

to be a refinement of MSK. The phase transitions of an MSK 

signal are shown in Figure 2.13(a). The behaviour of this 

phase signal plays a significant part in determining the 

output spectrum [29]. Notice that MSK generates sharp edges 

in the phase path for certain data transitions. The basic 

philosophy of TFM is to reduce the spectral width of the 

modulated signal by smoothing this phase component. 

Considering MSK, the phase difference between two 

successive sampling intervals may be written as 

cp(mT + T ) - cp(mT) = Acp(inT) = (Tr/2)a (2.24) 

using the definition of a given in Equation (2.6). For TFM 

a new coding rule is formulated such that 

A<p(mT) = ( t / 2 ) ( a ^ _ , / 4 + a ^ 2 + 
(2.25) 

with cp(0) = 0 if ag.a^ = 1 and cp(0) = tt/4 if a^.a^ = -1 . 

The phase transition signal using this coding rule is shown 

in Figure 2.13(b) It can be seen that phase changes of 7t/2 

are obtained when three successive bits have the same 

polarity, and the phase stays constant for three bits of 

alternating polarity. Phase changes of ^/4 are associated 
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Figure 2.13 The Phase Transitions of MSK, TFSK and TFM 
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with bit configurations of ++-, + — , -++ and Thus 

applying this coding rule reduces the number of phase 

transitions in the transmitted signal. To generate TFM the 

data signal is smoothed by a raised cosine filter with a 

response h(t), satisfying the third Nyquist criterion 

defined such that for any integer j?, [29] 

r 1 for . = 0 
h ( t ) d t - < (2.26) 

(22,-1 )T/2 " 0 otherwise 

The raised cosine filter fulfilling these conditions has 

a transfer function, 

H(w) = / 2sin(wT/2) ^ 
1 ( 2 . 2 7 ) 

0 otherwise . 

The phase component generated by using the filtered data 

signal is shown in Figure 2.13(c). The impulse response of 

the filter described by Equation (2.27) exists over all 

time, and therefore an exact practical realisation is not 

possible. Practical systems use a truncated response which 

spreads each symbol over a finite number of adjacent 

symbols. Note that the longer the truncation length, the 

narrower the bandwidth of the transmitted signal. 
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2.3.4 Generalised Tamed Frequency Modulation (GTFM) 

GTFM is an extension of the TFM technique described above. 

Here the encoding rule described by Equation (2.25) is 

rewritten in a more general form 

Acp(itiT) = 7 T / 2 ( A . a ^ _ ^ + B . a ^ + ^ ' ^ m + 1 ^ ( 2 . 2 8 ) 

where (2A+B) = 1, which restricts the change in cp(t) to be a 

maximum of t t / 2 rad. The range of pre-modulation filters is 

also increased by using a general definition of the raised 

cosine characteristic 

/ 1 0 < If I < ( ( 1 - r ) / 2 T ) 

H ( f ) = I 0 . 5 ( 1 - s i n ( ( f T - 0 . 5 ) T T / r ) ) ( ( 1 - r ) / 2 T ) < | f | < ( ( 1 + r ) / 2 T ) 

» otherwise , 2.2, , 

where r is the roll-off factor in the range 0 to 1. 

Applying these general rules a range of GTFM signals are 

produced. Notice TFM is a special case of GTFM where r=0 

and B=0.5. By careful selection of the values of B and r 

the transmitted spectral bandwidth may be significantly 

decreased without a significant loss in BER performance 

[30]. The spectra achieved for a number of combinations are 

shown in Figure 2.14. 
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Figure 2.14 - GTFM Spectra 
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Chapter 3 Second Generation Digital Mobile Radio 

During the early stages of this research a number of 

multiple access methods were under investigation as 

contenders for the second generation pan-European digital 

cellular mobile radio system. In 1986 there were eight 

candidate techniques. The systems proposed by 

ANT/BOSCH/MATRA (S900-D), Ericsson (DM890), LCT/TRT 

(SFH900), Televerket, Mobira and ELAB all used narrowband 

time division multiple access (NB-TDMA) with three to ten 

channels per carrier, whilst the AEG/SEL/ATR/SAT system, 

CD900, used wideband TDMA techniques with 60 channels per 

carrier. The remaining system, MATS-D, proposed by 

TeKaDe/TRT had a hybrid structure, using narrowband single 

channel per carrier (SCPC) for the uplink, and wideband 

TDMA for the downlink. In 1987 France, Germany, Italy and 

the UK signed a declaration setting dates and targets for a 

common digital cellular mobile radio service operating over 

their territories by 1991. Although originally in favour of 

the wideband techniques, France and Germany have moved to 

support the NB-TDMA standard defined by GSM in February 

1987 which will now form the basis of the second generation 

system. 

The proposals detailed above were investigated as an 

overall 'Top-Down' study by the Communications Research 

Group at Southampton University and this chapter provides a 

review of the findings of this research. The descriptions 

of the ELAB and MATS-D systems, together with the analysis 
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performed are presented separately. In Chapter 4 a 

descriptive overview of the ELAB system is given with 

specific reference to Viterbi decoding and channel 

equalisation techniques as envisaged by Tor Maseng and his 

team at ELAB, Trondheim, Norway. The investigation of the 

second generation systems is completed in Chapter 5 with a 

detailed description and analysis of the MATS-D system. 
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3.1 The S900D System 

The S900D digital cellular mobile radio system proposed by 

a consortium composed of ANT and Bosch, employs NB-TDMA in 

both the uplink and downlink communications. The speech 

data is encoded by a RELP coder operating at a bit rate of 

9.6kb/s, and after a moderate degree of channel coding the 

resultant bit rate is llkb/s which modulates a four-level 

FSK signal, to yield a TDMA rate per carrier of 128kb/s. 

The S900D employs four-level FSK in order to reduce the 

baud rate to 64kbaud and thereby mitigate the degree of 

channel dispersion. 

3.1.1 System Structure 

One hundred duplex channels are obtained by dividing the 

25MHz allocation equally into 100 sub-bands. Each 250kHz 

sub-band carries ten time division multiplexed (TDM) 

channels, yielding a total system capacity of 1000 

channels. The TDMA channel is further divided 

into 10 frames F1 to FIO, each of 32ms duration which are 

in turn composed of ten "channel bursts", each 

approximately 3.2ms long, arranged into one of four 

possible channel burst formats. In the speech data format 

the burst has 408 bits of which 352 are used to carry voice 

information. The other three formats are used to transmit 
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control traffic. The TDMA structure is illustrated in 

Figure 3.1. The sub-bands are allocated to a BS in groups 

of 14, forming a seven cell per cluster configuration. At 

least one channel in each cell is reserved for use as a 

common control channel (CCCh) in order to carry commands 

for roaming, registering and setting up calls. This scheme 

results in an overall system delay of 64ms. 

3.1.2 Performance 

In the following analysis we assume: square modulating 

waveforms; an ideal channel with AWGN; no intersymbol, 

adjacent or co-channel interference; perfect symbol timing 

extraction and synchronisation (for the case of coherent 

demodulation); and orthogonal signalling frequencies. 

An individual transmitted element of quadrature frequency 

shift keying (QFSK) is given by 

/(2E /T )cos2Trf .t 0 < t < T 

' * (3 1) 
0 otherwise ' 

where i=0,l,2 or 3 is the quaternary value of the signal 

element, corresponding to data symbols 00, 01, 10 or 11 

respectively. is the energy per signal element and T^ is 

the symbol period. These signals are transmitted over a 
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channel and demodulation ensues. For coherent 

demodulation the probability of bit error is approximated 

by [33] 

Pe = ,3.2) 

where Eg is the energy/bit and N^/Z is the two-sided 

Gaussian noise power spectral density (PSD). When ideal 

non-coherent demodulation is used the probability of bit 

error becomes [33] 

Pg = (3/2)exp(-EyNQ) - exp(-4EQ/3NQ) + (1/4)exp(-3EQ/2NQ).(3.3) 

The probability of bit error according to Equations (3.2) 

and (3.3) are plotted against Eg/N in Figure 3.2. In the 

high noise situation the coherent technique shows a 5dB 

advantage over non-coherent demodulation. This advantage 

reduces to approximately IdB for any E^/N greater than 

8dB. 

3.1.3 Effects of Co—channel interference 

Equation (3.1) may be rewritten such that an individual 

transmitted element is given by 

s(t) = /2Scosa3.t 0 < t < T 
^ ^ (3.4) 

— 69 — 



Chapter 3 Second Generation Digital Mobile Radio 

0 . 1 

0 . 0 1 
>> •p 

n 
ID jQ 
o lE-3 
c. 
Q. 
c. 
o 
c. 
6 
4J lE-4 
•rl 
m 

lE-5 

I I I I I I I I I I I I I I I I I I I I I I I I I I I I 

— No Co-Chan 

-+- lOdB SIR 

GdB SIR 

4dB SIR 

2dB SIR 

OdB SIR 

• • Coherent 

lE-B 11 ! I I I M I I I M I I I M I I I I I I I I I I M I I I I I 

-10 -5 10 15 20 25 

E„/N„ (dB) 

Figure 3.2 - Error Probability as a Function of SNR for 

Non-Coherent QFSK with one Co-Channel 

Interferer (with coherent reference) 

- 70 -



Chapter 3 Second Generation Digital Mobile Rad lO 

and thus a single co-channel interfering signal takes the 

form 

c (t) = /2i cos ((jo^t + cp) 
(3.5) 

where i= 0,1,2 or 3 and cp is a random phase between 0 and 

2 7T. Assuming that each symbol is equiprobable, that the 

interfering signal resides in only one demodulation channel 

at any one time, and ideal non-coherent demodulation, the 

conditional probability of error has been shown by Massaro 

[33] to be 

e O 
( - 1 ) k+1 Al 1 

k=1 
kJ 1+k 0 

2(SI)2 . k 
N k+1 exp (S + I)k 

N(1 + k) (3.6) 

when the interferer and wanted signal occupy the same 

channel; and when the signal and interferer fall into 

different channels 

"el 1 + y (-1) 

k=0 

k+1 
kJ y:q^exp(-k(2 + k)b). 

3.7 

(1 - Q[/2a, /2b] + -^exp(-(a + b))lQ(2/ab)) 

where 

3. — rr . 
1 + k 

N • 2 + k (3.8) 
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, S 1 
b = N • ( 1 + k ) ( 2 + k ) ( 3 . 9 ) 

and Nq is the noise power at the input to the envelope 

detector. 

Assuming that the interferer is equally likely to occupy 

any one of the demodulator channels, then the symbol error 

probability is given by 

Pe = (1/4IPeo + (3/4,Pe, (3.10 

These equations are evaluated and plotted in Figure 3.2 as 

a function of SNR for varying signal to interference (SIR) 

values. An increase of 2dB in SIR engenders a decrease in 

performance of approximately the same order for SIRs 

greater than 4dB. Below this figure the bit error 

probability rises sharply for any decrease in SIR to a 

point at OdB where the almost flat curve on the graph 

indicates that the demodulation errors are predominantly 

caused by the effects of the interfering signals. 

The effect of large numbers of interferers may be modelled 

by an increase in the AWGN [33]. Using this technique the 

probability of error becomes 
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Pe = 0 2(Go/"o) 
/ 1 + (1/SIR)EQ/Ng 

(3.11 

for coherent demodulation, and 

Pg = (3/2) exp(-A) - exp(-4A/3) + (1/4) exp(-3A/2) (3.12 

for non-coherent demodulation where, 

A = 
(Eo/No) 

1 + (1/SIR)(EQ/NQ)J 
(3.13 

The graphs generated by these equations are displayed in 

Figures 3.3 and 3.4. A comparison of the reduction in 

performance of the coherent and non-coherent systems 

operating in the presence of interference shows the former 

to be much more resilient. For example, at lOdB SIR the 

coherent system shows a 3dB reduction in performance at an 

error probability of 10-3, compared with 6dB for the 

non-coherent. 
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3.2 The DMS90 System 

The DMS90 digital cellular mobile radio system [34] like 

the S900-D is a NB-TDMA system. However, in contrast to 

S900-D this system utilises forward error correction in the 

form of interleaved Reed-Solomon channel coding, and an 

adaptive channel equaliser in order to improve performance. 

The carrier is modulated using GMSK and supports a 

transmission rate of 340kb/s, achieved within a bandwidth 

of 300kHz. The system structure is suitable for use with 

any speech coder that operates at around 13 Bit/s. 

Consequentially a RELP coder operating at an unprotected 

rate of 13.5kb/s or a 14 channel sub-band coder generating 

a bit stream of 13kb/s would be suitable for integration 

into the architecture. 

3.2.1 System Description 

Eighty FDMA channels each having a bandwidth of 300kHz are 

accommodated within a 24MHz bandwidth. Each carrier can 

support 10 subscribers by TDMA giving a total capacity of 

800 duplex channels. This TDMA structure is shown in Figure 

3.5. Each TDMA time slot of 0.8ms, consists of 272 bits. A 

synchronisation preamble is used to provide information for 

locking the transmitter and receiver clocks and for setting 

the adaptive equaliser taps. The data in each time slot is 
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0.8ms 

Synchronisation 
Preamble Bn Channel Em Channel 

272 bits 

Figure 3.5 - DMS90 TDMA Frame Structure 
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comprised of 128 bits of speech traffic transmitted via a 

Bm-channel and able to accommodate a bit rate of 16kb/s. 

The forward error protection applied to this data takes the 

form of a Reed-Solomon (12,8) code of 4 bits/symbol, 

generating an overhead of 64 bits in each time slot 

(raising the total data rate to 24kb/s). A Dm-channel 

carries hand off information at a rate of Ikb/s and 

accounts for eight bits in every time slot which is 

encoded using a RS (14,8) code with 4 bits/symbol. 

Interleaving is performed on the whole block such that the 

12 symbols in each RS code word are distributed over four 

different time slots. This structure has a multiple access 

delay of 40ms. Frequency hopping is envisaged as a possible 

enhancement of the system in order to reduce the problem of 

slow fading experienced by stationary subscribers. [42] 

3.2.2 System Performance 

The investigation considers a OMSK modem with a normalized 

3dB filter bandwidth BT of 0.25, where T is the bit 

period and B is the filter bandwidth. In the following 

analysis an ideal channel with AWGN; coherent MSK type 

detection, no co-channel, adjacent channel or intersymbol 

interference, and perfect symbol timing extraction and 

synchronisation are assumed. 
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The transmitted signal is [35] 

s(t,a) - /(2E/T)cos(27Tf t + (p(t,a)) (3.14 

where the information carrying phase is 

t 0° 

cp(t,a) = 2TThJ ^ - iT)dT -» < t < =) (3 15) 

—00 CO 

and E is the symbol energy, h the modulation index, the 

carrier frequency, and represents the data taking values 

of ±1 with equal probability. Consider the modulation index 

h to be 0.5, and a parallel MSK type demodulator [36,37] 

employing a receiver with an impulse of 

cos|^ |t| < T 

^ (3.16) 
0 elsewhere 

in each of its parallel arms. Each OMSK symbol is spread 

over several bit periods, due to the effects of the 

Gaussian filter. A demodulation filter spanning this period 

may be applied to recover the data whence the probability 

of error can be shown to be 
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m 

= i (3.17) 
j=1 

where the energy per bit, d^ . .d^ are the normalized 

squared distances in the signal space and Nq/2 is the two 

sided PSD. In the period spanned by the filter the receiver 

will observe 1 of m possible waveforms and the value of P 

calculated above was found by calculating the average of 

the error probabilities engendered by each waveform. Error 

extension effects raise the probability of bit error to 

approximately twice the value of P . 

When assymptotically optimum filters are used [37], the 

evaluation Equation (3.17) provides the results shown in 

Figure 3.6. A small degradation in the performance of GMSK4 

compared to MSK occurs, e.g., about 0.5dB at a BER 10-2. 

This is due to the power spectra of GMSK4 having a 

narrower main lobe than MSK. 
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3.3 The SFH 900 System 

SFH 900 is a frequency hopping (FH) code division multiple 

access system. The code sequences are selected such that 

strictly orthogonal FH sequences are used for each of the 

data channels within a cell and its immediate neighbours. 

This strategy prevents interference between the users 

within any one cell and also precludes contention with 

immediate neighbour cells by utilising further orthogonal 

sets of hopping frequencies. Interference from other cells 

within the main reuse cluster is minimised by the use of 

the statistically orthogonal sequences providing 

"interferer diversity" [38] i.e., on each hop there is a 

new subset of possible interferers with statistically 

independent propagation characteristics. 

Each 4ms hop is TDMA by dividing it into 3 time slots, each 

being 1.23ms long and spaced by a guard time of 100us. The 

slots are allocated in sequence for transmission, reception 

and frequency switching. The subscribers within a cell are 

split into three groups each of which is allocated a 

different phase of this sequence as shown in Figure 3.7. 

This feature reduces the interference power relative to the 

wanted signal by reducing the number of transmissions at 

any one time. 

GMSK modulation is used with BT = 0.3, and demodulated 
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Figure 3.7 - SFH900 Phase Sequence 
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using dynamic Viterbi decoding techniques to mitigate 

intersymbol interference. The designers state that the 

transmitted bit rate is 200kb/s with an optimum frequency 

hop spacing of 145kHz, providing 15dB adjacent channel 

protection. 

The system is capable of correcting long error bursts 

spanning a complete hop that may be caused by fades or 

co-channel interference. This is achieved by the use of 

highly redundant channel coding, developed by using two 

concatenated, shortened, Reed-Solomon codes as shown in 

Figure 3.8. 

The documentation available on this system [39] does not 

provide exact figures for the coding parameters, however 

the following figures were deduced from the available data. 

The speech traffic and control information is assembled 

into a block, 160 bits long, which is coded by an RS(30,20) 

code using 8 bit symbols, and designated the inner code. 

Each block generated by this method is transmitted on one 

hop. The outer code is structured to have three levels of 

redundancy to which the bits are allocated on the basis of 

importance. This allocation is performed such that the most 

important bits are encoded with the strongest code. These 

codes are (8,3), (8,4) and (8,5), operating such that the 

average redundancy is maintained at 50%. 
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Each frame lasting 240ms comprises 60 hops, which are 

divided into 3 sub-sets as follows: 

HI - Control channels - 4 Hops 

H2 - Associated control channels - 8 Hops 

H3 - Traffic channels - 43 Hops. 

The fixed infrastructure of the system includes groups of 

three adjacent cells, served by a common base station 

situated at the coincident corner, radiating to the 

individual cells by means of 120' sectoral antennas. The 

spectrum is partitioned into a 6 MHz 'primary' band 

containing the master control channel, which services a 

reuse structure of three cells by means of a simple 

time-frequency arrangement that provides fast lock-up times 

when the mobiles enter the network. The remaining 18MHz of 

the system bandwidth is divided into 12 subsets designated 

"colours", which are assigned to cells in groups of three, 

or possibly four. These groupings are selected such that 

they do not repeat within a cluster of 12 cells, but 

individual sub-sets are reused with a cluster size of three 

within the main cluster. Figure 3.9 shows the basic 12/3 

cellular structure. 
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Figure 3.9 - Basic SFH900 12/3 Reuse Cluster 
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3.3.1 Performance 

Kinoshita et al [42] derived simple expressions for 

modelling practical quasi-coherent GMSK receivers in order 

to calculate the BER for a given CNR. They assumed that the 

noise bandwidth was equal to the bit rate, and on this 

basis derived the following equation for the probability of 

bit error as 

exp (-0.4 CNR) 
P 

2.6 /CNR (3.18) 

for the simple AWGN case. This expression may be simplified 

for an ideal GMSK receiver with BT = 0.3 to 

P, = 0.5 erfc (0.94/CNR) . (3.19) 
eb 

The normalized signal to noise ratio R, is given by [42] 

" V ^ O " 3.08 CNR (3.20) 

is the mean energy per data bit and N^ is the noise PSD. 

No allowance is made for the dynamic Viterbi decoding 

technique described in reference [39] and therefore these 

results may be taken as a worst case performance of the 
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system. These equations were evaluated and a plot of the 

results obtained is shown in Figure 3.10, together with 

measured results taken from literature [31,40]. Observe 

that the BER performance of the quasi-coherent, 

non-coherent, and coherent receivers are very similar at 

low CNRs, and are approximately 3dB below that of the ideal 

receiver with BT = 0.3. The deviation from the ideal 

increases with CNR, reaching 5dB for the coherent and 

non-coherent receivers, and 6dB for the quasi-coherent 

receiver at a BER of 10" ̂  . 

Assuming that an RS (n,k) decoder can correct up to 

t = (n-k)/2 symbol errors, and hard decision detection is 

used, the performance of the system in terms of BER may be 

evaluated. It should be noted that only the mean rate (8,4) 

outer code with 160-bit symbol length is considered. 

In order to evaluate the performance of the system using 

concatenated channel coding the binomial probability 

function is applied repeatedly to the expression for symbol 

error probability. By this means it is possible to 

calculate the probability of undetected output block errors 

from the decoder, which is given by the probability that 

more than t symbols out of n contain errors, ergo 

"ube = [ 0 4 " - (3.21) 
i-t+1 

where P^gis the input symbol error probability 
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3.3.1.1 Rayleigh Fading Channel 

By assuming quasi-stationary Rayleigh fading, complete 

symbols at the input to the inner decoder are received with 

a constant CNR. In a fading channel these values are 

statistically independent from one hop to another with an 

exponential PDF [8] given by 

P(Y) = T e x p | - f , ,3,22 

where y is the CNR and F is the mean CNR. The symbol error 

probability at the input to the outer decoder is obtained by 

averaging the undetected block error probability of the 

inner decoder with respect to y, viz:-

^esl = , (3.23) 

The results of evaluating these equations for both AWGN and 

Rayleigh fading channels are plotted in Figure 3.11 and 

3.12. Considering the use of practical receivers in an AWGN 

channel, and employing RS coding, then the BER reduces 

rapidly for normalised SNRs greater than 9dB, and is less 

than 10-5 for SNRs greater than 13dB. By contrast the 

improvement in performance with increasing SNR is not as 
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rapid in a Rayleigh fading channel, where a BER of 10-5 ig 

not achieved for channel SNRs less than 21dB. 

3.3.1.2 Interference Analysis 

Three types of access contention may be identified: 

intracellular, intraclusteral and interclusteral, referring 

to interferers within the cell, between the cells in the 

same cluster and between cells in neighbouring clusters, 

respectively. The first case is avoided in the SFH 900 

system due to the use of completely orthogonal hopping 

sequences within each cell. By closely following Murota's 

treatment [28] for interclusteral interference and assuming 

an ideal GMSK receiver with negligible noise, the 

performance may be evaluated for both the static case with 

one interferer, and for the dynamic case with six 

interferers where all signals fade independently. In the 

static case the BER as a function of the 

carrier-to-interference ratio (CIR) is given by 

_ J" ( 2 / n ) arccos (0,85/X) [1 - (l/n)arccos (G.BS/y)] 0 < X < 1 38 

x>,.38' 

(3.24) 

for BT = 0.3, where X is the CIR. This function is plotted 

in Figure 3.10 and shows that the BER decreases to almost 
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zero for CIRs greater than 1.5dB. 

For the dynamic case the CIR is assumed to remain constant 

over each hop, but to vary independently from hop to hop 

with a PDF (for no diversity) of 

P(X) = A/(X + A)^ (3.25) 

where A is the mean CIR. Evaluation of the probability of 

symbol error proceeds as for the AWGN channel and the 

results are plotted in Figure 3.13. Notice that RS coding 

dramatically increases the performance in this situation, 

reducing the BER from 10"^ down to 10"® for a CIR of 25dB. 
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3.4 The CD900 System 

This wideband TDMA (WB-TDMA) system was submitted by the 

SEL/AEG/SAT/ATR/Italtel consortium. Although it supports 60 

traffic channels and three supervisory channels per 

carrier, it is termed wideband because of the limited use 

of spread spectrum to combat multipath effects. The WB-TDMA 

carrier is radiated from a base station at the common 

corner of three cells by means of three, 120° directional 

antennae. The cells are addressed in time sequence, 

producing a rotating transmission pattern around each BS. 

A cluster is formed by three adjacent BS transmitting on 

the same carrier but using different PN scrambling 

sequences (see below). This arrangement is illustrated in 

Figure 3.14. The transmissions of each cluster are time 

synchronised in order to prevent co-channel interference. 

The sequential addressing is achieved by dividing the 

transmitted signal into three sub-frames each containing 21 

TDMA time slots, one of which is used for the common 

control channel (CCCh), and the remaining 20 for traffic 

channels with a capacity of 16kb/s. The sub-frames are 

composed of a synchronisation preamble in the form of a 

1504 pseudo-noise (PN) sequence followed by the speech and 

control traffic and are broadcast by a single transmitter 

at each BS, the output of which is switched between the 

antennas in sequence to produce the rotating pattern. 
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The TDMA speech data stream has a bit rate of 1.5Mbit/s 

which includes the overheads incurred by adding channel 

protection and control data. This information is then 

spread such that 6 bits of information are coded to one of 

32 different 32 chip words, raising the data rate to 

8Mchip/s. This chip stream is further scrambled by 

subjecting it to modulo-2 addition with the 1504 bit PN 

sequence unique to each BS in the cluster and is also used 

as the synchronisation preamble. Finally the signal is 

split into two 4Mbit/s signals, which modulate the inphase 

and quadrature components of a carrier forming a quadrature 

phase shift keyed (QPSK) signal occupying a bandwidth of 

6MHz. The orthogonal PN sequences used to scramble the 

signal from each BS in a cluster also serve to increase the 

co-channel protection. 

The speech data is encoded using a sub-band encoder 

operating at 12.8kb/s, The output blocks consist of 165 

bits of SBC speech plus 27 bits of side information. The 

side information and 75 most significant bits (MSBs) of the 

sub-band frame are RS encoded, raising the total bit rate 

to 16kb/s. 

The uplink has a similar structure, requiring a 6MHz 

channel bandwidth. However, each MS only transmits one 

burst during each time frame in its allocated time slot, 
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rather than the continuous transmissions of the downlink. 

Synchronisation is achieved by locking to the downlink 

transmissions and by utilising information fed back from 

the BS. This technique may partially compensate for path 

length variations between the mobiles by synchronising the 

data arrival times at the BS. The uplink uses the same 

spreading sequences as the downlink, albeit not on the same 

frequency. Call set-up is achieved by using the common 

control channel (CCCh) on a contention basis. 

The synchronisation preamble is used to sound the channel 

and set up a channel equaliser at the receiver. The 

equaliser processes the received signal before reversing 

the scrambling process and recovering the I and Q signals. 

The quadrature signals are fed into two identical banks of 

32 correlators, each matched to one of the possible 

spreading sequences. The correlator in each bank having the 

largest magnitude is noted, and by its polarity provides 

the information that is used to identify the symbol which 

is deemed to be the one transmitted. The two symbols (one 

from each block) are assembled, RS decoding ensues and the 

digital speech signal recovered. 

3.4.1 AWGN Performance 

In the CD900 system the encoded bits in any TDMA time slot 

are processed 2000 bits at a time in the form of two, 1000 
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bit symbols. These symbols are then spread into chips to 

give code words g2%(t) and g2£+1 (^) that modulate the 

quadrature carriers. The resulting QPSK signal is 

s(t) = /2P; ( cosw^t + 9;^+^ (t) sinw^t) (3. 26, 

where is the signal power of a quadrature channel, and 

is 0)̂  the carrier frequency. The modulated signal is 

transmitted over a mobile radio channel, and in the absence 

of co-channel interference, the received signal is 

r ( t ) = s ( t ) + n ( t ) ( 3 . 2 7 ) 

where the AWGN signal is 

n(t) = x(t) cosw^t - y(t) sinw t (3.28 

with x(t) and y(t) independent Gaussian random variables, 

and the PSD of n(t) is Ng/2. Figure 3.15 shows the model 

used in the calculations. The received signal r(t) is 

simultaneously correlated by 64 correlators as previously 

described. The k-th correlator output of the inphase 

channel at sampling time (&+l)T can be expressed as 

(A+l)T 

Cjĵ (S-+1)T = J r(t) ĵ (t) cos (iQ̂t dt (3.29) 

IT 
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From Equations ( 3 . 2 3 ) , ( 3 . 2 4 ) , ( 3 . 2 5 ) into (3.26) 

Ci^%X&+l)T = + n;^^(&+l)T (3.30) 

where ^(& + l)T and n^^^ +1)T are the signal and noise 

terms, respectively. Assuming the use of completely 

orthogonal codes, we may write 

° 92,/t, 

i.e., the signal term can have only one of two values. 

Maintenance of synchronisation is critically important with 

some classes of codes such as Walsh codes, as the partial 

cross-correlation products are high. The noise component at 

the output of a correlator is a Gaussian random variable 

with zero mean and varience 

"n = <n2_k()l+l)T> = (N„BT2)/4 (3.32, 

where B is the noise equivalent Bandwidth. The detector 

examines all the outputs of the I and Q correlators, and 

deems the polarity of largest output from each bank to 

correspond to the symbol transmitted on the corresponding I 

or Q channel. In order to examine the probability of symbol 
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error we suppose that the k-th symbol was transmitted on 

the inphase channel. The output of the k-th correlator will 

be of the form 

Cj_̂ («,+l)T = v ^ T + nj^^(i+l)T ,3 33 

while all the other correlator outputs are 

Cj ̂ (&+l)T = ^(2+1 )T for all i k (3.34) 

The probability that the magnitude of the output of the 

k-th correlator is greater than the magnitude of the 

outputs of the remaining (X-1) correlators is 

P(C/Cĵ ) - {P( |nĵ .(Jl+l)T| < , (3.35) 

Therefore, the probability of a correct symbol detection 

becomes 

j P(C/C^) f(C^) dC|̂  (3.36) 

where C,̂  (corresponding to C j ̂  (& + l)T, but for all k) is a 

Gaussian variable with a mean value of /p^/Z'T , and F(C^) 

is the PDF of . The probability of a correct detection 

is found to be 
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= J {erf (m' + /2P^/NqB) - erf (-m' - /2P^/NqB)}^ ^ 

. 1//2TTexp (-(m') /2) dm' 

where 

erf X = I ( 1 / 2 T T ) exp ( - y ^ / 2 ) dy . ( 3 . 3 8 ) 

Finally, the probability of error is is given by P = 1 -

and the signal-to-noise ratio is 

SNR = 2P^/NqB = ZPgk/NgR providing B = 1 /T (3.39) 

where B = 1/T, R is the transmitted bit rate and k is the 

symbol length of six. The probability of symbol error P^ as 

a function of SNR is shown in Figure 3.16. The HER 

performance increases rapidly with SNR for SNRs above OdB, 

reaching a BER of 10"^ at 6dB. 

3.4.2 Co-channel Interference 

Weber et al [41] models the effect of an interferer on the 

user as an AWGN process within the transmission bandwidth. 

The model states that the equivalent noise PSD at the front 

of the receiver due to the ith interferer is given by 

N. = a.2P T 
1 I S C (3.40) 
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where 2P^ is the signal power of the desired user, and 

is the chip period. The ratio of the interference power 

from the ith interferer to the power of the desired signal 

is defined as P. /P^, i=l, 2, n where 2P^ is the 

interference power of the ith user, and n is the total 

number of interferers. Substitution of (3.35) into (3.36) 

gives 

(2P/NR)k 
SNR = ^-^5—^ n (3.41) 

1 + (2P/NR)(k/2^K )(iZia.) 

Due to the structure of the CD900 system (Figure 3.17) the 

interference at the mobile is from only four base stations. 

By simple geometry Wong [42] shows that 

" r 2 sin 68.2° 2 sin 21.1 
^ = (2R)I 

i=1 

+ 
(7R)P (/31 R)P 

= 0.0343 (3.42) 

The propagation exponent p is selected as 3.7 [43]. The 

curve of P^ as a function of SNR is displayed in Figure 

3.16 together with the curve for = 0.258 which 

represents the case of five interferers (a one cell 

cluster). Arranging the system in a three cell cluster has 

little effect on the overall performance figures. However a 

system operating in a one cell cluster shows a 2dB 

reduction in performance over the previous cases. 
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Chapter 4 ELAB - Viterbi Equalisation 

This narrowband, TDMA, digital phase modulated (DPM) system 

was designed by a small team of engineers based at ELAB, 

which is a research laboratory associated with the 

Norwegian Institute of Technology. The ELAB proposals were 

the only plans which were not forwarded by a large 

consortium or multinational company, and this is a partial 

explanation for why the ELAB system went largely unnoticed 

until the Paris trials of late 1986. These trials revealed 

the high spectral efficiency of this system, and as a 

consequence the demodulation techniques of the ELAB system 

now form the basis of the proposals for the second 

generation European network. 

In the first part of this chapter an overview of the ELAB 

mobile radio telephone system is presented, detailing its 

basic structure and parameters. The description of the 

transmitter and receiver operation is given in Sections 4.1 

and 4.2 respectively. In Section 4.3 the operation of a 

Viterbi Equaliser (VE) is given with special consideration 

of the channel estimation and windowing functions integral 

to its operation. The results of simulations and trials 

carried out by ELAB and GSM are reviewed in Section 4.4 

leading to the discussion which concludes this chapter. 
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4.1 The ELAB Transmitter 

A simplified block diagram of the transmitter is shown in 

Figure 4.1. Sub-band encoded (SBC) speech is 

convolutionally coded (CC) and interleaved in order to 

provide some channel protection. The objective of 

interleaving the data is to distribute groups of highly 

vulnerable bits evenly amongst more reliable data. This 

improves the performance of the convolutional decoder by 

reducing the possibility of many errors occurring together, 

possibly due to a deep fade, and causing the channel coder 

to be overloaded. The resulting data is stored and 

cyclically removed in TDMA bursts whence it modulates a 

carrier using adaptive digital phase modulation (ADPM). The 

modulator is implemented using an FIR filter feeding a set 

of ROM look-up tables. 

The source data is fed into the digital filter of the 

modulator to produce a signal representing the 

instantaneous phase 9(t) of the carrier for each data 

sequence. This cp( t) addresses a ROM to produce coscp(t) and 

sin cp (t) . The output from the ROMs is clocked into a 

digital-to-analogue converter (DAC) and used directly to 

modulate quadrature carriers coscogt and sincogt, where Wq is 

the angular carrier frequency. This complete process is 

illustrated in Figure 4.2. Inspection of the process 

reveals that this is a form of constant envelope 
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modulation and also that the majority of the processing is 

performed in the digital domain, which is ideally suited 

for VLSI implementation. 

The filter response spans three bit periods and is fed by a 

modified version of the data signal such that each bi-polar 

data bit is separated by three zeros. Therefore the output 

cp(t) consists of a series of partially overlapping pulses. 

This is illustrated by a simple example in Figure 4.3. 

Thus, intersymbol interference (ISI ) is present by design 

in order to reduce the spectral width of the transmitted 

signal, thereby decreasing the spillage of the modulated 

signal into adjacent channels. Notice this structure 

operates with an oversampling ratio of four relative to the 

source data signal. 

In order to negate the ISI effects, an equaliser must be 

deployed at the receiver, even if the transmission channel 

is ideal. Given a Gaussian channel this is a straight 

forward procedure as it is known exactly how the ISI was 

introduced. However, the task becomes considerably more 

complicated when demodulating a signal that has passed 

through a multipath mobile radio channel. Further, a mobile 

radio channel is constantly changing, and therefore in 

order to compensate for the effects of the channel it is 

necessary to sound the channel at regular intervals to gain 

some knowledge of its impulse response. The sounding is 
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performed at the beginning of each TDMA burst. The channel 

impulse response determined with the aid of the sounding 

signal is used to set up a channel equaliser which attempts 

to cancel out the effects of the fading channel. The 

sounding is performed by a chirp signal, which is a 

frequency sweep over the data bandwidth, centred about the 

carrier frequency. Its autocorrelation function is 

approximately an impulse function, a necessary feature for 

channel sounding [52]. The time variation of the chirp 

signal is displayed as part of the burst structure in 

Figure 4.4. 

The chirp signal is stored in a ROM in a digital complex 

baseband form. This data is clocked into the ADCs at the 

beginning of each burst. It is then applied to the antenna 

via the modulating output stages of the phase modulator. 

Note that the chirp signal precedes the speech data in the 

TDMA burst in order for the equaliser to prepare to receive 

the data. As a consequence of the changing behaviour of the 

channel the information gained from the chirp becomes 

progressively more inaccurate as decoding proceeds towards 

the end of each burst. 

Figure 4.4 shows the TDMA burst signal format. Each burst 

is equivalent to 213 bits at the transmission data rate. Of 

the 213 bits, 160 bits are speech data, 16 are signalling 

bits, the chirp signal occupies 14 bit periods, five 
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precursor and eight postcursor bits are included for the 

effective operation of the Viterbi equaliser, and a few bit 

periods are allocated to ensure smooth transitions between 

the chirp, data signals and null periods. 
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4.2 The ELAB Receiver 

The ELAB ADPM receiver is shown in Figure 4.5. In common 

with the transmitter, the majority of the signal processing 

is performed in the digital domain. Consequentially after 

the received signal is coherently demodulated digitisation 

ensues, and the baseband signal processing commences. 

The first part of the received burst is the chirp signal 

which is used to sound the channel. In order to explain the 

methodology behind the sounding process it is best to 

consider the baseband chirp signal conveyed over an ideal 

channel and applied to a matched filter in the receiver. By 

definition the resulting matched signal is an approximation 

to an impulse function. Now, replacing the ideal channel 

with a mobile radio channel represented at baseband and 

assuming linearity, the channel may be conceptually moved 

to after the matched filter. With this in mind it can be 

seen that the impulse-like signal at the output of the 

matched filter is convolved with the channel impulse 

response h(t) of the mobile radio channel giving an 

estimate of the channel h'(t). Therefore in practise the 

channel impulse response is found by convolving the local 

copy of the chirp signal, with the part of the received 

signal corresponding to the chirp whence the output of the 

matched filter provides a good estimate of h(t). However, 

the Viterbi decoder can only cope with a certain delay 
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spread of signal paths, and if the spread of h(t) exceeds 

this it will not be possible to compensate for the full 

effects of the channel in the decoding process. In order to 

allow for this instance the estimated response, h'{t) is 

windowed to give a shortened h'(t), h t) which is used to 

calculate the expected signal values for the Viterbi 

decoder. The samples near the edges of the window are 

modified by a weighting function in order to improve 

performance. 

Conceptually the receiver houses a local DPM modulator in 

order to generate all the possible transition sequences 

that the transmitter could have sent over a five bit 

period. This period is determined by the number of states, 

5-1 

set at 16 (2 ) for the ELAB Viterbi equaliser. The local 

phase modulator uses an oversampling ratio of two as 

compared to four in the transmitter in order to reduce 

hardware complexity. Notionally, the five data bits which 

represent the 32 possible sequences are applied to the DPM 

filter to yield cp (t) . The cos cp (t) and sincp(t) terms are 

computed and then convolved with the estimated wideband 

baseband channel impulse response h"(t). In reality the 

computations to generate the source sequences are performed 

in advance and all the possible resulting cos cp (t) and 

sin^(t) sequences are stored in ROM, i.e., the ROM contains 

the resultant samples generated after the filtering and 

trigonometrical transformations described above. The data 
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is then recovered to perform the correlation by applying 

the 5-bit data sequences to the address bus of the ROMs. 

The window of the estimated channel impulse response which 

may be compensated for by the Viterbi equaliser (VE) 

extends over ten sample periods, namely the product of the 

oversampling ratio and the five bits used in formulating 

the cp (t) values. It is possible to find a situation where 

the delay spread of the channel is too long for the Viterbi 

decoder to handle. Here in order to select which part of 

the impulse response to use in the equalisation process, a 

nearly rectangular window of 11 samples is slid along the 

response and the energy of the samples within the window 

computed. The 11 samples with the greatest energy are then 

selected to represent h'(t) as h^(t). 

Two incremental metrics are associated with each of the 16 

states of the Viterbi Equaliser. These values are 

calculated by comparing the incomming data samples with 

each of the 3 2 possible transition sequences of cp (t) , and 

calculating the squared distance between them. Note that 

the possible transition sequences are computed prior to the 

reception of data on the basis of the information obtained 

from the channel sounding, and that each sequence comprises 

of two elements due to the oversampling factor of two. 

The five dummy zero bits preceding the data may be 
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considered to initialise the modulator/channel Markov 

process to the zero state. Hence all possible paths to be 

traced through the trellis diagram representing this 

process can be assumed to originate from the all zero 

state. After four data bits have been received the full 

recursion of the VA is reached. From this point on, only 

half of the 32 possible paths for which incremental metrics 

are computed are retained in each recursion, on the basis 

that of the two paths entering each subsequent state node 

the one with the larger cumulative metric is discarded. 

This process continues until all the data plus the eight 

postcursor dummy zero bits have been received. The latter 

ensure that the final state can be assumed to be the zero 

state, which helps to compensate for the fact that the data 

recovered from the end of the burst is likely to be of 

lower integrity than the initial data because the channel 

will have changed since the sounding was performed. Finally 

the output data sequence for the whole burst, corresponding 

to the path with the minimum accumulated metric and which 

passes through the zero state terminal mode, is read out. 

The data sequence is then sequentially applied to the 

deinterleaver and after convolutional and sub-band 

decoding, the speech is recovered. 
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4.3 Principles of Viterbi Equalisation 

This section describes the operation of the Viterbi 

algorithm (VA) and extends this to show how it may be used 

as an equaliser. The following discussions relate the 

parameters of the VA directly to that used in the ELAB 

system. 

The VA is a computationally efficient approximation to a 

Maximum Likelihood Sequence Estimator (MLSE) which can be 

applied very effectively to the equalisation of intersymbol 

interference generated by a finite state Markov process 

e.g., partial response modulation techniques such as DPM 

and multipath distortion [9], In the interest of simplicity 

the following description is in terms of partial response 

baseband coding with an oversampling ratio of one. 

In a Markov process of order v the output at time k is a 

function of the current data bit plus the v-1 previous 

data bits to , known as the 'state' of the 

process. Figure 4.6 shows a simple example of a third-order 

process to represent intersymbol interference caused by a 

symbol waveform with a duration of three bit periods. Note 

that here the data symbols are assumed to be binary with 

the values 0 or 1. Operation of this process can be 

described by means of a state diagram, as shown in Figure 

4.7, in which the nodes represent the states and the 

1 2 1 -



Chapter 4 
ELAB - Viterbi Equalisation 

2(2(1^-1) 

2(2,1 .1) 

state 
current 
bit ,—~ 

" k . 2 
Gk_1 4 

0 0 0 -10 
0 0 1 — 6 
0 1 0 4. 2 
0 1 1 + 6 
1 0 0 — 6 
1 0 1 - 2 
1 1 0 + 6 
1 1 1 + 10 

Figure 4.6 Simple Third Order Markov process 

- 1 0 / 0 

+ 10/1 

Figure 4.7 State Diagram of Markov Process 

- 1 2 2 -



Chapter 4 ELAB - Viterbi Equalisation 

connecting branches represent state transitions. The 

numbers alongside each branch in the form y^/a^ are the 

resulting signal output amplitude and the current data 

bit Oi|̂  which caused the transition. Alternatively a trellis 

diagram (Figure 4.8) can be used to illustrate sequences of 

states and transitions as functions of time. Each column of 

nodes represents the possible states at time k, and for a 

binary system two branches leave each node, the upper 

representing the =0 transition and the lower one the =1 

transition. 

In principle an MLSE should observe the whole sequence of 

signal samples contained in the received message, compare 

this sequence with all possible ideal sequences and then 

choose the one which is the closest match to the observed 

sequence as being the most likely message. This would 

amount to tracing all possible paths through the trellis 

which would be both expensive and complex to realise in 

hardware. 

An observed sequence of signal samples can be expressed as 

an N-element vector 

Y = (yg, --- , y^.i) (4.i) 

where y a n d n^is an independent noise sample. 

The probability of Y conditional on the rth hypothetical 

123 -



Chapter 4 
ELAB - Viterbi Equalisation 

11 - 1 0 - 1 0 

10 

01 

00 

- ideal signal 

Figure 4.8 - Trellis Diagram of Markov Process 

124 -



Chapter 4 ELAB - Viterbi Equalisation 

data vector 

\ - (OfO' Gri' •" ' "r(N-l (4.2 ) 

is given by 

N-1 
P(YlA_.) = n_ 

k=0 
(4.3 

The most likely data vector is the one which maximises 

P(y|A^) , or more conveniently 

N-1 

ln{P(YlA )} = I ln{y^lv)) (4.4) 

k=0 

If the noise is Gaussian the conditional probability of the 

k'th element of Y is 

O 7 2 T T 

exp -'̂ k - \k'' 

2a2 
(4.5 ) 

where a is the noise variance. Hence taking logarithms 

gives 

'̂ k - I'rk' -ln{P(y^|a^^)} + const 4.6) 

and 

N-1 

I " -ln{p(YjA ) + const 

k=0 
(4.7) 
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2 

Thus the use of the squared distance as the 

incremental or branch metric for the kth branch of the rth 

path in the trellis is justified as minimising the 
N-1 

accumulated metric Z (v, - Y , ) clearly maximises 
k=0 

P(YlA^) . 

The efficiency of the VA arises from the fact that it is 

not necessary to compute and store the cumulative metrics 

for all possible paths through the trellis. If the two 

paths merge at a state node in the kth column of the 

trellis then they will both accumulate the same branch 

metrics from this point onwards. Thus the path entering the 

node with the higher accumulated metric at time k can be 

eliminated since it cannot eventually be the path with the 

minimum overall metric. The algorithm is therefore 

essentially recursive and only 2^ ^ paths need be stored at 

any time. 

Figure 4.9 shows the evolution of stored paths for the 

third order process example for the situation of known 

initial and final states (00), and for the specific case of 

the all zeros message. The values of y, indicated in the 
k 

progression of the trellis diagrams vary randomly about the 

ideal value = -10. 

From the above example it can be seen that once the full 

recursion is in operation i.e., when the number of possible 
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paths exceeds the number of states at k > v - 1, the 

retained paths begin to merge over their initial sections. 

This agreement illustrates the reliability of the 

corresponding hypothetical data sequence over that section 

of the trellis. Enough dummy zero bits must be sent to 

ensure that the merged section extends to include the final 

00 state. The quoted example requires two dummy zeros to be 

certain of reaching the 00 state plus two more to ensure 

that the diverging end section of the retained paths are 

beyond this point in the trellis. For the general case it 

can be shown that the total number of dummy bits needed is 

2(v - 1). 

4.3.1 Channel Estimation 

Matched filtering of the received complex baseband preamble 

yields an estimate of the channel baseband impulse response 

as 

h'(t) = y(t) * p (t) (4.8) 

where p(t) is the equivalent low-pass impulse response of 

the matched filter, which is a time reversed version of the 

of the chirp signal c(t), delayed to make it causal, i.e., 

P(t) = ={T^-t) (4.9 
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In order to explain the operation of the channel estimator, 

consider that the channel is noiseless. Thus during 

reception of the chirp preamble the received signal may be 

written as 

Y(t) = c(t) * h{t) . (4.10) 

The baseband output of the matched filter is 

h'(t) = c(T^ - t) * c(t) * h(t) (4.11 

and on putting p(t) = c(T - t)*c(t) then 

h'(t) = p(t) * h(t) . (4.12) 

Notice that the estimated channel response is in fact the 

actual response convolved with p(t), known in radar 

terminology as the ambiguity function [52]. Due to the even 

symmetry of c(t) about its midpoint p(t) is equivalent to 

the autocorrelation function of c(t) and we may therefore 

write 

p(t) = c(t) * c(t) . (4.13) 

The characteristics of p(t) are dependant on the choice of 

chirp function. Theoretically p(t) can be made to 
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approach an impulse by increasing the frequency sweep of 

the chirp. Unfortunately this is not feasible because in 

practise the transmitted sweep must be restricted to be not 

more than the bit rate in order to avoid exceeding the 

channel bandwidth. This implies that the width of the main 

lobe, and hence the resolution of the channel estimate, 

will have to be limited to approximately one bit period. 

ELAB have applied a windowing function to the frequency 

sweep with a raised cosine amplitude roll off, as shown in 

Figure 4.4, in order to reduce the sidelobe amplitude of 

p ( t ) . 

The main advantage of using a chirp signal as compared to 

pseudo random phase modulated sequence for channel sounding 

is that it is much more resilient to the effects of the 

doppler shifts which occur over a mobile radio channel 

[3,52] . 

As noted earlier, the estimate of the channel impulse 

response is the actual channel impulse response convolved 

with p(t). Consequently the estimated signals in the 

receiver are based on h'(t), not h{t). Now the actual 

received signal is 

y(t) = s(t) * h(t) (4.14) 

where s(t) is the transmitted signal, and the estimated 
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received signals are of the fo rm 

x(t) = s(t) * [h(t) * p(t)] 

= ITUJ (4 15) 

where s(t) is the local modulator output. Thus in order to 

obtain the closest match between the received and estimated 

signals, y(t) should also be convolved with p{t). Therefore 

the modified baseband received signal may be written as 

x(t) = y{t) * p(t) 
(4.16) 

It is this x{t) which is passed to the VE. As stated above, 

the effects of channel noise have been omitted in the 

equations. Although it will undoubtably have some effect 

the absence is justified by considering the higher energy 

of the chirp preamble compared with the energy per data 

bit. The difference means that the effective SNR of the 

channel estimate is much higher than that experienced 

during data reception {approximately 12dB greater for a 14 

bit preamble) . Consequently it can be assumed that when 

the SNR becomes too low to ensure reasonable channel 

estimation, the data is unusable. The computer simulations 

written by ELAB have enabled the effects of noise on the 

channel estimate to be investigated and no significant 

problems have been documented [53]. 
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4.3.2 Channel Windowing and Weighting 

In most cases the duration of the estimated channel 

response h'(t) exceeds the capability of the following 

Viterbi equaliser/demodulator. This situation is 

illustrated by the following example. The parameters of the 

modulator set the duration of one data pulse in bit 

periods to be L = 3 . The corresponding number of states 

required in the Viterbi demodulator to remove ISI (when no 

L — 1 

channel multipath is present) is 2 i.e., 4, and the 

number of incremental metrics to be calculated is 2̂  i.e., 

8 (the number of possible received sequences in one bit 

period). When multipath is present the number of possible 

received sequences per bit period increases and therefore 

the number of states in the Viterbi processor must be 

increased in order to remove the multipath distortion as 

well as the ISI. 

Consider the VE to operate with 2^ ^ states, where v > L, 

then the number of metrics is now 2 ̂  . When the sum of the 

phase pulse duration L and the estimated channel response 

Lp is greater than v, full equalisation is not possible and 

so the receiver must select a segment of the channel 

response in such a way as to maximise performance. This 

will result in a so called reduced state Viterbi equaliser, 

in which none of the estimated waveforms exactly match the 

possible received waveforms. One way to implement a reduced 
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state equaliser is to truncate an appropriate segment of 

the estimated response to a duration of Ly symbols where 

^ = V - L . (4.17) 

A reasonable basis on which to select this segment is to 

slide a rectangular window over the whole of the estimated 

response, calculating the energy contained within the 

window at each point, and then choose the position where 

the energy is maximum. Hopefully this segment will provide 

the best channel information. Thus for a channel estimate 

of Lp symbols, and with an oversampling ratio n, the energy 

is calculated at the i'th sample position as 

= I for i = 0 

k=0 
(4.18) 

The ELAB system uses this method to generate the truncated 

channel impulse response h^(t) which is then passed on to 

the VE. 
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4.4 Performance 

Computer simulations [53], laboratory simulations [54] and 

road trials [55] have been conducted in order to evaluate 

the system performance. The computer simulations were 

carried out by ELAB in Norway and were used to establish 

the system parameters and assess the performance before 

implementation. Once this phase was completed a hardware 

test-bed was assembled and road trials were conducted in 

Stockholm, Sweden. Finally extensive laboratory hardware 

simulations were conducted in Paris as part of the GSM 

comparative test program. These results formed the basis 

for the optimisation of the system parameters. 

4.4.1 Results 

The trials were conducted at three different burst data 

rates, 256, 512 and 1024 kb/s. The spectrum of the DPM 

transmissions is shown in comparison to several alternative 

techniques in Figure 4.10. The Stockholm tests showed the 

optimum data rate to be 512kb/s where the BER scatter was 

centred around 10-3^ showing a factor of five reduction in 

BER over 256kb/s, and an order of magnitude over 1024 kb/s. 

However, the provisional GSM requirement for 300kHz channel 

spacing precludes the selection of this data rate in favour 

of 256kb/s. 
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The performance advantage of 512kb/s was not maintained in 

the laboratory trials using a two-ray simulator where the 

256kb/s mode was shown to be more tolerant to a larger 

range of delay spreads [54], In these experiments the delay 

between the rays was varied and the BER measured. The 

operation at 256kb/s showed an almost constant, minimum 

BER of 5(10-3 ) for delays of between 5 Ms to 13ys, as 

opposed to delays of 2ys and 7ps for the 512kb/s mode. 

These limits arise from the fact that as the delay 

increases the performance will show a sudden increase at 

the point where the two paths first become resolvable (one 

bit period) and then a sudden decrease as the delay exceeds 

the capability of the Viterbi equaliser to compensate for 

the effects of the two paths. Consideration of the Viterbi 

equaliser shows that the 16-state implementation used in 

these trials might be expected to cope with delays of up to 

two bit periods. The extension beyond this limit is a 

consequence of the windowing performed on the received 

signal. 
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4.5 Discussion 

The initial factor which drew attention to the ELAB system 

was its reasonably good spectral efficiency, see Figure 

4.10. The narrower main lobes of GTFM and GMSK are achieved 

at the expense of higher ISI which reduces the ability of a 

VE at the receiver to compensate for the multipath effects 

of the channel without an increase in equaliser complexity. 

In addition the DPM modulator is relatively easy to 

implement. 

The sharp autocorrelation function of the chirp sequence 

has been shown to produce good channel soundings [53] and 

these measurements have been successfully used to set up 

the VE. By truncating the channel response, a large 

variation of multipath delay spreads may be compensated for 

using a reduced state VE, although in countries where very 

large spreads are experienced it may be necessary to 

increase the number of states. Notice that for each 

increase in delay spread of 1 bit period, the number of 

states in the VE are doubled. 

On a more local scale the ELAB proposals suggest that the 

bit rate may be varied to suit the environment, such that 

urban cells employ higher bit rates than the rural cells 

where a greater excess delay is likely to be experienced. 
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The ELAB TDMA prototype system provided an operational 

digital link in a mobile radio environment. 
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Chapter 5 MATS-D 

In this chapter an in depth description and analysis of the 

MATS-D digital mobile radiotelephone system is presented. 

The details of operation, and the philosophies behind the 

structure have been drawn from the available literature, so 

far as is possible. However, in common with all the 

European proposals there are some areas of detail which are 

not documented clearly, and in these instances assumptions 

have been made in order to proceed with an analysis of the 

complete system. The MATS-D system was eliminated from the 

possible candidates for the second generation pan-European 

network in 1987, and therefore any further clarification of 

the operating parameters is unlikely. 

The TekaDe proposals describe a non-symmetrical system, 

with a wideband TDMA/CDMA/FDMA downlink, and a narrowband 

FDMA/TDMA uplink. This structure is unique, in trying to 

optimise the performance of the two halfs of the duplex 

link without requiring any compromise between them. 

However, this has certain repercussions, especially when 

considering the topology of the infrastructure, which will 

be discussed later. In order to provide the reader with a 

cogent account of the MATS-D system the uplink and downlink 

communications are considered separately. 

The first part of this chapter describes the structure and 

function of MATS-D in order to provide sufficient 

background for later work. Section 5.2 considers a 
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theoretical analysis of the downlink BER performance for an 

AWGN channel, both with and without co-channel 

interference, and continues to speculate a worst case 

performance bound for the wideband link operating over a 

selectively fading mobile radio channel. These calculations 

are validated in Section 5.3 by the use of simulation 

techniques. The computer modelling provides a method by 

which the actual performance in a mobile radio channel can 

be assessed, the results of which complete this section. In 

Section 5.4 a literature review is given from the limited 

documentation of the performance of the uplink. In order to 

highlight the possible problems incurred by the combination 

of the wideband and narrowband techniques the spectral 

efficiency of the uplink and downlink transmissions are 

considered together in Section 5.5. The chapter is 

completed by a summary of the findings of the research, and 

a presentation of possible enhancements to the basic 

system. 
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5.1 Description 

The asymmetrical structure of the MATS-D system has led to 

a large variety of techniques being incorporated into its 

design. Each of these will be covered in detail in this 

chapter, but in order to provide the reader with some 

feeling for the whole system, the key features are 

summarised in Figure 5.1. 

5.1.1. Uplink 

The uplink is a narrowband, FDMA, single channel per 

carrier (SCPC) system, where each carrier supports a bit 

rate of 19.5 kb/s. Generalised tamed frequency modulation 

(GTFM) is used, with a carrier spacing of 25 KHz. The 

spectrum of the transmitted signal, shown in Figure 5.2(a), 

indicates that this spacing will cause some spectral 

overlap. This potential source of serious adjacent-channel 

interference can be minimised by careful frequency 

planning, and the provision for dynamic reallocation of the 

carriers between active subscribers. The 1000 possible FDMA 

carriers are distributed over a 7-cell cluster, providing 

approximately 142 carriers on the uplinks in each cell. 

The transmitted bitstream is segmented into a 16ms 

repeating frame structure, 312 bits long. System control 
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Figure 5.1 - Key Features of the MATS-D System 
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information and synchronisation accounts for 24 of these 

bits, whilst the remainder is reserved for subscriber 

traffic. This structure, shown in Figure 5.2(b), supports 

an uncoded data rate of 16kb/s, which is given some forward 

error correction (FEC) by the application of Reed Solomon 

coding (and interleaving), which is ideal for the 

correction of bursty errors, at an overhead of 2kb/s. The 

complete uplink structure is summarised in Figure 5.3. 

This strategy sets the symbol duration at 51.3ps, which is 

longer than the multipath delay spread except under 

exceptional circumstances. Therefore intersymbol 

interference will be minimal and the transmissions may be 

considered to pass through a Rayleigh fading channel. 

It is proposed that the majority of the receivers in the 

MATS-D BSs utilise non-coherent demodulation techniques. 

However, a set of coherent receivers coupled to steerable 

high gain antennas may be provided for special allocation 

to subscribers communicating with the network via low 

power, hand held, portable mobile terminals. Additionally, 

remote BS receivers may be combined in a diversity system 

both to improve the performance of hand-helds, and also to 

combat the effects of Rayleigh fading experienced in all 

the uplink channels. 
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5.1.2 Downlink 

The multiple access techniques used by the BS to 

communicate with mobiles involves the combination of TDMA, 

CDMA and FDMA. 

The capacity of the subscriber traffic channels operating 

on the downlink is identical to those on the uplink. The 

unprotected encoded speech at 16kb/s is channel coded at an 

overhead of 2kb/s. Each subscriber's data is segmented into 

16ms frames, which are time compressed to 4ms, and TDM with 

the bitstreams from three other sources, forming a code 

layer with a 16ms repeat cycle. This generates a 75kb/s 

bitstream to which is added a further 3kb/s of control and 

signalling information before spreading the code layer by a 

set of orthogonal pseudo noise (PN) sequences. 

Functionally the spreading process considers the source 

data in packets of two bits, which are mapped to one of two 

possible 32 chip symbols and their multiplicative inverses, 

drawn from a suitable set of codes [63]. In addition to the 

data, a 32 chip synchronisation symbol is inserted into the 

code layer every 0.667ms, i.e., at every 26th transmitted 

symbol. This process generates a continuous data stream of 

1.248Mc/s. 

In parallel with this, seven more code layers are similarly 
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processed, each using a different pair of spreading codes 

which are drawn from the main set. The eight layers are 

then added in an analogue sense, forming a CDMA signal, 

which directly amplitude modulates (AM) the downlink 

carrier. Notice that since the synchronisation symbol 

occurs on all eight code layers at the same time, it 

achieves an 18dB power advantage over the data symbols. 

This whole process is repeated in order to assemble a 

further eight code layers which AM modulate a quadrature 

component of the carrier, generating the complete downlink 

signal. This process is summarised in Figure 5.4. The 

spectrum of the transmissions may be likened to that of 

quadrature amplitude modulation (QAM) operating at a symbol 

rate equal to the chip rate of MATS-D, and is shown 

together with the time domain structure of the signal in 

Figure 5.5. This technique realises 64 subscriber 

channels per base station, occupying a spectral bandwidth 

of 2.5MHz. 

On arrival at the MS the signal is mixed directly to base 

band and digitised. The acquisition of carrier phase in 

order to coherently demodulate the signal is performed in 

the digital domain. The methods by which this is 

accomplished are not documented in the MATS-D literature. 

However, a presentation of a possible method, providing 

'pseudo-coherent' demodulation is presented in Chapter 6, 

together with the design detail of a wideband test-bed 
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assembled as part of the research for this thesis. Having 

established this information the data is fed in parallel to 

the two data correlators. These are programmed at the time 

of call set up to contain a copy of each of the spreading 

codes used to encode the layer carrying the subscribers 

downlink data channel. In order to recover the source data 

bits, the samples from the correlators are compared once 

every T seconds at an absolute time fixed by the 

synchronisation system. The correlator with the higher 

absolute magnitude output is then selected, eliminating two 

possible symbols. The sign of the sample generated by the 

remaining correlator carries the information required to 

select which of the two remaining possible symbols is the 

correct one. Thus the decoding process takes the form of a 

soft, followed by a hard decision process. 

The downlink infrastructure is arranged such that each base 

station serves a set of three cells. This is achieved by 

positioning it at the common corner of the cells, and 

transmitting from each via a 120° sectorial antenna. FDM is 

applied between the cells in order to prevent severe 

co-channel interference. A cluster consists of three 

adjacent BS, each using a further 16 spreading codes taken 

from the orthogonal set described above, thus forming a 9 

cell repeat structure. This strategy is illustrated in 

Figure 5.6. Observe that a minimum capacity system 

requires a spectral allocation of 7.5MHz, and a set of 48 
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orthogonal spreading codes. 

In order to optimise the FEC on the downlink TeKaDe propose 

the use of a combination of convolutional and block coding 

techniques with some interleaving in order to protect the 

data. Decoding of these processes is by means of a Viterbi 

decoder. 
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5.2 Theoretical Analysis 

The investigations of the wideband link start by-

considering a theoretical analysis of the system. The aim 

of this approach is to obtain upper and lower bounds on the 

BER performance, which together with the simulation 

results, provide benchmarks for comparison with other 

communications systems. 

The upper BER performance bound on the downlink is found by 

calculating the BER when transmitting a single code layer 

through an AWGN channel. In later sections the argument is 

extended to consider the effect of adding further code 

layers to form the complete CDMA system, and to assess the 

importance of co-channel interference and imperfect carrier 

phase recovery. 

5.2.1 AWGN Channel, Single code layer transmission 

The simple single layer model of the system considered here 

is shown in Figure 5.7. Now by defining 

s 
= ith chip of sth symbol, layer £ 

the function of the spreading coder may be illustrated by a 

look-up table, shown in Figure 5.8, where two source data 

bits are mapped to one of four possible 32 chip sequences. 
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Notice that the source data is uniquely mapped onto two 

orthogonal spreading codes and their inverses, configured 

such that 

A^i = and = ,4^^ (5,1) 

Thus the data signal for one layer can be written 

32 

d(t) = jT %c. (5.2) 

i=1 

Assembling the complete MATS-D downlink signal involves 

the addition of eight of these layers, summed in an 

analogue sense, which are then used directly to amplitude 

modulate an RF carrier. The transmitted signal is 

8 32 

° I I + ̂ o.sin^t] 
l=^ i=i [0.6) 

where s and s' are the current data symbols on the inphase 

and quadrature carriers, and co is the RF carrier 
c 

frequency. The same spreading codes are used on the 

inphase and quadrature components of the carrier. 

The simple model considers transmission of a single code 

layer, passed through an AWGN channel, attenuated by a 

factor 1/a , and arriving at the receiver with an unknown 

phase error cp. This received signal s'(t) may be written 
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8 32 

s ' ( t ) = ot ^ ^ [ ^ c ^ c o s { ( D ^ t + cp) + ^ c ^ s i n ( a ) ^ t + cp) ] + n(t) ( 5 . 4 ) 

i=1 

where cp is the unknown phase angle and n(t) is quadrature 

AWGN with double sided power spectral density (PSD) of r|/2, 

represented mathematically as 

n(t) = x(t) cos w t - y(t) sin co t 
c c 

Assuming perfect carrier phase recovery, the received 

signal is mixed to baseband, digitised and correlated 

against each of the two possible spreading codes. The 

correlation score generated by this process may be written 

as 

( n + l ) T g 8 3 2 

= I a E E [ ^c^cos(w^t + cp) + ĉ̂ sin(0Ĵ  + cp)] 

nT 1=1 i=1 
s 

( 5 . 5 ) 
32 (^H)Tg 32 

. ̂  ^c^cosco^tdt + j n(t) ̂  ^c^cos (jJ„t dt 
1 c 

i=1 nT i=1 
s 

where is the correlation score against symbol a ,layer 

X. 

The application of filtering in the receiver eliminates the 

double frequency terms at the output of the correlator; and 

for perfect data timing recovery and complete orthogonality 

of the spreading sequences i.e., 
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32 

i=1 

and s = s' when & & (5.6) 

and on the assumption that symbol s=l was sent, a decoding 

error will occur if: 

1 2 
|̂ C| < |̂ C| (symbol 2 or 4 detected) (5.7) 

or 

I |c| > I ̂ C| and |c < 0 ( symbol 3 detected). (5.8) 

The outputs of the two correlators may be written as 

(n+1)Tg 32 

and 

nT^ i=l 

(n+1)Tg 32 

^ = j § [ xltlxCidt (5.10) 

nT i=1 
s 

Consider first the case described by equation (5.7). The 

probability of error is given by evaluating 

(n+1)Tg 32 

^x(t)Jo. dt 

nT i=1 
s 

(n+1 )T 32 (5.11) 

Z '• + x(t) dt I > 0 

nT i=1 s 
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Putting 0 = 
a'-X ^ 

and 

32 

= I ' A ' " 
1=1 

then due to the inclusion of absolute magnitudes in (5.11) 

there are four possible cases to consider, depending on the 

signs of 9 and C, which may be written as 

1) e>o, 5>0 

(n+1)T^ 32 

P{error/condition 1} = P{ J ^ (x(t) - 6 

nT i=1 
s 

- x(t) dt > 0} 

2) 8>0, %<0 

P{error/condition 2} - P{ 

3) 8 < 0 , 

(n+1)T 32 

+ x(t) |c^) dt < 0} 
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(n+1)T 32 

^ (x(t) ̂c^ + 6 

nT i=1 
5 (5.13) 

+ x(t) ̂ c. ) dt > 0} 

P{error/condition 3} = p{ j ^ (^(t) Jc. + B 

nTg i=1 (5.14) 
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4) 8<0, S<0 

(n+1)T 32 

P { e r r o r / c o n d i t i o n 4} = p{ j ^ (x(t) jc. + 6 

"Ts (5.15 

- x(t) ̂ c\) dt > 0} 

Expanding equation (5.11) to include these conditions 

yields the probability of a symbol error occurring, as 

described by equation (5.7). Thus, 

P{error:eqn 5.7} = P{9 >0 ,^ >0}P{error/1} 

+ P{0 >0 ,^ <0}P{error/2} 

+ P{0 <0 ,^ >0}P{error/3} 

+ P{0 <0, 5 <0}P{error/4} (5.16) 

Equations (5.12), (5.13), (5.14) and (5.15) are evaluated 

in Appendix A and by the substitution of these results into 

Equation (5,16) the probability of error 

P{error:equation 5.7} = Q[/6T /2n] + Q[/6T /n] 

- 2Q[/BTg/n]Q[/6Tg/2n] . (5.17) 

Inspection of equations (5.7) and (5.8) reveals that 

P{error:equation 5.8} = 

(1-P{error:equation 5.7})P{C^0}. (5.18) 
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So far we have considered the case of a decoding error 

occurring due to erroneous reconstruction of symbol s=l at 

the receiver. However, it can be seen that identical 

results are attained for each of the four possible symbols, 

s={l, 2, 3, 4}, and therefore by symmetry the total 

probability of symbol error may be written 

P{symbol error}=P{error:equation 5.7} 

+ P{error:equation 5.8} (5.19 

which by substitution yields 

P{symbol error} = 2Q[i/p] + Q[vW2] - 3Q[/p]Q[vW2] 

- Q[/p/2]^ + 20[/p]^Q[/^] (5.20) 

where p is the channel SNR. 

Equation (5.20) was evaluated and the results are plotted 

against channel SNR (at symbol bandwidth) in Figure 5.9. 

The symbol error probability increases sharply for SNRs 

greater than 4dB, reaching 10-3 at approximately 12dB. 

By examining the coding table shown in Figure 5.8, the 

theory may be further refined to formulate the bit as 
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Figure 5.9 - Symbol Error Probability as a Function of 

SNR for MATS-D Downlink in AWGN Channel 
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distinct from the symbol error probability. Observe that 

the symbols are mapped onto the source data using a 

philosophy similar to Gray coding, such that the more 

unlikely of the two possible error conditions (as defined 

by equation 5.8) will cause a two bit error, whilst only a 

single bit error is incurred from the more likely symbol 

error mode. This reduces the probability of bit error in 

the scenario described by equation (5.7) to half of that of 

the symbol error. Now, rewriting equation (5.21) for the 

bit error probability generates 

P(Bit error) = P(symbol error:equation 5.8) 

+1/2P(symbol error:equation 5.7) (5.21) 

and substituting as before, the bit error probability is 

given by 

P{Bit error} = ^ 

- + 2 Q [ / p ] ^ Q [ / p / 2 ] (5.22) 

The results of this analysis are plotted in Figure 5.10. In 

the low SNR region the bit error probability is slightly 

lower than the symbol error probability. However, for SNRs 

greater than 6dB the difference in performance is 

negligible. 
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5.2.2. Two-Path channel, Multiple code layer Transmission 

In the above section the performance of the MATS-D downlink 

transmitting through an AWGN channel was evaluated. This 

scenario, where one strong signal is received in the 

presence of noise is rare, although it does occur in 

microcells. However, the results of the analysis form an 

upper bound on the BER performance that can be expected 

from the downlink, and therefore provide a useful parameter 

for comparison with other systems. 

Consideration of the CDMA, direct sequence, spread spectrum 

technique transmitting through a wideband mobile radio 

channel is too complicated to be solved theoretically and 

is considered in detail in Section 5.3.3, where a measure 

of the performance is established by computer simulation. 

Nevertheless we speculate on a lower bound of the BER 

performance by considering the worst possible situation 

that could occur in the wideband channel. Weber, Huth and 

Baston [41] have analysed the effect of multiple CDMA users 

on the performance of an individual spread spectrum 

receiver. Their analysis models the degradation in 

performance introduced by the cross-correlation terms from 

interfering co-channel CDMA signals as an increase in AWGN 

at the receiver such that 
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' V o ' n = ^ V V j 

1 + (n - l)(Tqp/Ts)(Ey/Nq)T 

where (E /N ) is the modelled SNR with n CDMA users, T 
s O n cp 

is the chip period, and is the symbol period. 

This model assumes non-coherence between the wanted and the 

interfering signals, and the reception of all signals with 

equal power. Consider now a worst case scenario, a two-path 

channel, with both the first and second multipath 

reflections reaching the receiver with equal power. It is 

safe to assume that the interfering path will have an 

arbitrary phase shift relative to the first path and 

therefore the model derived by Weber et al. may be applied 

directly to this set up. Considering each code layer as an 

independent, equal power interferer, equation (5.23) is 

used to modify the SNR value before substituting it into 

equations (5.20) and (5.22). Using this approach, the 

effect on the performance of the downlink as successive 

code layers are added is displayed in Figure 5.11. The 

self interference of the CDMA technique is very high, and 

the upper bound on performance generated by considering the 

transmission of eight code layers shows an irreducable BER 

of 7(10-2 ). 
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5.2.3 Co-Channel interference 

The performance of a mobile radio system is often limited 

by the effects of co-channel interference from adjacent 

base stations. The degradation arises because even when a 

strong signal is received, transmissions from other sources 

in the same bandwidth cause disruption, and in some cases 

where their power is too high, they render the link 

unusable. 

Consider the MATS-D downlink operating within the uniform 

cell structure illustrated in Figure 5.12. Six interfering 

BSs are sited at equal distance from the BS transmitting 

the wanted signal. In order to calculate the level of 

co-channel interference, the radiation pattern of the 

directional antennas is defined as g(0) where 

9(G) = GgSinG (5.24) 

and Gq is the forward gain of antenna. This equation 

defines a single circular main lobe as shown in Figure 

5.13. In order to account for the variation in levels of 

the received co-channel signal, the Weber model is extended 

such that 

(EA.) 
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where - PJ^/PQ > is the received power from the ith 

interferer and Pq is the received power of the wanted 

signal. 

By geometry it may be shown that the total interfering 

signal power P is given by 

2S sinl0.9° 2S sin53.4° S ^ 
p = + + (5.26) 

(R/7)P (R/19)P (5R)P 

where p is the propagation coefficient of the channel, R is 

a cells radius (defined here as the distance from the 

centre, to one of the apices of the hexagons), and S is the 

transmitted power level of each interfering BS. 

Assuming all the interfering BS are transmitting at the 

same power level as the wanted BS (S=P^ ), and the 

propagation coefficient p=3.7 [3], then the modified SNR 

may be calculated by using equations (5.25) and (5.26). 

This figure is substituted into equation (5.22) in order to 

generate a measure of the performance of the MATS-D 

downlink in the presence of six neighbouring co-channel 

interferers. The results are plotted in Figure 5.14. The 

small reduction in performance of IdB at a BER of 10-3 ig 

unlikely to be of importance compared to the effects of 

self-interference. 
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5.2.4 Imperfect carrier recovery 

In the preceding analysis, ideal carrier phase recovery at 

the MS has been a universal assumption. However since this 

is unlikely to always be the case, the investigations to 

establish a lower bound on system performance are completed 

by considering the effect of an erroneous recovery of the 

carrier phase at the receiver. 

Under these conditions the received signal will be given by 

s' (t) = A cos (cô t + cp) + B sin (oô t + cp) (5,27) 

where A and B are the modulating data signals, and cp is the 

phase error between the received signal and local carrier. 

Here, the demodulated received signal is attenuated by a 

factor of cos CP . In the worst case the quadrature carrier 

be transmitting symbol when the inphase carrier 

is transmitting the negated symbol sequence -C^ , whence 

the overall attenuation of the signal is given by 

(cos cp - sin cp) , which in terms of signal power yields an 

attenuation 

° (5.28 

The effect on the performance caused by a phase error cp , is 

calculated as a degradation in received SNR and is plotted 
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in Figure 5.15. The graph tends to an asymptote at 9 = 45° 

where the received signal is zero. 
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5.3 Simulation of the Wideband Downlink 

The computer simulations, documented below were undertaken 

primarily to confirm the results already obtained by 

theoretical analysis. Further to this, they enabled a 

comparison of system performance using different sets of 

spreading codes to be made, and realistically established 

the BER when transmitting through a wideband channel. Due 

to the restrictions on computer time, the simulations could 

not always be performed over optimally long periods. In 

order to obtain statistically sound information, any 

simulations where the number of errors was greater than 

0.1% of the total number of symbols transmitted were 

discarded, e.g., a BER of 10"^ was only validated by a 

simulation processing in excess of 10'' bits. 

The random number generator and noise generators used 

throughout these simulations are documented in appendix B. 

5.3.1 Single Code Layer Transmission 

The source data was mapped to the spreading codes, as 

detailed in the table in Figure 5.8. Every 25 samples a 

synchronisation symbol was inserted into the chipstreara to 

provide reference timing information for the receiver. A 

Gold code was used for this purpose because of its single 
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large auto-correlation peak when the reference and received 

codes are perfectly aligned [64]. (A list of Gold functions 

is provided in appendix C. ) Mathematically this signal may 

be written as 

32 

s(t) = ^ ^c^cos(a)^t + i>) . (5.29) 

i=1 

The resulting chip stream was assembled and passed through 

a pulse shaping filter with an impulse response p(t), 

modifying each chip profile to a raised cosine shape. Thus 

32 

s(t) = ^ ^c.cos(w^t+ $)p(t - nT^p) (5.30) 

i=1 

sin (t/T )tt 
where p(t) = 22— 0 < t < T 

( t / T ^ ) „ =P 

- 0 elsewhere (5.31 

Finally AWGN generated as described in appendix B, was 

added to each sample of the chipstream resulting in a 

signal 

32 

s'(t) = y pc.cos(u) t + \lj)p(t - nT ) + n(t) (5.32 
/ . 36 1 c c p 

1 = 1 

which was presented to the receiver. This data was passed 
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to a bank of three correlators, two generating a 

cross-correlation score between the incomming signal and 

the data spreading sequences, and the other correlating 

against the synchronisation symbol. On activation, the 

first function of the receiver was to establish synchronism 

of the local chip timing clock with the incomming data by 

observing the output samples of the synchronisation 

correlator. These samples were monitored over a period of 

1.5 symbol periods, during which time the highest peak 

generated was deemed to represent the point of symbol 

synchronisation. On achieving lock the output sample from 

the synchronisation correlator was then ignored until just 

before another synchronisation symbol was due (25 symbols 

later). At this point the comparison process was restarted 

and after a further 1.5 symbol periods the timing 

information was updated. 

Between the locking periods, the outputs of the two data 

correlators were observed every seconds, the first 

observation being T^ seconds after the synchronisation 

peak. On each occasion the symbol deemed to have been sent 

was given by the sign of the correlator with the highest 

correlation sample magnitude, as described in Section 5.1. 

The regenerated data was compared with the original data in 

order to calculate the bit error rate. The whole simulation 

is shown diagrammatically in Figure 5.16. The results of 
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these simulations are presented in Figure 5.17. The curve 

generated by theoretical analysis is included for 

comparison. The performance of the simulation compared to 

the theoretical results show a maximum difference of 0.5dB. 

5.3.2. Multiple Code Layer Transmission 

The simulation was developed further to model the effects 

of the CDMA combination of a number of code layers. To 

achieve this a further seven chipstreams were prepared as 

described above, and added to the original signal (in an 

analogue sense) to form the MATS-D multilevel signal, 

described mathematically by 

8 32 

^ ^ %c%cos(w^ + I^)p(t - nT 

&=1 i=1 
c + V)P(t - nT^ ) + n(t) (5.33) 

during the data transmission periods, and 

32 

s'(t) = 8 ^ L^cos(oo^ + 4Up(t - nT^p) + n{t) (5.34 

1 = 1 

during the synchronisation symbol transmission periods 

Where is the ith chip of the synchronisation symbol 
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Notice that the multiplicative factor of eight occurs in 

equation (5.34) because the synchronisation symbol is 

transmitted on all eight layers at the same time, 

conferring on the synchronisation correlator an 18dB power 

advantage over the data correlator. This signal was fed to 

the same receiver as before. 

The correlation process for symbol 1 is 

8 32 

|c = E E ^c^cos(w^t +$)p(t - nT^p) + n(t) I-
!l=1 i=1 

(5.35) 
32 

E iCiCOSw^t p(t - nT^p, 

1 = 1 

By inspection of equation (5.35), it can be seen that if a 

set of perfectly orthogonal spreading codes are used there 

will be no degradation in performance, provided perfect 

timing recovery is maintained. This was confirmed by 

spreading the data using Walsh codes, (which are completely 

orthogonal if synchronised), and comparing the performance 

to when Gold codes were used. The small cross correlation 

of the Gold codes might be expected to become significant 

in low noise situations. It should be noted that in both 

cases Gold codes were used for the synchronisation symbol, 

as the cyclic partial cross-correlation peaks of Walsh 

codes make them unsuitable for this purpose. The results of 

these simulations are shown in Figure 5.18. The simulations 

confirmed our theories by showing that the use of Gold 
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codes caused a marginal reduction in performance compared 

with the system using Walsh codes. 

5.3.3 Wideband Multipath Channel 

Simulation of the wideband channel was performed by using 

data generated by the SURP (Simulation of Urban Radio 

Propagation) model as described by Hashemi [65] and briefly 

documented below. 

A channel may be represented by a linear filter generating 

the effects of the multipath response, combined with a 

noise source as shown in Figure 5.19. Writing the model 

mathematically for a channel response h(t), 

h(t) = ^ 6(t - t^) ei^k + n(t) (5.36) 

k=0 

where 5(t) is the delta function at t=0, g is the received 

amplitude of path k, is the received phase angle of path 

k, and is the time delay of path k. The channel is 

therefore characterised by a set of path amplitudes {g }, 

arrival times {t^} , and path phases for each point 

along the modelled route. This is shown graphically in 

Figure 5.20. 

Hashemi [65] assumed that the phases of the received signal 
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are uniformly distributed over the range { 0 . . 2 7 T } . 

Consequently the model does not consider the phase of each 

path as these values may be replaced by a simple random 

number generator. Thus in considering the statistical model 

it is only necessary to form rules for generating the 

amplitude and time of arrival information for each point. 

Now, to a first approximation it can be assumed that 

objects in a suburban area responsible for refracting and 

reflecting a transmitted signal are randomly distributed. 

On this basis it is fair to argue that the arrival times 

may follow a Poisson distribution. Turin [66], found this 

to be an inadequate model. He suggested a more complex 

description of the process, later refined by Suzuki [67] 

and called the 'A-K model'. This description accounts for 

the possibility of paths arriving in groups, which is 

likely to occur when several paths reflect off one 

building. However the ' A-K model' is very complex, and for 

this reason was developed into a discrete, computationally 

efficient algorithm, used to generate the path arrival 

times used in the SURP simulations [65]. 

The argument follows a similar pattern for the path 

amplitudes. Suzuki postulated that the best approximation 

to the measured signal distribution is a Nakagami 
V -

distribution [67]. This, like the ' A-K model' was a very 

complex formula for computer implementation and was 
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successfully reduced, by Hashemi, to the Log-Normal 

distribution used in the SURP simulations. 

The statistics described above were written into a wideband 

computer simulation and a sample of the data generated was 

supplied to Southampton in the form of a computer data 

file. This contained the modelled impulse responses as if 

measured every 1 ft along a route, each represented by 60 

samples, taken at 100ns intervals. The structure of this 

data is shown in Figure 5.21. 

In the MATS-D simulation the samples of the transmitted 

signal were convolved with the relevant impulse response , 

before adding the AWGN to the signal. By combining 

equations (5.3) and (5.34) this process may be represented 

by 

s'(t) = 

8 32 8 32 

L L +1 I 
£=1 i=1 

60 

&=1 i=1 

(5.37) 

^ - t^) ei^k + n(t) 

k=0 

It is clear from inspection of equation (5.37) that the 

correlation sample is now degraded by many other signals 
V -

in addition to the corruption inherent from the 

cross-correlation terms of the other seven CDMA layers. 
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Copies of the transmitted signal arriving via different 

muitipaths will generate partial cross-correlation products 

with the wanted symbol, including partial auto-correlation 

products from the same code, which may be minimised by 

careful code selection. Notice that due to the time and 

phase shift of the n-th path relative to the first, the 

interference does not come only from the inphase component 

of the signal, but also from the CDMA data transmitted on 

the quadrature carrier. 

Due to the 18dB advantage conferred on the synchronisation 

symbol by the structure of the downlink signal it was found 

that the BER of the data became unacceptably high long 

before symbol timing lock was lost. To save computer time 

the locking procedure was replaced by a simple search 

algorithm which scanned each impulse response and selected 

the biggest peak. As the impulse response of the data was 

only updated every 1ft traveled, a new channel response was 

calculated for each symbol of CDMA data by interpolating 

between the two adjacent impulse responses. 

The results of this simulation are displayed in Figure 5.22 

together with the theoretical upper and lower performance 

boundaries found in Section 5.2. In order to maintain 

consistency with the previous results the SNRs are 

normalised to symbol bandwidth. For low SNRs the simulation 

showed the system to have a lower performance than that 
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predicted by theory. This illustrates the over simplicity 

of our theoretical model, which considers the effects of 

self interference from the unwanted CDMA layers, but does 

not account for the effects of partial auto-correlation of 

the wanted symbol with delayed copies of itself. Also the 

model derived by Weber et al. is not specific to a 

particular class of spreading codes and therefore cannot be 

expected to perfectly predict the performance of our 

system. However for SNRs greater than 14dB the performance 

was within the predicted limits, and can be approximated by 

the theoretical prediction for four layers in a two-ray 

channel. 
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5.4 Narrowband Uplink 

The nature and generation of GTFM was described in Chapter 

2. Here a review of the work published on this technique is 

documented, together with brief comments on the choice of 

parameters made for the MATS-D system. 

The parameters defining the type of GTFM modulation used 

are not given in the MATS-D literature, however by 

comparison of the the spectra published by TeKaDe with 

those calculated by Chung [30], it may be deduced that 

B=0.58 and r=0.3. Comparison of the spectrum of this signal 

with that of MSK shows a small power advantage over the 

later. However by using B=0.62, r=0.36 the gain in spectral 

efficiency becomes quite dramatic, showing GTFM to have 

60dB adjacent channel protection in a 25KHz allocation 

compared to 25dB for MSK assuming transmission of the 

second lobe in addition to the main [50]. In addition to 

this the received eye pattern for B=0.62, r=0.36 is 

superior to the former case, and therefore GTFM operating 

on these optimal parameters is considered. 

The proposals suggest that the majority of the BS receivers 

use non-coherent demodulation techniques, and that the 

remaining coherent receivers be paired with high gain 

steerable antennas for receiving low power hand-held 

transmissions. Using these methods in small cells, the 
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quality of transmission channels will be high, and 

therefore simulation results for an AWGN channel are 

displayed in Figure 5.23 for both non-coherent and coherent 

demodulation techniques [30]. These curves represent an 

upper boundary on the performance of the MATS-D uplink 

which may be achieved by the use of spatial diversity, 

which has been shown to largely mitigate the effects of 

Rayleigh fading [68]. In both cases a maximum likelihood 

sequence estimator (MLSE) was employed at the receiver. 

Observe that the BER decreases rapidly with increasing 

channel SNR, achieving a BER of less than 10" ̂  for channel 

SNRs of greater than 8dB and lldB for the coherent and 

non-coherent cases respectively. 

The performance of GTFM in a Rayleigh fading environment 

with no diversity is also useful, as some BS may not be 

equipped with diversity facilities. In the Rayleigh fading 

environment, discriminator detection has been shown to be 

more resistant to the effects of fast phase fluctuations, 

than coherent detection [30], and the performance results 

using this technique are shown in Figure 5.24. The 

performance is considerably reduced over the AWGN case. By 

comparison a BER of less than 10-3 ig achieved for SNRs 

greater than 26dB compared with approximately lldB for an 

AWGN channel. 
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5.5 Traffic density calculations 

As MATS-D is an asymmetrical system it is necessary to 

equalise the traffic capacity of the uplink and downlink. 

The evaluation of the capacities of the two links are 

considered separately in Sections 5.5.1 and 5.5.2, and the 

implications of our findings are discussed in Section 5.6. 

5.5.1. Uplink 

The 25KHz wide uplink channels are distributed over a 

7-cell reuse pattern, yielding a maximum of 142 channels 

per cell within the 25Mhz band allocated for the European 

network. By using the Erlang-B equations, considering a 

blocking probability of 2%, then 128.9 erlangs of traffic 

may be accommodated within the bandwidth allocated to each 

cell [69,70]. This corresponds to a spectral efficiency of 

5.18 Erl/MHz/Cel1. In planning a mobile radio system the 

capacity per unit of physical area is an important 

parameter as it is directly proportional to the maximum 

subscriber density that may be supported. In order to 

illustrate the performance of MATS-D in these terms a plot 

of spectral efficiency per square kilometer against cell 

radius is plotted in Figure 5.25. 
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5.5.2 Downlink 

By calculating in a similar manner, the traffic density of 

the downlink over 3 cells is 53.4Erl/cell for a 2% blocking 

probability (Erlang-B). This gives a spectral efficiency of 

7.12 Erl/MHz/cell. Notice that the traffic capacity of the 

downlink may be increased by adding a further 64 channels 

on another frequency in the same cell (FDMA). The European 

allocation has sufficient spectral space for up to three 

FDMA carriers per base station which increases the 

efficiency to 7.92 Erl/MHz/Cell. The effect of altering 

cell size is shown in Figure 5.25. 
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5.6 Discussion 

The upper bound on the downlink performance shows a maximum 

of a IdB shift between the figures obtained by simulation 

and those obtained theoretically, over the range of error 

probabilities considered (Figure 5.20). By contrast, the 

theoretical curves obtained for the lower bound of the BER 

performance differed considerably from the 'real' figures 

obtained by simulation, in the range of useable BERs. The 

two-path model shows a BER slightly better than that 

obtained by simulation in the low channel SNR situation, 

and worse elsewhere reflecting both the over-simplicity of 

the two-path model and also the extremely pessimistic 

assumptions that were made in order to solve the problem 

theoretically. However, the figures provide a comparison 

with other systems modelled in a similar, hostile 

environment. It is interesting to observe that the CDMA 

technique generates far higher self interference than 

co-channel interference and therefore is not co-channel 

limited. 

Comparing these results with those obtained by Chung [30] 

for GTFM, it can be seen that the performance of the 

uplink shows a 2-5dB advantage over that of the wideband 

downlink in an AWGN channel. This advantage is not carried 

into the mobile radio environment, where the two techniques 

show similar performance. In fact the spread spectrum has a 
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slightly lower BER for a given channel SNR, but given that 

both channels will have some degree of forward error 

protection it may be concluded that they are well matched 

in terras of quality. 

The decision to use coherent GTFM demodulation coupled with 

steerable antenna for subscribers using hand-held terminal 

equipment must be carefully examined on the basis of Chungs 

findings. In the absence of diversity, this facility could 

be selectively allocated to users on foot (in very slow 

fading conditions) where some performance advantage would 

accrue. Application of spatial diversity reception and the 

use of simpler non-coherent demodulation techniques realise 

benefits both for the slow moving hand-held subscriber and 

those using MS equipment and travelling at speed. 

The disparity between the spectral efficiency of the two 

halves of the duplex link requires some consideration. This 

may be compensated for either by splitting the allocated 

spectrum unevenly between uplink and downlink 

communications, or by designing independent infrastructures 

for the uplink and downlink such that the receiving BS are 

more numerous. The latter option would enhance the 

performance of hand-held equipment, by allowing operation 

at lower radiated power levels, which would increase the 

service life of the mobiles' batteries. It would also 

integrate well with the use of spatial diversity techniques 
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described above. This advantage to the subscriber must be 

traded against the penalties that would be suffered by the 

service provider. These would intrinsically be financial, 

in that this strategy would generate a complex 

infrastructure which would be expensive in both time and 

money to build. However, on a long term basis this may 

still be the best option since the former solution of 

uneven splitting of the frequency allocation would confer 

no advantages to the MS user and may be difficult to 

arrange without large continuous bands of the radio 

spectrum being available from the time of initial 

installation. 

With the main exception of traffic balancing, the hybrid 

approach does allow optimisation of the system for both the 

uplink and the downlink. The downlink philosophy eliminates 

the need for expensive combiners at the BS, and is highly 

suited to the VLSI implementation of MS receivers utilising 

fairly simple low cost filters. In association with this 

the uplink strategy operates with low power transmitters in 

the MS, using well known techniques which do not require 

critical power control or time synchronisation [68]. 

The structure of the wideband link allows the possibility 

of high data rate signals to be simply accommodated into the 

downlink part of the system. High speed receive, low speed 

transmit links are currently widely used in online data 
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retrieval systems which only require low rates of input 

from the user in order to select the required information 

from vast quantities of stored data, for example the 

PRESTEL system which operates a 1200/75 baud link. It is 

reasonable to assume that these type of services will be 

required on the mobile network. 

In conclusion MATS-D is a viable proposal. It does however 

require a large amount of spectrum for basic 

implementation, which could pose co-existance problems when 

trying to install the system. The combination of many 

techniques may cause some implementation problems, notably 

when applying state-of-the-art VLSI technology in their 

realisation. The decision to eliminate MATS-D from the 

contenders for the second generation mobile radio system 

has resulted in a shift of research away from these 

techniques and therefore many of the development 

considerations will now go undiscussed. 
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Chapter 6 Wideband Test-bed 

The design and manufacture of hardware to assess the 

performance of wideband spread spectrum techniques for 

civil mobile radio use was undertaken as a joint project 

with Plessey Research, Roke Manor. Hardware design, 

assembly, and testing were all performed within the 

university as part of the research for this thesis and 

financed by Plessey. The equipment was then taken for 

testing in the field by the research team at Plessey and 

scheduled to be returned to Southampton at a later date for 

the purpose of further development and research. 

6.1 Objectives 

The system is conceived as a highly flexible spread 

spectrum test bed, in the form of a partial realisation of 

the MATS-D architecture. This line was chosen over 

constructing a simplified CD900 philosophy because of the 

time and expense involved in assembling the 32 correlators 

required for basic CD900 receiver operation. 

The data clocks are designed to operate at several 

different frequencies in the range 1 to 4 MHz, allowing 

measurements to be made at data rates similar to those 

encountered in both CD900 and MATS-D. Both the transmitter 

and receiver are constructed to enable the simple 

reprogramming of the spreading codes, allowing 
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experimentation with varying code sets and also 

facilitating the enhancement of the receiver to generate a 

multilevel signal in order to investigate the performance 

of the MATS-D CDMA technique. All signal processing is 

performed in the digital domain, thus conforming as 

closely as possible to the methods described in the 

literature. The synchronisation parameters are easily 

alterable, allowing simple adjustment of the synchroniser 

update period, capture time, and peak threshold level (see 

Section 6.2.2.2, facilitating the optimisation of these 

values. 

The descriptions in this chapter do not make any reference 

to the radio frequency (RF) components of the system which 

were wholly designed by other members of the communications 

group at Southampton and are not directly relevant to this 

research. 

- 2 0 2 -



Chapter 6 Wideband Test-bed 

6.2 Design Strategy 

In order to maximise flexibility the hardware design was 

split into several logical blocks, both notionally and 

physically. Each of these was realised on an individual 

double-Eurocard using wire-wrap techniques. The back-plane 

was configured using 96 pin wire-wrap euro-connectors in 

order to permit simple and fast reconfiguration. 

6.2.1 Transmitter Design 

The transmitter structure allowed alteration of both the 

data sequence and the modulation method, by the exchange of 

a single read only memory IC (ROM). This universal approach 

was achieved by removing the task of baseband modulation to 

an external device, leaving only the function of mixing the 

source signal with the carrier to be performed in the 

transmitter hardware. 

In practise, the data required for transmission was first 

pre-processed with the aid of a computer into a set of 

samples representing the modulating waveform. This 

information was then stored in a ROM which was loaded into 

the transmitter. The data was then later recovered by 

addressing the ROM in sequence at a rate determined by the 

system clock setting which was configured to the required 
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chip rate. The output words were passed to a pair of 

digital to analogue converters (DAC ) , the output^of which 

tjtas used to directly modulate the inphase and quadrature 

carriers as shown in Figure 6.1. 

With this transmitter structure it was not possible to 

extend the hardware to transmit 'live' speech data, should 

suitable encoder have become available. This shortcoming 

justified by considering the simplicity of the 

resulting hardware which, by not consuming large amounts of 

development time, could be discarded at a later date in 

favour of new more sophisticated designs capable of 

real-time operation. 

a 

was 

6.2.2 Receiver Design 

The receiver was split into two main functional areas, 

synchronisation and data capture as shown in Figure 6.2. 

Notice that the signal was mixed to baseband inphase and 

quadrature components and DAC converted immediately on 

reception before any attempt was made to recover the 

carrier phase. The recovery of this information was carried 

out by using digital techniques, conforming strictly to the 

system specifications. 

In order to achieve good timing lock, it was decided that 
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the hardware should oversample the incoming data by a 

factor of four. This twice nyquist rate ensured that some 

samples were always be processed with a high SNR near the 

peak of each chip, allowing the synchronisation system to 

lock accurately onto each resolveable path, as illustrated 

in Figure 6.3. Consideration was also given to the dynamic 

range of the source data buses, which became a compromise 

between three factors: complexity, performance and 

availability of hardware. Ideally the input word of the 

correlators would be eight or even sixteen bits wide, 

yielding a high dynamic range and allowing simple 

interfacing with future equipment such as dedicated signal 

processing ICs. However, due to the funding available these 

figures proved to be too ambitious, and a reasoned 

discussion for the selection of a five bit resolution 

policy is given in Section 6.2.2.1. 

The description of the receiver hardware begins with an 

overview of the correlator structure as this sub-unit was 

an integral part of both the synchroniser and the data 

recovery systems. These systems are then described, 

together with a presentation of their operational theory, 

and a brief overview of the actual hardware realisation. 
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Figure 6.3 - Comparison of Sampling Rates for Test-Bed 

Receiver Synchronisation 
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6.2.2.1 Correlators 

VLSI correlators were used which operate on a 64-bit word 

and can process the data at throughputs in excess of 

16Msaraples/s (a four times oversampling of the maximum 

specified bit rate). Although the input resolution of these 

components was only one bit, they may be combined together 

with a minimal amount of additional circuitry to extent the 

wordlength and resolution to a suitable specification. An 

increase in resolution was achieved by using several units 

in parallel, each one being allocated to a particular bit 

of the input word. The output sample of each correlator is 

weighted according to its position in the input word, and 

then added to the other values in order to generate an 

overall correlation score, e.g. considering an n-bit word 

with the msb representing 2^ ^ , then the output of the kth 

correlator, operating on the kth bit is weighted by the 

k-1 

multiplicative factor 2 . Also, by configuring each 

parallel unit as a set of two cascaded correlators a 128 

bit wordlength may be achieved, which is sufficient to 

encompass a 32 chip word at the four times oversampling 

rate required. This is illustrated in Figure 6.4. 

By restricting each correlator to occupy a single circuit 

board, the maximum resolution available was fixed by the 

number of ICs that could be accommodated on a double 

Eurocard. Considering the correlator ICs, together with the 
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Figure 6.4 Wideband Test-Bed Correlator Structure 
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associated logic to perform the arithmetic combination of 

the output scores, this resolution was restricted to a 

maximum of six bits (requiring 12 correlator chips). 

However, in the final designs this was further reduced by 

the selection of the analogue-to-digital converters (ADC) 

which established a maximum data width of 5 bits, without 

incurring a considerable increase in cost to achieve better 

resolution at high enough conversion rates. 

The arithmetic combination function was performed using 

discrete advanced Shottky logic. The high current 

consumption of these devices, combined to generate a power 

requirement in excess of 50w for each correlator board. In 

order to provide the required power and avoid restricted 

operation periods, due the limited capacity of batteries, 

it was decided to locate the receiver at the BS where it 

could use mains power. 

6.2.2.2 Synchronisation 

In this section the mathematical theory describing the 

operation of the synchroniser is explained, leading to the 

concept of pseudo-coherent demodulation used in the 

test-bed. In the light of this information the design of 

the synchroniser is presented as a method to implement 

this theory. 
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Consider the transmitted signal of the MATS-D system when a 

synchronisation symbol is being transmitted. It is sent on 

all layers of both the inphase and quadrature carriers at 

the same time, and has the form 

32 

s (t) = 8 ) L. (cos Got + sinoot) (6.1) 
1 c c 

1=1 

where is the ith component of the synchronisation 

symbol. 

At the receiver the incoming signal is down converted to 

baseband to form the two quadrature components with an 

unknown phase offset ib , viz:-

32 

s'(t) - 8 ^ L^cos(co^t 4- ijj) 

i-1 

32 

+ 8 y L.sin(w t + (6.2) 
Z_, 1 c ' 
1=1 

From Section 5.2, the correlation scores against a local 

copy of the synchronisation sequence may be written as 

( n + 1 ) T ^ 

Sj = J s'(t) L._^ cosfw^t + 4) (6.3) 

nT 
s 

(n+1)T^ 

Sg = / s'(t) L._^ sin(w t + *) (6.4) 

nT ^ 
s 
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where is the output of the correlator for the 'in 

phase' component and Sq is the output of the correlator for 

the 'quadrature' component. 

When a strong signal is received with an attenuation 1/ot, 

at the point of synchronisation e.g., m=0, then in the 

absence of multipath effects it can be shown that 

Sj = 128a[cos\p - sinip] (6.5) 

and 

Sq = 128a[cos\jj + sin\jj] . (6.6) 

By manipulation of Equations (6.5) and (6.6) the following 

equations may be established 

4- s 2 ] = 2 5 6 a ( 6 . 7 ) 

SQ - =1 
= tan$ . 

Sj + Sq (6.8) 

Observe that the point of synchronisation may be found by 

squaring and adding the correlator output scores and then 

selecting the largest value over a given search period. 

Also note that for each of these, a corresponding value of 

ip may be found. Operation is still successful in the 

absence of the quadrature component of the carrier, whence 
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Equations (6.7) and (6.8) may be rewritten as 

= 128a 
(6.9 

and 
S 
Q 

Si 

tanvjj , (6.10) 

The structure designed to implement this process is shown 

in Figure 6.5. The control circuity initiated the search 

process and set a threshold 5 , below which all 

correlation scores were ignored. The process continued for 

a preset period , at the end of which the biggest peak 

encountered was deemed to have occurred at the 

synchronisation point. seconds later the synchronisation 

process was reactivated and the receiver relocked to the 

incoming signal. The values of , T^ and 5 were all 

easily selectable by thumbwheels on the front of the 

receiver facilitating optimisation of the settings. The 

logical sequence of operations of the synchroniser is 

summarised in Figure 6.6. 

6.2.2.3 Data Recovery 

Consider the demodulation for a data code symbol ĉ. i.e., 

symbol 1 of layer 1, transmitted on the inphase carrier. 

Assuming this symbol was sent then 
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(n+1)T 

C 

nT 

acosco t cos(aj t + $) 
c c 

3 2 

E 2^1 + ' • 8^1) 
_ i = 1 

+ asinoj^t cos(w t + $) 

3 2 

I 
Li=1 

2^1+-••+ gC. ( 6 . 1 1 ) 

where represent any of the four codes 

transmitted on each of the layers on the inphase and 

quadrature carriers. 

Now, 

3 2 

I 
1 = 1 

s c = 0 I + I' for all s ( 6 . 1 2 ) 

and similarly 

3 2 

E 
i = 1 

S + S ' (6.13) 

as the codes used are mutually orthogonal. But, 

3 2 

i = 1 

- 3 2 (6.14) 

and 
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I 1 = 1 1=1 = 32 

i = 1 
(6.15) 

as symbol 3 is the negative version of symbol 1. Then 

j C = 0 for or transmitted 

•16asin\[) for ^ transmitted 

16asin^ for transmitted , 6 . 1 6 

By the same procedure the correlation scores and 

cross-correlation scores of all the other symbols are 

calculated and tabulated in Figure 6.7. 

The table may be simplified by applying the following 

formulae, derived from Equations (6.9) and (6.10) 

JKJ =: jCjCosilJ + ^CgSin^ (6.17) 

and 

= ^Cjcosip + sin^ ( 6 . 1 8 

where is the correlation score for symbol a , layer X, 

from the inphase demodulated component and the 
A Q 

correlation score for symbol a , layer A. , from the 

quadrature phase. The results of this mapping are shown in 
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In-phase transmitted symbol 

Quadrature 
Phase 
Transmitted 
Symbol 

1 2 3 4 

16a(cosi|;-sini|j) -16asini|; -15a (s inij;+co si|;) -16asinij; 

1^1 0 16acostj/ 0 -16acosi|' 
15a(sini|j+cosii)) 16acosi|; 16a(cosifj-sint|)) 16acosi|' 

h 0 16asintj; 0 -16asinip 

16acosiĵ  0 -16acosij) 0 

X̂ I -16asini|; 16a(cosi|j-sini|i) -16asinij; -16a(cosi|;+siniĵ) 

X'q 16asini|; 0 -16asiniJ; 0 
16acosijj 15a(sint|̂+cosi|;) 16acosi|; 16a(cosij;-sini|') 

16a(cosi|j+sint|j) 16asin!|; 16a(sint('-costp) 16asini{; 

0 16acosij) 0 —16acosil' 
16a ( s ini|)-co sij;) -16acosi|) -16a ( s ini|)+c 0 s iji) -16acos'|' 

0 16oisini|) 0 -16asini|' 

16oicosi|; 0 —16acosijj 0 

16asinij; 16a(cosij;+sinij;) 16asinii) 16a ( s inifi-co sii)) 

IScxsintj; 0 -16asint|' 0 

-ISctcosij; 16a ( s inii)-co si|̂) -16acos<|i -16a(sinit'+cosil/) 

Figure 6.7 - Wideband Test-Bed Correlation Table 
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Figure 6.8. Notice the correlation score of the original 

component is free from interference generated by the 

quadrature phase. This method of combining the correlator 

scores together with the synchronisation information has 

been named Pseudo-Coherent Demodulation (PCD). 

Using this strategy, the test-bed hardware is set up to 

detect one symbol and its inverse. It has been shown that 

pseudo coherent data demodulation may be performed by 

correlating the inphase and quadrature components 

independently and then combining them using the above 

methodology. Decoding of the data is implemented by 

performing a hard decision at times (Tg+nT^), about a zero 

threshold, where T^ is the point of synchronisation. This 

can be seen to be a practical method of implementing the 

decoding table in Figure 6.8. In the final realisation the 

combination of the incoming signals is performed before 

correlation in order to reduce the requirements for 

correlator boards, observe that due to the linear nature of 

the system, this can be seen to yield exactly the same 

results. 

- 2 1 8 -



Chapter 6 Wideband Test-bed 

In-phase transmitted symbol 

Quadrature 
Phase 
Transmitted 
Symbol 

1 2 3 4 

1 6 a 0 - 1 6 a 0 

0 1 6 a 0 - 1 6 a 

1 6 a 0 - 1 6 a 0 

0 1 6 a 0 - 1 6 a 

1 6 a 0 - 1 6 a 0 

0 1 6 a 0 - 1 6 a 

1 6 a 0 - 1 6 a 0 

0 1 6 a 0 - 1 6 a 

Figure 6.8 - Wideband Test-Bed Pseudo-Coherent Correlation 

Table 
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6.3 Calibration 

The transmitter and receiver were linked together via a 

suitable attenuater and operation of the system verified. A 

noise source was then introduced between the two components 

and the complete signal was filtered to a BW of 8MHz before 

being passed to the receiver. This set up was used to 

produce an AWGN calibration curve for the test bed 

equipment. 

By using the methods described in Chapter 5 it may be shown 

that the theoretical BER for the hardware methodology is 

given by 

Pg - Q[/^] (6.19) 

where p is the channel SNR. The experimental results were 

adjusted to symbol bandwidth and are displayed together 

with a plot of the theoretical performance as described by 

Equation 6.19, in Figure 6.9. 
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6.4 Experiments 

Following assembly and calibration, the equipment was 

handed over to the Plessey research team to be taken out on 

field trials. These were carried out in central London 

around a route shown in Figure 6.10. The details of the 

link parameters are detailed in appendix D. The figures 

gathered from these tests took the form of outage 

measurements, for bit error probabilities in excess of 5% 

and 1%, a sample of the which is tabulated in Appendix E. 

These figures show that during the trials bit error rates 

in excess of 5(10-2) were experienced 18.8% of the time. 

Unfortunately to date the equipment has not been returned 

to Southampton to enable further development and research 

to be carried out. 
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Figure 6.10 - Wideband Test-Bed London Trials Route 
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6.5 Discussion 

It has been shown that pseudo-coherent demodulation 

successfully recovers data timing and carrier phase. The 

deviation between theory and practical results in the low 

noise region may be accounted for by considering the low 

resolution of the test bed ADC compared with the infinite 

resolution allowed in the theoretical case. 

The field trials carried out by Plessey are not suitable 

for comparison with the simulations and theoretical 

calculations carried out in Chapter 5, as no SNR 

information was supplied with the performance data. It has 

not been possible to obtain the data required in order to 

make these comparisons, because the equipment has not been 

returned to Southampton since its original construction. 

On receipt of the equipment it is intended to obtain the 

figures described above for operation of spread spectrum in 

a multipath channel in order to validate the theoretical 

results. In addition to this an investigation of the 

optimisation and tolerance of the synchroniser parameters 

should be performed in order to provide future design 

information. 

Provision was made in the original designs for an 

enhancement to the synchroniser to provide data on each of 
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the five largest multipaths received in the search window. 

By the addition of a further correlator boards, this will 

enable practical evaluation of the multipath diversity 

techniques described by Lam and Steele [51]. 
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Chapter 7 SBC Speech Transmission Via QAM Modulation 

The earlier chapters in this thesis have described and 

analysed the operation of the contenders for the second 

generation mobile radio system for Europe. Philips/TeKaDe 

were the only consortium to propose a multilevel modulation 

system, known as MATS-D, which was eliminated in the trials 

in late 1986. In this chapter we examine an alternative 

multi-level modulation technique called quadrature 

amplitude modulation (QAM), and its application to a mobile 

radio system. 

The power consumption of hand-held units is an important 

parameter in the design of a mobile radio network. 

Currently, mobile terminals are being used by an increasing 

proportion of subscribers [1] even though their operation 

time is severely limited before their batteries must be 

recharged. The majority of the power of the mobile 

transceiver consumption is attributable to the RF output 

stages of the hand-held terminal, the transmission power of 

which is set at a suitable level to achieve successful 

communications in a conventional cell structure. Class-C 

power amplifiers are used in the output stages of current 

equipment because of their high efficiency. However, these 

amplifiers require binary modulation constant envelope 

schemes. 

In the future we may anticipate that high spectral 

efficiency modulation methods will be required to support 
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the projected traffic levels. In addition, raicrocellular 

and macrocellular mobile radio systems will be deployed 

[78,86,87], because by reducing the size of the cells the 

spectral efficiency and consequentially the number of 

mobile users is significantly increased. With the advent of 

microcells, whose size varies from an office to a 3 km 

segment of highway [88], lower transmission powers will be 

used which will reduce the limitations on power consumption 

and allow linear amplifiers to be used. This change in 

basic hardware set-up will enable the adoption of 

multi-level modulation systems, such as QAM, which by 

virtue of their high spectral efficiency are ideally suited 

to fulfil future requirements. 

The transmission of logarithmic PCM via M-level QAM over 

Rayleigh fading channels has been studied both with [89] 

and without [90] weighting, and with diversity reception. 

In the analysis performed by Steele et al., ideal automatic 

gain control (AGC) was considered, and no channel coding 

was employed. The results were encouraging and in this 

chapter the work is extended developing it into a 

practical speech transmission technique. A theoretical 

analysis of the basic operation in a mobile radio 

environment is also given. These calculations are confirmed 

by simulation studies which also enable the consideration 

of additional techniques to model a complete QAM radio link 

carrying sub-band coded (SBC) speech. 
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We begin by giving a description of the operation of a 

16-level QAM system employing a bit mapping strategy which 

forms two sub-channels by grouping bits of similar 

integrity. We designated this approach as sub-channel 

mapped quadrature amplitude modulation (SCM-QAM). In 

Section 7.1.1 the performance of data passing via each of 

these sub-channels when the modulated QAM signal is 

transmitted over an AWGN channel is investigated in terms 

of BER. Both theoretical and simulation results are 

presented. In Section 7.1.2 the theoretical arguments are 

extended to encompass the performance of SCM-QAM operating 

over a Rayleigh fading channel. Simulation results agree 

closely with our analysis. 

The BER of the basic system transmitting over a Rayleigh 

fading channel is unacceptably high for speech data. In 

order to improve BER performance two different AGC 

techniques are described together with their simulations. 

In Section 7.1.3 the advantages of applying Reed-Solomon 

coding to the data sub-channels is described. The results 

of the simulations led to the development of two 

strategies. The first strategy attempts to equalise the BER 

in both sub-channels in order to provide a transmission 

method which is transparent to the type of source data and 

is called Transparent SCM-QAM. The second strategy applies 

coding only to one QAM sub-channel and exploits the 

structure of sub-band coded (SBC) speech signals to map the 

- 2 2 8 



Chapter 7 SBC Speech Transmission Via QAM Modulation 

SBC bits to the QAM sub-channels in such a way as to 

maximise the perceptual performance of the system, 

designated SBC/SCM-QAM. Both methods were successful in 

providing toll quality speech for channel SNRs that are 

expected to apply in the future microcellular structures. 

On the strength of these findings the research was extended 

to 64-level QAM. The larger constellation of signal points 

results in three data sub-channels. Further theoretical 

analysis describing the operation of 64-level QAM is 

documented in Section 7.2 for transmissions over an AWGN 

channel and in the more hostile Rayleigh fading 

environment. The high BERs experienced in the 64-level QAM 

sub-channels promoted further development to mitigate the 

channel impairments. Experiments of receiver diversity and 

pre-transmission constellation distortion techniques that 

are specifically tailored to enhance the performance of the 

sub-channel mapped QAM system are documented in Sections 

7.2.4 and 7.2.5, respectively. The limited success of these 

techniques directed us to consider the energy distribution 

of the speech signal between the sub-bands in SBC encoded 

speech. A mapping was conceived where the bits carrying the 

highest energy information were sent via the highest 

integrity sub-channels, in the expectation of causing 

minimal perceptible degradation in speech quality. Finally 

in Section 7.3 we discuss our findings and suggest areas 

for future research. 
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7.1 16-Level Quadrature Amplitude Modulation 

In 16-level QAM the bit stream is suitably assembled into 

4-bit symbols and each symbol is transmitted by a carrier 

wave having a unique amplitude and phase. The duration of 

each symbol determines the bandwidth of the QAM symbol. 

Figure 7.1 shows a 16-level constellation where each cross 

represents the position of the phasor relative to the 

intersection of the axis marked I (for inphase) and Q (for 

quadrature). A particular phasor P4 is shown and is seen to 

be associated with the unique 4-bit symbol 0011. If the 

next incoming symbol is 1100, phase PIO is transmitted and 

so on. 

The phasors of the 16-level constellation may be decomposed 

into two independent 4-level AM signals that are 

transmitted on quadrature components of the same carrier. 

Each AM carrier is transmitted with an amplitude of either 

-3d, -d, d or 3d, where d is the coordinate spacing shown 

in Figure 7.1. The combinations of these quadrature AM 

carriers form unique points, i.e., phasors, in the QAM 

constellation. The 4-level AM components are binary encoded 

using two Gray coded bits for each level. Gray codes 01, 

00, 10 and 11, are assigned to levels 3d, d, -d and -3d, 

respectively. Representing the two bits of the inphase code 

by i-j , ±2 and the quadrature code by q-| , q2 , the 16 QAM 

phasors are assigned a unique 4-bit word by interleaving 
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class II sub-channel decision boundries 

Figure 7.1 - 16-Level QAM Constellation 
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the most significant and least significant bits of its 

component signals forming the word . The 

Gray code properties ensure that if the receiver 

erroneously concludes that the transmitted phasor is one of 

the four neighbouring quadrature phasors, the regenerated 

4-bit symbol only has one of its bits in error. 

The demodulation of the received QAM signal is achieved by 

performing two quadrature AM demodulations. The most 

significant bit (MSB) of the QAM code word is regenerated 

according to 

> 0 logical 0 

< 0 logical 1 (7•1 ) 

where I is the received component of the carrier on the 

in-phase axis. Similarly the second bit is logically 

assigned as 

> 0 logical 0 

< 0 logical 1 (7.2) 

where Q is the received component of the carrier on the 

quadrature phase axis. The decision boundaries for the 

third and fourth bits are shown in Figure 7.1. Thus the 

third bit is regenerated from 

I ^ 2d logical 1 

-2d < I < 2d logical 0 (7.3) 

-2d > I logical 1 
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while the fourth bit is formulated by applying 

Q > 2d logical 1 

-2d < Q < 2d logical 0 (7.4) 

~2d > Q logical 1 , 

Once the Inequalities (7.1)-{7.4) have been determined, the 

bits associated with i ̂ , i2 , q2, are regenerated and 

the next phasor processed, and so on. 

Observe that in the process of demodulation, the positions 

of the bits in the words associated with each point in the 

QAM constellation has a profound effect on the probability 

of them being in error. In the case of the two MSBs the 

distance from a demodulation boundary of each AM component 

is 3d for half of the time, and d for half of the time; 

assuming each phasor occurs with equal probability. The 

expected distance from the decision boundary is denoted the 

"average protection distance" and for these bits is 2d. By 

contrast, the two least significant bits (LSB) are always 

at a distance of d from the decision boundary and 

consequently the average protection distance is decreased 

by half compared to the MSBs. Thus the QAM system may be 

considered to have two data sub-channels, namely, that 

associated with the MSBs and that associated with the LSBs. 

The former is referred to as a class I and the latter as a 

class II sub-channel. Clearly bits transmitted via the 
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class I sub-channel are received with a lower probability 

of error compared to those bits in the class II 

sub-channel. 

7.1.1 Performance in the Presence of AWGN 

Consider independent pseudo random binary sequences (PRBS) 

applied to the class I and class II sub-channels of the 

16-level QAM constellation shown in Figure 7.1. The 

resulting QAM signal is transmitted over an AWGN channel to 

a receiver that maintains perfect carrier recovery. 

Demodulation is performed according to Equations 

(7.1)-(7.4). For the least significant bits (LSB) of the 

Gray coded QAM word, i.e., those associated with the class 

II sub-channel, a bit error will occur if the noise voltage 

exceeds d in one polarity or 3d in the opposite polarity. 

Dismissing the latter situation as insignificant, the 

probability of a class II bit being in error is 

Pjj = 0[d/i/5y2] (7.5) 

where Nq is the one-sided power spectral density (PSD) 

function of the Gaussian channel noise signal. As the 

average symbol energy of the 16-level QAM constellation of 

phasors is 
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G - lOd^ (7.6) 

the probability of bit error may be rewritten, 

PlI = . (7,7) 

For the class I sub-channel data, the probability of a bit 

error is 

'l = + Q ( 3 y S ^ l ) ,7.8) 

assuming that the bits in the class I sub-channel are 

equally likely to be mapped to the phasors at d or 3d 

distances from the decision boundaries. The probabilities 

Pj and Pjj as a function of E/N^ are given by Equations 

(7.7) and (7.8) and are displayed in Figure 7.2. Also shown 

is the probability of bit error for the unmapped 16-level 

QAM system calculated as 

P = (?! + Pii)/2 . (7.9) 

In our simulations the channel SNR was calculated as the 

average signal power divided by the average noise power, 

calculated over the entire simulation period. Nearly 

identical curves for and P as a function of E/N^ 

were recorded. These simulations were done to verify that 

our PRBS and AWGN sources were accurate and could be used 
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with confidence in subsequent simulations. The essential 

feature of the AWGN performance was that there was only a 

small advantage in using the class I sub channel over using 

the class II sub-channel. 

7.1.2 Performance over a Rayleigh fading Channel 

Narrow band mobile radio systems employing conventional 

size cellular structures are known to have received signal 

envelopes with Rayleigh PDFs [3]. In order to consider the 

transmission of speech data over these channels it is 

necessary to know the behaviour of the class I and II 

sub-channels when PRBS data is the information source. 

Consider transmitting the QAM signal u(t) over a Rayleigh 

fading channel, The equivalent low pass signal in one 

symbol interval may be written as 

r ( t ) = + n ( t ) (7.10) 

where r(t) is the received signal, a is the Rayleigh fading 

signal attenuation (assumed to be constant over one bit 

period), cp(t) is the received phase angle and n(t) is a 

complex valued Gaussian noise process [8], Assuming a 

constant noise power as the channel attenuation varies, the 

received SNR may be written as 
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Y - afEq/No (7. ii) 

On rewriting Equations (7.7) and (7.8) in terms of T we 

have 

Pj(y) = i(Q[/y75] + Q[3^75]) (7.12) 

and 

Pjj(Y) - Qfi/yTs] . (7.13) 

The probability of a bit error occurring at a given SNR Y , 

is given by equations (7.12) and (7.13). In a Rayleigh 

fading channel the instantaneous SNR changes as the signal 

fades. The average probability of bit error in this fading 

channel is found by calculating the probability of a bit 

error at a given SNR and averaging this value over all 

possible SNRs. This is performed by multiplying the 

probability found for each SNR by the probability of that 

SNR occurring, and summing (i.e., integrating) over the 

range SNRs. Forming this expression the average probability 

of bit error becomes 

Pg - J P (Y)C(Y) dy (7.14) 

where c ( y ) is the PDF of Y for an random attenuation a, 
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which is Rayleigh distributed [8]. Now, the Rayleigh 

distributed PDF of a may be written as 

c(a) = (a/ag) exp (-a^/2ag) ( 7 . 1 5 

2 2 —2 

where E(a ) = 20.̂  = a . A standard transformation alters 

the argument of Equation (7.15) to Y [20], such that 

C ( Y) = f(a^) da^ + 

dy dy 

+ ... + f(a^) da 

dy 
7.16) 

where n is the number of real roots of (7.11) and a...a 
I n 

are the solutions. As Equation (7.11) is quadratic there 

are two roots. Evaluating these roots and eliminating the 

negative value because the Rayleigh distribution does not 

exist in this range, and upon substituting into Equation 

(7.16), c ( y ) becomes 

C(Y) = 4exp i-y/T) 
(7.17) 

where T is the average SNR given by 

r = a Eytlo (7.18 

By combining Equations (7.12), (7.14) and (7.17) the 
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probability of an error occurring in the class I 

sub-channel at an average SNR of F is, 

~ ^ J (Q[/Y/5] + Q[3/Y/5] ) exp ( -Y / r ) dy . ( 7 . 1 9 ) 

0 

The equations defining the performance of the class II 

sub-channel may not be written down directly without 

consideration of the effect of a particular level of 

channel attenuation on the demodulation process. This is 

best illustrated by example. Consider the constellation in 

Figure 7.1. The receiver is arranged to demodulate relative 

to this constellation attenuated by a. This means that for 

the two LSBs (class II sub-channel) the decision boundaries 

will have shifted such that for a received signal level X 

o n either the quadrature or in-phase carriers Equation 

(7.3) will be rewritten as 

X > 2od logical 1 

-2ad ^ X < 2ad logical 0 (7.20) 

-2ad > X logical 1 , 

Assuming that the transmitted bit was a logical 0, then 

providing a/a < 2 , the distance between the received 

phasor and the decision boundary in the absence of noise is 

(2ad - Oid) . Whence by substitution of this distance into 

Equation (7.5) in place of d, the probability of bit error 
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when transmitting through an AWGN channel is found to be 

n/y/S], (7.21 

However, should the attenuation in the symbol period rise 

above twice that of the average attenuation i.e., a / a ^ 2 

the decision will always be erroneous unless the noise 

component carries the phasor back across the decision 

boundary. Under these conditions, 

P g ( > 2 ) - 1 - Q [ ( 1 - 2 a / a ) / Y / 5 ] . ( 7 . 2 2 

The total probability of bit error when a logical 0 is 

incorrectly decoded as a logical 1 in a Rayleigh fading 

channel is found by combining equations (7.21), (7.22), 

(7.17) and (7.14) and applying appropriate boundaries on 

the integrals to give 

4r 

- 7 J Q[(2a/a - 1 ) / Y / 5 ] e x p ( - Y / r ) dy 

0 

oo 

+ Y / (1 -0[(1 -2^a)/Y/5])exp(-Y/r)dY . (7.23) 

4r 

By a similar process the probability of a logical 1 being 

recovered as a logical 0 under these conditions is found to 

be 
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4r/9 

" 7 (1 - 0[(2 - 3^a)/Y/5])exp(-Y/r)dY 

0 

+ r j ' q [ (3a/a - 2)/y/5] exp(-Y/r) dy . ( 7 . 2 4 
4r/9 

Assuming that a 0 or 1 occurs in the source data with equal 

probability, the total probability of error for the class 

II sub-channel may be written as 

p^i(r ) = l ( p ° ( r ) + ) . ( 7 . 2 5 ) 

Calculation of the probability of bit error in the class I 

sub-channel is simpler than the class II case. This is 

because the boundaries are positioned at zero, and as such 

their position is unaffected by the expected attenuation 

level. The performance of the 16-level QAM system was 

established for both the class I and class II sub-channels 

by numerically evaluating Equations (7.19) and (7.25), 

respectively. The results of these calculations are shown 

in Figure 7.3. 

Simulations were also performed using a Rayleigh fading 

envelope, sampled at 16 K samples/s for a vehicle 

travelling at 30mph. By altering the sampling rate it a 

range of envelopes were produced for different vehicular 
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speeds. The propagation frequency was 900MHz and all other 

parameters were the same as those used in the AWGN 

experiments. These simulations validated the theoretical 

analysis by providing a nearly identical set of curves for 

the performance of both the class I and class II 

sub-channels. 

In contrast to the AWGN channel where there was little 

difference in BER performance between the two sub-channels, 

this difference became profound when the transmissions were 

over a Rayleigh fading channel. By inspection of Figure 7.3 

it can be seen that whereas the BER decreased with 

increasing channel SNR, reaching 10-2 ^t 20dB and 10-3 at 

30dB, for the class I sub-channel; the class II sub-channel 

was virtually independent of channel SNR and maintained a 

level above 0.15. Thus the class I sub-channel had an 

adequate performance for digital speech transmission, 

provided the channel SNRs were in excess of 20dB. The class 

II sub-channel was totally unusable. 

7.1.3 AGO Methods For QAM 

The initial approach taken to enhance the BER performance 

was to implement some degree of channel equalisation in the 

form of an automatic gain control (AGO) system. The 

techniques considered were a conventional forced updating 
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method, and a dynamic method based on the continuous time 

averaging of the received QAM phasors. 

7.1.3.1 Forced Updating AGC 

This technique is essentially channel sounding. Every k 

symbols of the data are followed by a sounding symbol which 

is selected to yield a QAM phasor of maximum amplitude, 

e.g., either phasor PI, P4, P13 or P16 in Figure 7.1. At 

the receiver the sounding symbols are separated from the 

data and fed to an AGC system which calculates the 

amplification or attenuation 

G = R/^/Zd (7.26 

necessary to modify the received phasor R to the expected 

signal level, say PI. This value of G is then applied to 

the incoming k QAM phasors enabling QAM demodulation to 

ensue against a constellation whose dimensions are the same 

as that used in the QAM modulator. It is clear that the 

smaller the value of k, the lower the probability of symbol 

error, but the transmission overhead is increased. Too low 

a value of k seriously decreases the gain in spectral 

efficiency conferred by the multi-level modulation process. 
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7.1.3.2 Average Locking AGC 

An alternative technique that avoids the insertion of extra 

symbols into the data stream was sought. The method 

adopted, called average locking, computes the arithmetic 

mean square value R of the previous k phasors and compares 

this average with the expected mean square value E of the 

16-level QAM signal. As all symbols are transmitted with 

equal probability, E is lOd^ . The phasor R to be 

demodulated is scaled by the square root of the ratio of 

these values, namely. 

G = (7.27) 

and demodulation follows. 

The performance of forced updating and average locking was 

investigated for various channel SNRs over a range of k 

values. Neither AGC method significantly altered the BER 

for the class I sub-channel and attention was focused on 

the class II sub-channel performance. Figure 7.4 shows the 

variation of BER as a function of k when forced updating 

was used and the channel SNR was either 20 or 30dB at 

vehicular speeds varying from 15 to 120mph. These 

simulations for the class II sub-channel were performed 

such that for each sample of the 30mph Rayleigh fading 

envelope a QAM sample was transmitted. The transmission 
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rate was therefore 16Kbaud. Thus a curve in Figure 7.4 

corresponding to 120niph is equivalent to one at SOmph for a 

transmission rate of Sl^baud. As expected the BER became 

progressively smaller as k decreased, but the transmission 

overhead to convey k to the receiver became prohibitively 

large. As the vehicular speed increased the ability of the 

AGC to track the fade decreased. For low values of k a lOdB 

improvement in channel SNR resulted in the BER being 

reduced by an order of magnitude. 

The corresponding curves for the average locking AGC are 

displayed in Figure 7.5. Notice that for each channel SNR 

there is an optimum value of k for each speed. This arises 

from the fact that as k decreases the average value is 

computed over a few, more recent samples, thus allowing the 

tracking of faster fades. However as this ability increases 

the statistical validity and noise immunity of the average 

attenuation level calculated in the receiver decreases. 

Thus the dip in the curve is the optimum operation point 

for this technique and represents the best compromise 

between maximising the performance measured against each of 

these parameters. For the lower SNR the optimum k varied 

over a wide range with speed, but the corresponding 

variation of BER was relatively small. At the higher SNR 

values the variations of the BER with optimum k are much 

larger, but the range of k is smaller. 
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Later simulations investigated the performance using a 

linear average rather than an RMS average for the average 

locking AGC system. In this instance the averaging was 

performed on the absolute magnitudes of the received 

phasors, rather than the square of these values. These 

experiments showed the original choice of RMS averaging to 

give marginally better results than the linear case. 

It is important to note that the data must exhibit a 

uniform PSD such that all phasors occur with equal 

probability in order for the average locking system to work 

effectively. Tests using data with a non-uniform PDF such 

that some phasors were more likely to occur than others, 

reduced the performance increase engendered by using the 

average locking system by half. This potential problem is 

avoided by enhancing the basic system to include updating 

the receiver average with an average calculated at the 

transmitter once every 100 phasors. This method generates 

significantly smaller transmission overheads compared to 

the forced update system, whilst maintaining a similar BER 

performance for any source data statistics. By using this 

updating technique only when the transmitter detected a 

significant drift in the measured average from the ideal 

average, the same BER performance as the regularly updated 

system was achieved. 

In the following work the average locking AGC system is 
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employed, as its performance matches that of the forced 

update system, without the necessity of transmitted side 

information. 

7.1.4 Sub-Band Coded Speech Via 16-Level QAM Over a Rayleigh 

Fading Channel 

The lowering of the BER by AGC techniques was sufficient to 

enable channel coding to provide a further decrease in the 

BER to a level where toll quality speech can be obtained 

for SBC speech transmitted via the 16-level SCM-QAM system 

over Rayleigh fading channels. The proposed system 

structure is shown in Figure 7.6. For the bursty nature of 

these channels Reed-Solomon channel coding is appropriate 

coding method [23]. Experiments showed that the application 

of an RS(120,60) code with 8 bits per symbol to the class 

II sub-channel decreased the BER to slightly below the BER 

of the class I sub-channel. Because of this finding two 

strategies were conceived for mapping the SBC data on to 

the QAM constellation. One method arranged for the class I 

and class II sub-channels to be independent and of 

differing quality. The acceptable speech quality is 

achieved by mapping the perceptually important SBC bits to 

the higher performance sub-channel producing a method we 

called SBC/SCM-QAM. The second strategy uses techniques to 

render the class I and class II sub—channel BER performance 
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to be nearly identical. In such a situation there is no 

advantage in bit mapping the SBC data as a data-transparent 

transmission system is provided. The sub-band codec used 

for these simulations was described in Chapter 2. 

7.1.4.1 The SBC/SCM-QAM system 

Even with the application of AGC the BER of the class II 

sub-channel remains unacceptably high. By contrast the 

class I QAM data sub-channel has a BER that is sufficiently 

low for transmission of the least significant bits (LSB) in 

the SBC data frame. By RS coding the bits passing through 

the class II sub-channel its BER can be reduced to below 

that of the unprotected class I sub-channel. However, the 

effect of RS coding also results in an increase in the bit 

rate, and as class I and II sub-channels must each have two 

bits in each Gray coded constellation point it follows that 

the information throughput on the class II sub-channel is 

reduced. 

It is essential to RS code the SBC's classifier bits, and 

it is desirable that the most significant bit (MSB) of each 

coded sub-band signal in the SBC frame be RS coded. 

Unfortunately there are too many MSBs to be RS coded. For 

example, in the presence of either an intermediate or 

unvoiced SBC frame, 66 bits in each 96-bit frame would need 
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to be error protected. The weakest RS code with sufficient 

error correction capability to improve the class II 

sub-channel to an acceptable level is the RS(120,60) code 

operating in GF{256). This code fixes the data capacity of 

the class II sub-channel at half of that of the class I 

sub-channel, allowing 32 bits of each 96-bit frame to be 

transmitted via the higher performance route. The resultant 

data throughput is 21.3kb/s for 16kb/s speech. This is 

equivalent to a symbol rate of 5.3kbaud using 16-level QAM 

system. 

As erroneous reception of the classifier information bits 

can cause severe degradation of the recovered speech they 

are always transmitted via the higher integrity RS coded, 

class II sub—channel. The MSBs of the code words from four 

sub-bands are also mapped onto the class II locations in 

order to optimise the BER performance. These sub—bands are 

chosen to be those where the main proportion of the speech 

energy is likely to be concentrated. The mappings are 

displayed in Figure 7.7. For voiced speech classification 

it can be seen that the solid vertical lines separate the 

sub-bands which increase in frequency from left to right as 

0 -> 0.5, 0.5 -> 1.0, 1.1 -> 1.5, 1.5 -> 2.0 and 2.0 -> 2.5 

kHz. Also see Figure 2.3 in which the sub-band frame 

structure for each classification is defined. The number 

of columns within each sub—band represent the number 

of bits used to quantise each sub-band signal. Each row has 
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CLASSIFICATION 
SUB-BANDS IN kHz 

0.0 - 0.5 0.5 - 1.0 1.0 - 1.5 1.5 - 2.0 2.0 - 2.5 

VOICED 

7 8 9 (2) 

22 23 24 @ 

37 38 39 @ 

52 53 54 0 

67 68 69 @ 

82 83 84 (8^ 

11 12 13 (M) 

26 27 28 @ 

41 42 43 @ 

56 57 58 (53) 

71 72 73 @ 

86 87 88 

15 16 (TT) 

30 31 @ 

45 46 @ 

60 61 0 

75 76 0 ) 

90 91 ^ 

18 Q_9) 

33 @ 

48 @ 

63 (g) 

78 @ 

93 ^ 1 

20 

35 

50 

65 

80 

95 

(21) 

36 

51 
@ 

8 1 

96 

ONLY CIRCLED NUMBERS L I S T E D IN SUB-TABLES ( b ) - ( d ) 

INTEPMEDIATE 10 13 15 17 19 25 28 30 32 40 43 45 47 55 58 60 62 64 70 73 75 77 85 88 90 92 

UNVOICED 11 14 17 19 26 29 32 38 41 44 47 49 53 56 59 62 64 71 74 77 83 86 89 92 94 

VOICE BAND 
DATA 10 13 14 18 21 25 29 33 36 40 44 48 51 55 58 59 63 66 70 74 78 81 85 89 93 96 

Figure 7.7 - Mapping Strategy For 16-Level SBC/SCM-QAM 
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15 bits representing the SBC digital output for each input 

speech sample. The six rows constitute the SBC output for 

the frame, although the first one to six bits in the frame 

(representing the classification) are not shown. The 

numbers in the table indicate the bit position in the 

frame, where bit 96 is the last. Notice that for voiced 

speech the LSBs for sub-band 0.5 -> l.OkHz are 11, 26, 41, 

56, 71 and 86, while the MSBs are 14, 29, 44, 59, 74 and 

89. The bits assembled for RS coding are those encircled. 

In the simulations two speech sentences were SBC encoded. 

For every frame the appropriate sub-table in Figure 7.7 was 

used and the encircled bits RS(120,60) coded. The class I 

and RS coded class II sub-channels were transmitted via 

16-level QAM over a Rayleigh fading channel. Upon 

demodulation, RS decoding, and SBC decoding the speech 

signal was recovered and the segmental SNR computed. The 

variation of segmental-SNR as a function of channel SNR 

( E/Nq ) is displayed in Figure 7.8 for vehicular speeds of 

30 and 60mph. Inspection of this figure reveals that for 

near toll quality speech the channel SNR should exceed 

30dB, and less than 1.5dB separates the channel SNRs when 

the mobile speed was doubled. 
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7.1.4.2 Transparent SCM-QAM System 

The philosophy behind this system is to add channel coding 

to both sub-channels in such a way that the BER of each is 

not only low enough to carry toll quality SBC speech, but 

also nearly matched. As a consequence no special SBC to QAM 

mapping strategies are required. 

In the absence of RS coding, but in the presence of the 

average locking AGC, the BER for the class II sub-channel 

is approximately three times that encountered in the class 

I sub-channel. Therefore an RS code is selected for the 

class II sub-channel to have three times the error 

correcting capability of the RS code used for the class I 

sub-channel. As described earlier, the total protected data 

rate passing via each of the sub-channels must be equal. 

Also the redundancy of the code used with the class I 

sub-channel to that used in the class II sub-channel should 

be an integer ratio which allows the source bit stream to 

be easily split between the two routes. Further, it is 

convenient to arrange the structure so that an integer 

number of source SBC frames map to a single RS coded output 

block without the need to supplement the bit stream with 

dummy data. For example, consider both codes to have a 

coded block of length N. Then the system will operate with 

an RS(N,a) and an RS(N,b) code, both codes operating on 

p-bit symbols coding the data for the class I and II 
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sub-channel, respectively. In order to assemble one RS 

encoded block for each sub-channel p(a+b) source data bits 

will be required. To fulfil the criteria described above a 

and b should be selected such that p(a+b)/96 takes an 

integer value. The channel codes selected to meet these 

criteria were RS(120,96) for the class I sub-channel and 

RS(120,48) for the class II, both having 8-bit symbols. 

Thus bits in successive SBC frames were sorted into two 

contiguous streams by channelling every third bit via the 

class II sub-channel and the others via the class I. For 

every 12 frames, i.e., 1152 bits, 768 bits in the first 

stream were RS(120,96) coded to yield the class I 

sub-channel data. The class II sub-channel data was 

composed of the remaining 384 bits and was RS(120,48) 

coded. 

The segmental-SNR of the speech signal as a function of 

E/Nq is shown in Figure 7.8 for vehicular speeds of 30 and 

60mph. Near toll quality speech can be obtained when the 

channel SNR is several dBs less than that for the SBC 

mapped system. More importantly the optimum performance of 

the SBC can be realised for channel SNRs in excess of 

25dBs. 
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7.2 64-level QAM 

Figure 7.9 shows the constellation of 64-level QAM. The 

principles of representing a number of data bits by a 

unique signal phasor remains unchanged from that of 

16-level QAM. However, in this extended case each phasor 

represents six bits as opposed to the four bits as in 

16-level QAM. Thus in Figure 7.9 phasor PI6 represents the 

unique 6-bit symbol 001110. 

Demodulation of 64-level QAM proceeds by the same 

methodology as 16-level QAM. The phasors of the 

constellation are decomposed into two 8-level AM signals 

which are transmitted with an amplitude of 7d, 5d, 3d, d, 

-d, -3d, -5d or -7d, mapped to the three bit Gray codes 

Oil, 010, 000, 001, 101, 100, 110 and 111, respectively. 

Extending the previous notation, the three bits of the 

inphase code are denoted i ̂, i ̂  and i^ and of the 

quadrature q^ , q^ and q^ . A 6-bit symbol represented by a 

phasor point is assembled by interleaving the i and q 

values, viz:- î  , q^ , i^, q^, i^ , q^. 

The decision boundaries used in the demodulation of each of 

the three bits on each of the axis are shown in Figure 7.9. 

Observe that the MSBs are recovered by the same decoding 

rules given for the MSBs of 16—level SCM—QAM in Equations 

(7.1) and (7.2). Recovery of i^ and q^ is similar to the 
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Figure 7.9 - 64-Level QAM Constellation 
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16-level case except that the decision boundaries are moved 

from 2d to 4d. The regeneration of bit i g from the received 

inphase component I, is 

I > 4d logical 1 

-4d I < 4d logical 0 (7.28) 

-4d > I logical 1. 

for the LSBs there are four decision boundaries, 

the decoding rule 

X > 6d logical 1 

2d < X < 6d logical 0 

-2d < X < 2d logical 1 (7.29) 

-6d < X < 2d logical 0 

-6d > X logical 1 

where X is the received component of the carrier on either 

the in-phase or quadrature axis recovering i ̂  or q^, 

respectively. 

Notice that the 64-level structure affords three levels of 

protection to the Gray coded bits depending on their 

position in the constellation. The two MSBs î  and are 

the least likely to be received in error as they have an 

average protection distance of 4d. This occurs because bit 

i-] will be mapped to a phasor either d, 3d, 5d or 7d from 
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the decision boundary with equal probability. Similarly it 

can be seen from Figure 7.9 that for î  and the average 

protection distance reduces to 2d, and for î  and q^ it 

is d. Thus it is possible to divert the incoming data 

either to {i^& q-| } , {i2 & q2 } or {î  & } forming the three 

sub-channels of the 64-level SCM-QAM system, denoted class 

I, class II and class III, respectively. 

7.2.1 Performance in the Presence of AWGN 

Proceeding as in Section 7.1.1, an independent random data 

sequence is applied to each of the data sub-channels of the 

64-level SCM-QAM. Perfect carrier recovery is assumed and 

data demodulation is performed as described above. Consider 

AM demodulation of the I axis data in the presence of AWGN. 

In our example we consider the first row of the 64-level 

constellation reflected onto the in-phase axis and 

consequently refer to the phasors as PI to P8. 

The class III sub-channel decision boundaries are 

positioned at -6d, -2d, 2d and 6d. Each phasor exhibits a 

different probability of error dependent on its position in 

the structure, e.g., Phasor P5 will be corrupted if a noise 

exceeding an amplitude of d is added to it, but will be 

decoded correctly again if the amplitude exceeds 5d. In the 

negative direction corruption will not occur until the 
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noise exceeds -3d, and the situation will reverse again at 

-7d. Thus the probability that a bit mapped to this phasor 

will be decoded in error may be written mathematically as 

(7.30) 

given that the average signal power of 64-level QAM is 

2 

42d . By contrast phasor P8 will not be corrupted even if 

theoretically infinite noise is added to it in the positive 

direction, whilst it will cycle in and out of error as the 

noise increases past -d, -5d, -9d, and -13d, and therefore 

/eP6 = Q[/Y/21]-Q[5/^]+Q[9/y/21]-0[i3/^]. (7.31) 

The noise experienced by the class III data for a given SNR 

appears much higher because the ratio of the average signal 

power to the protection power (designated the square of the 

protection distance) is higher in the 64-level QAM case for 

a class III encoded bit compared to a class II bit in the 

16-level case. This ratio is lOd^/d^ for the class II 

sub-channel of 16-level SCM-QAM and 42d^/d^ for the class 

III sub—channel of 64-level SGM—QAM (a 6dB power 

advantage). In calculating the BER, noise greater than that 

which would corrupt the strongest class I bit is considered 

extremely unlikely, and therefore mathematical terms 

considering probabilities of noise exceeding 7d are 

discarded. By applying this approximation, the BER for the 
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class III sub-channel may be formed by calculating the 

error probability for each bit and then combining them on 

the basis that a class III bit will be mapped to any one of 

the possible phasors with equal probability, giving 

^or "3.A,/T1 1 . 1 1 PlIl(Y) = OL/Y/21] + $ Q [ 3 / ^ ] -^0[VY/21] -lo[7/Y/21] .(7.32) 

By a similar argument the probability of an error may be 

calculated for both the class I and class II sub-channel 

data yielding 

^11^^^ •jQ[/Y/21] + -JQ[3/y/21 ] +-jQ[5/Y/21] + -JQ[7/Y/21 ] (7.33) 

and 

+ lQ[5/y/21] + ^ (7.34 

These equations were numerically evaluated to establish the 

performance of the 64-level SCM-QAM system and the results 

are plotted in Figure 7.10. Simulations of this system were 

performed and provided a nearly identical set of curves 

which verified the above mathematics and confirmed the 

validity of the approximations. 

A BER of <10-2 is achieved at 17dB, 19dB and 20.5dB for the 
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Figure 7.10 - Bit Error Probability of Class I, II and III 

Sub-channels as a Function of SNR for 

64-Level SCM-QAM in AWGN Channel 
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class I, class II and class III sub-channels, respectively. 

Although there was a distinct performance advantage in 

using the class I sub-channel for SNRs below this 

threshold, the BERs were too high for any form of data 

transmission. The rate of reduction in BER measured against 

channel SNR increased sharply at approximately 20dB for all 

the sub-channels, and by 23dB all the sub-channels had BERs 

below 10"3. Notice also that above 23dB there is little 

advantage to be gained in assigning bits to any particular 

sub-channel. 

7.2.2 Performance over a Rayleigh Fading Channel 

The theory derived for the operation of 16-level SCM-QAM up 

to and including Equation (7.18) is also valid for 64-level 

SCM-QAM, and provides a mathematical analysis of the 

effects of Rayleigh fading on a modulation system with a 

given error probability p(Y). In order to calculate the 

performance of 64-level SCM-QAM in a Rayleigh fading 

channel it is necessary to extend the Gaussian BER 

arguments derived in Section 7.2.1. The variations in these 

equations with the ratio of the attenuation of the 

current symbol to that of the expected attenuation, are 

accounted for by the same methodology as the 16-level case. 

Due to the fact that the class I decision boundary is at 

zero, the equations derived for the AWGN channel remain 
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valid for all possible attenuations. Therefore, the 

probability of bit error when communicating via a Rayleigh 

fading channel for the class I sub-channel may be found by 

simple substitution of Equation (7.34) into Equation 

(7.14), generating 

" 4?/ ( 0 [ / ^ ] + 0 [ V ^ ] + 0 [ 5 / Y 7 ^ ] + Q [ 7 / ^ ] (7.35) 

0 

.e}q)(-Y/r)dY 

The remaining sub-channels have non-zero decision 

boundaries which requires a more complex mathematical 

description to account for their behaviour over all 

possible levels of attenuation. This precludes the use of 

the simple substitution technique applied above for the 

class I sub-channel, and the analysis of the performance of 

the class II and class III sub-channel performance is 

considered below. 

In any one symbol interval the QAM signal is received with 

an attenuation a , when the receiver is set up to 

demodulate against an expected attenuation of a . In order 

to calculate the probability of a bit error occurring in 

the demodulation process of the class II sub-channel, we 

consider the effects of varying the attenuation of a phasor 

occurring at each of the four possible amplitudes. Taking 

the case when phasor P6 was transmitted and a/ a < 4/3 then 

it can be seen that the bit error probability is given by 
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^eP6(<4/3) Q[(4a/a - 3)/y/21 ] (7.36) 

remembering that the average signal power is 42d . However 

once a/a exceeds 4/3 then the demodulator will always 

recover the bit in error unless the noise carries the 

phasor back across the decision boundary. Therefore the 

probability of bit error under these conditions may be 

written as 

^eP6(>4/3)(Y) = 1 - Q[(3 - Aa/a)/y/21 ] . (7.37) 

Examination of the constellation shows that the 'critical 

attenuation ratio' past which the demodulation always 

results in an error except when affected fortuitously by 

the noise,occurs at a/a = 4 for P5. Therefore the 

probability of bit error for demodulation of P5 is given by 

PeP5(<4)(Y) = 0[(4a/a -l)/9/2T] 22 ^ 

for a/a < 4 and 

^eP5(>4)(^) " 1 -Q[(1 - 4a/a)/Y/21] (7.39) 
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for a/a > 4 . Application of the same argument to phasors 

P7 and P8 yield critical attenuation ratios of 4/5 and 4/7, 

respectively. Assuming that a class II bit may be mapped to 

any of the four phasors with equal probability, the 

probability of bit error for this sub-channel is found by 

substituting the equations generated for the individual 

phasors into Equation (7.14), with appropriate boundary 

conditions, and is given by 

16r/9 
p 
ell (r) - ^ j QiiAa/a - 3)/y/21] expf-y/F) dy 

+ J (1 - Q[(3 - 4a/a)/Y/21 ]) exp(-y/r) dy 

i6r/9 

i6r 

+ j Q[{ 4a/a - 1 ) / y / 2 1 ] exp( -y / r) dy 

0 

00 

+ j {1 - Q[ (1 - 4a/a)/y/21 ]) exp(-y/r) dy 

ler 

16r/25 

+ J (1 - Q[ (4a/a - 5)/y/21 ]) exp(-y/r) dy 

0 

+ j Q[ (5 - 4a/a)/y/21 ] exp(-y/r) dy 

16r/25 

16r/49 

+ J (1 - Q[(4a/a - 7)/y/21]) exp(-y/r) dy 

+ I Qi(7 - 4a/a)/y/21 ] exp(-y/r) dy 

16r/49 
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Observe that when applying the same considerations to the 

class III sub-channel data there are two critical 

attenuation ratios for each signal phasor. For example, 

these occur at a/a = 2/3 and a/a = 2 for phasor P6. In 

the region 2/3 < a/ a < 2 the phasor is always successfully 

demodulated at the receiver in the absence of noise. Thus 

the probability of bit error in this region when exposed to 

corruption by AWGN may be written as 

^eP6(>2/3 <2)^^^ ^ Q[(3-2a/a)/Y721]+0[(6a/a- 3)1/9721] (7.41) 

where the first term accounts for the probability that the 

noise will carry the phasor across the lower boundary and 

the second term relates to the errors caused by exceeding 

the upper boundary. In common with previous calculations it 

can be seen that in all other regions the phasor will 

always be demodulated in error unless constructively 

corrupted by the channel noise. If a/a ^ 2 then the phasor 

will normally occur above the upper decision boundary and 

the probability of unsuccessful demodulation of the phasor 

will be given by the complementary probability of the 

second term of Equation (7.41) i.e., 

^eP6(>2) " 1 - Q[(3 - 6a/a)/Y/21 ] . (7.42) 

Similarly the complementary probability of the first term 
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-eP6 (<2/3)(^) " l - Q [ ( 2 a / a - 3 ) / ^ ] ( 7 . 4 3 ) 

yields the probability of error when the phasor is received 

such that a/ a < 2/3 . Substituting these functions into 

Equation (7.14) generates the probability of a demodulation 

error when phasor P6 is transmitted and is written as 

4r/9 

~ ^ ̂  ~ ( 2 a / a - 3)/y/21 ]) expC-y/r) dy 

0 

4r 

+ (0[(3 - 2 ^ a ) / ^ ] + Q [ ( 6 ^ a - 3)}/Y7^])exp(-Y/r)dY 

0 

+ J (1 - Q[ (3 - 6a/a)/y/21 ]) expf-y/D dy . (7.44) 

4r/9 

By identical methods the probability of error was 

calculated for the other possible phasors. The functions 

generated were then combined, assuming that a class III bit 

is equally likely to be mapped to any of the four phasors. 

The resulting equation for the overall performance of the 

class III sub-channel may be written as 

4r/9 

Pgjjj(r) == ^ (1 - Q[ (2a/a - 3)/y/21 ] ) e5cp(-y/r) dy 

0 

4r 

+ (Q[(3 - 2a/a)/y/21 ] + Q[(6a/a - 3)/y/21 ]) exp(-y/r) dy 

4r/9 
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+ J (1 - Q[ (3 - 6a/a)/Y/21 ]) exp(-y/r) dy 

4r 

4r/25 

+ J (1 - Q[ (2a/a - 5)Vy/21 ]) exp(-y/r) dy 
0 

36r/25 

+ J (Q[ (6a/a - 5)/y/21 ] + Q[ (5 - 2a/a)/y/21 ]) exp(-y/r) dy 

4r/25 

00 

+ J ( 1 - Q[ (5 - 6a/a)/y/21 ]) exp(-y/r) dy 

36r/25 

4r 

+ J Q[ (2a/a - 1 )/y/21 ] exp(-y/r) dy 

0 

36r 

+ J (2 - Q[(l - 2a/a)/y/21 ] - Q[(6a/a - 1 )/y/21 ]) exp(-y/r) dy 

4r 

+ J Q[ (1 - 6a/a)/y/21 ] exp(-y/r) dy 

36r 

4r/49 

+ J Q[(2a/a - 7)/y/21 ] exp(-y/r) dy 

0 

36r/49 

+ J (2 - Q[(6a/a - 7)/y/21 ] - Q[(7 - 2a/a)/y/21 ]) exp(-y/r) dy 

4r/49 

+ J Q[7 - 6a/a)/y/21 ] exp(-y/r) dy (7.45) 

36r/49 
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The performance of the of the 64-level SCM-QAM system was 

found by numerically evaluating Equations (7.35), (7.40) 

and (7.45) for the class I, class II and class III 

sub-channels, respectively. The results of these 

calculations are shown in Figure 7.11. In common with the 

other results contained within this chapter the performance 

was also investigated by simulation and was found to yield 

a nearly identical set of curves to those provided by the 

theoretical analysis. 

Like the 16-level SCM-QAM case, there is a considerable 

difference between the BERs achievable in the presence of 

an AWGN channel and those relating to a Rayleigh fading 

environment. The performance of the class I sub-channel 

increases steadily with the channel SNR, achieving a BER of 

less than 10"^ for SNRs in excess of 24dB. However, both 

the class II and class III sub-channels show little change 

in performance as the SNR varies. The irreducable BERs are 

0.2 and 0.3 for the class II and class III sub-channels, 

respectively. As these BERs are unsuitable for data 

transmission, we continue as before to consider the 

addition of an AGC system in order raise the BER 

sufficiently for forward error correction techniques to be 

applied to the data. 
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7.2.3 Average Locking AGO 

The average locking system described in Section 7.1.3.2 was 

applied to the 64-level SCM-QAM system. Recalling the 

average energy of the 64-level QAM constellation to be 

2 
42d , the scaling factor is calculated as 

G - /42d^/R (7.46) 

where R is the arithmetic mean squared value of the 

previous k phasors. 

Simulations were performed to assess the performance of 

this technique for channel SNRs of 20 and 30dBs at 

vehicular speeds varying from 15 to 120mph. In common with 

16-level SCM-QAM, the application of this technique showed 

negligible gains in the class I sub-channel BER and the 

investigations were centred around the improvement of the 

class II and class III sub-channels. The BER performance of 

these sub-channels found by simulation are plotted in 

Figures 7.12 and 7,13. 

The class II and class III sub-channel performance curves 

are of similar shape for all combinations of speed and 

channel SNR. However the minimum BER of the class II 

sub-channel is on average half of that of the class III. In 

common with the 16-level system there is an optimum value 
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of k for each combination of vehicle speed and channel SNR. 

This arises for the same reasons as before, being a 

compromise between fast fade tracking abilities and the 

accuracy of the average signal level measured at the 

receiver. The variation in BER is less than that 

experienced in the 16-level system and consequently the 

selection of k is less critical to system performance. Due 

to the greater number of possible signal levels in the 

64-level constellation the range of suitable k values is 

higher than the 16-level case, and in order to consider 

very slow moving mobiles the value was fixed at 10 for all 

further experiments. Using this figure for k, operating the 

system with an average channel SNR of 30dB yields a BER of 

2(10"2 ) for the class II sub-channel and 6(10"2 ) for the 

class III sub-channel for a vehicle travelling at 30mph. 

The AGO does not reduce the class III sub-channel BER 

sufficiently to consider the transmission of speech or data 

signals. The RS codes required to reduce the BERs 

experienced in this sub-channel to a suitable level are so 

highly redundant that the spectral efficiency of the final 

system would show no improvement over that of the 16-level 

SCM-QAM system. Also the delay incurred by adopting such 

large codes would be of an order that would be perceptually 

annoying to the user. 
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7.2.4 Pre-Transmission Constellation Distortion 

The high BER experienced in the class iii sub-channel using 

the 64-level SCM-QAM system led to further research 

directed at increasing the performance of this sub-channel. 

We decided to experiment with the application of 

pre-transmission distortion, arranged in such a way as to 

enhance the performance of the class iii sub-channel at the 

cost of the other two sub-channels. Figure 7.14 shows the 

distorted constellation. The phasors are moved away from 

the class iii decision boundaries in order to increase the 

average protection distance. A constellation distortion 

factor is defined as e = 201og^Q(d/5 ) , where d is the 

coordinate spacing and is defined in Figure 7.14, and it 

represents the reduction in the protection distance of the 

phasors nearest the class i and class ii decision 

boundaries. Simulations were carried out at a channel SNR 

of 25dB and vehicular speed of 30mph for a range of e . The 

results are shown in Figure 7.15. 

As the constellation distortion factor was increased the 

BER of the class III sub-channel decreased at the cost of a 

drop in the performance of the class I and class II 

sub-channels. The degradation in the integrity of the 

latter sub-channels was far greater than the increase 

achieved for the class III sub-channel. This is clearly 

highlighted as the performance of the class I and class II 
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sub-channels actually decreased to below that of the class 

III sub—channel at factors of 2dB and 9dB, respectively. It 

was found that for the 16-level system the RS coding could 

improve BER performance for BERs of less than 0.04. To 

achieve a BER of this level for the class III sub-channel 

requires a constellation distortion factor of greater than 

7dB. However, at this level of distortion the class II 

sub-channel BER was greater than 0.1 and was therefore 

unusable. For factors in excess of 9dB the class I 

sub-channel was useless. 

The constellation distortion strategy could be arranged to 

decrease the BER of the class III sub-channel at the cost 

of only the class I sub-channel. The results above indicate 

that it is unlikely that sufficient gains will be made in 

the performance of the class III sub-channel without 

rendering the class I sub—channel useless. For this reason 

it was decided to discontinue this avenue of research and 

consider alternative methods of reducing the BER. 
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7.2.5 Diversity Techniques 

In many mobile systems receiver diversity techniques have 

been highly successful in improving performance [8] and it 

was decided to apply this technique to the 64-level SCM-QAM 

system. 

A p-th order diversity system was simulated where each of 

the p received signals was generated by modifying the 

transmitted phasor by the sampled channel described above 

using a different, random start point. Also a separate AWGN 

source was used for each of the incoming signals. 

Each of the p received signals was assigned a separate 

average locking system. At each sampling instant the 

channel showing the greatest average signal level was 

selected and passed to the 64—level QAM demodulator. 

The results of applying this system to 64-level SCM-QAM 

operating in a Rayleigh fading channel with an average SNR 

of 30dB are shown in Figure 7.16 for each of the sub 

channels. 

The diversity system increased the performance of the class 

I sub-channel by approximately two orders of magnitude for 

a 4th order diversity system. No improvement was achieved 

for either the class II or class III sub-channels. 
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7.2.6 64-level SBC/SCM-QAM 

The performance gains achieved by using pre-transmission 

distortion or diversity techniques are not sufficient to 

reduce the BER to a level suitable for speech data 

transmission. The class i and class ii sub-channel BERs are 

within the bounds which may be improved by the application 

of RS coding. However, the RS codes required to produce any 

improvement in the class iii sub—channel are prohibitively 

long and their application would introduce unacceptable 

delays into a speech communications system. 

A mapping was contrived, similar to that designed for the 

16-level SCM-QAM system, which reflects the perceptual 

importance of each of the bits, by mapping the most 

critical parts of the SBC frame to the highest integrity 

sub-channel. Due to the problems of providing RS FEC on the 

class iii sub-channel it was decided to leave it uncoded. 

This was justified by the selection of RS codes for the 

other two sub-channels with sufficient power to reduce the 

BER to a level approaching zero in the range of channel 

SNRs of interest. By applying the same philosophy as 

before, the codes were selected to produce one RS coded 

block per sub-channel, from a small, integer number of SBC 

frames. This is achieved by applying an RS(96,64) code to 

the class i sub-channel, and an RS(96,32) code to the class 

ii sub-channel. Thus as each QAM symbol is defined by two 
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bits from each of the sub-channels, no data may be 

transmitted until one RS coded block has been assembled for 

both the class I and class II sub-channels, and sufficient 

bits have been received to fill the class III sub-channel. 

For the codes selected this minimum corresponds to 16 

frames (1536 bits) of SBC data. Therefore 512 bits were 

RSI 96,64) encoded and passed via the class I sub-channel, 

256 were RS(96,32) encoded and passed via the class II 

sub-channel, and 768 were passed uncoded via the class III 

sub-channel. The system operates at 2/3 redundancy, 

transmitting a total of 2304 bits for every 1536 source 

bits. In terms of bit allocation, this provides 32 class I 

bits, 16 class II bits and 48 class III bits per SBC frame. 

It is clear that the classifier bits must be sent by the 

highest integrity route, as their corruption would be 

disastrous. Therefore these bits are mapped to the class I 

sub-channel. In order to realise the philosophy described 

above, the remaining parts of the SBC frame are sub-divided 

such that the bits carrying the most energy were assumed to 

be the most perceptually important, and consequentially 

were mapped to the higher integrity sub-channels. This 

assignment was designed by considering the PDFs of each of 

the sub-bands, which are shown in appendix F. Notice that 

the abscissa is not constant from one graph to another in 

order to show the distributions clearly. The mapping is 

explained by considering the transmission of a frame of 
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voiced speech. Inspection reveals that the majority of the 

energy is contained in the 0.0->0.5kHz and 0.5->1.0kHz 

sub-bands, with a ratio of 1:4 between the former and the 

latter. The energy contained in the remaining sub-bands is 

an order of magnitude less than that of the second 

sub-band. Ideally the SBC bits corresponding to the 

0'0-l.OkHz range should be mapped to the class I and class 

II sub-channels. However, the remaining capacity of the 

class I and II sub-channels after the allocation of the 

classifier bits was not sufficient to carry the 48 bits per 

frame which represents this information. Thus extending the 

energy arguments further, the LSB of the second band was 

sent via the class III sub-channel, as it clearly carries 

the least energy. The remaining bits of the SBC frame, 

corresponding to the 1.0->1.5kHz, 1.5->2.0kHz and 

2.0->2.5kHz sub-bands, were mapped to the class III 

sub-channel. Similar arguments were applied to the other 

classifications resulting in the mapping shown in Figure 

7.17. The top section shows the voiced SBC frame divided 

into its component sub-bands. The bits to be RS(96,64) 

coded and sent via the class I sub-channel are encircled, 

and those for the RS(96,32), class II route are boxed. The 

mapping strategies for the other classifications are 

tabulated in the lower section, which shows the bits 

selected for RS encoding. All bits not shown were mapped 

directly to the class III sub-channel, with the exception 

of the the classifier bits (l->6) which are always sent via 
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CLASSIFICATION SUB-BANDS IN KHz 

0.0-» 0.5 0.5-+ 1.5 l.O-^ 1.5 1.5- 2.0 2.0- 2.5 

VOICED 

b d) (d ® 

l22j 

|37l 

© 

0 

26 ie @ 

41 [42] @ @ 

56 13 (g) @ 

71 @ @ @ 

86 (i^ i i l gg) 

15 16 17 

30 31 32 

45 46 47 

60 61 62 

75 76 77 

90 91 92 

18 19 

33 34 

48 49 

63 64 

78 79 

93 94 

20 21 

50 51 

65 66 

80 31 
95 96 

O RS(96,64) encoded and sent via class I sub-channel 
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DATA Q 
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Figure 7.17 - Mapping Strategy For 64-Level SBC/SCM-QAM 

- 289 -



Chapter 7 SBC Speech Transmission Via QAM Modulation 

the RS(96,64), class I route. 

The 64-level SBC/SCM-QAM system was simulated operating in 

a Rayleigh fading channel using average locking with k=10. 

The baud rate was maintained at 16kbaud. Unfortunately even 

at very high channel SNRs of around 50dB where perfect data 

transmission was achieved over the class I and class II 

sub-channels, the system failed to achieve toll quality 

transmission of speech. Under these circumstances the 

measured segmental-SNR was 4.41dB. 
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7.3 Discussion 

The transmission of 16kb/s SBC speech via 16 & 64 level QAM 

was investigated. With the aid of an average locking AGC 

system and a mapper employing RS coding we were able to 

achieve near toll quality speech at transmission rates of 

6.7kbaud (Transparent SCM-QAM) and 5.3kbaud (SBC/SCM-QAM) 

using 16-level SCM/QAM. This objective was not achieved 

using 64-level SCM/QAM, where the irreducable BER in the 

class III sub-channel provided an insurmountable obstacle 

to speech transmission. 

The RS coding used in 16-level Transparent SCM/QAM and 

SBC/SCM-QAM systems engendered delays of 144 and 180 ms, 

respectively. The latter may be cause for some concern, but 

it is anticipated that these delays may be reduced by using 

shorter RS codes and employing symbol interleaving [24], It 

was shown that the channel SNR needs to be in excess of 

22dB for successful operation of the 16-level systems, 

which is a figure that should be easily realisable with the 

next generation of digital mobile radio systems. 

These systems show that near toll quality speech from a SBC 

codec can be transmitted over mobile radio channels within 

a bandwidth of lOkHz. However as the performance of the 

average locking AGC increases with the ratio of the 

bit-rate to vehicular speed, a higher performance may be 
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achieved by the TDM of several speech signals. This raises 

the transmitted symbol rate. The upper performance limit of 

this approach is likely to occur where the system becomes 

wideband, in other words where the multipath structure of 

the signal begins to become resolvable. In this situation 

an equaliser will be required in order to mitigate the 

dispersive effects of the channel. The approach to 

wideband-QAM is considered in the proposals for future 

research discussed in Chapter 8. 
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Chapter 8 Conclusions & Proposals For Further Research 

We have shown that it is possible to transmit toll quality 

speech over a narrowband mobile radio channel with a 

bandwidth of less than lOkHz using 16-level SCM-QAM with an 

average locking AGC. The sub channel mapping and average 

locking AGC techniques were not powerful enough to 

successfully extend operation to 64-level QAM even with the 

aid of constellation predistortion or diversity techniques. 

Future research may be directed at an alternative approach 

in order to successfully send toll quality speech over a 

64-level QAM system. This might be achieved at a higher bit 

rate by retaining the sub-channel mapping structure and 

adopting a more complex equalisation system. The application 

of simple and adaptive equalisers for the enhancement of QAM 

transmissions over a mobile radio channel has been well 

documented [9,90-93]. Shafi and Moore [93] have compared a 

number of techniques and concluded that the best performance 

is achieved using decision feedback equalisers with 

fractional spacing. 

Alternatively, the QAM system may be extended to use a 

Viterbi Equaliser coupled with a degree of convolutional 

coding which may be applied to both wideband and narrowband 

operation. In order to apply the VE techniques to QAM 

transmissions, it is suggested that the VE should operate on 

non-binary symbols, chosen from a set of numbers which 

represent the points of the QAM constellation. Providing 
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the performance is better than the current techniques, 

channel coding may be applied in order to achieve toll 

quality transmissions in a bandwidth that might be little 

more than 5kHz. 
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Appendix A MATS-D Noise Calculations 

This appendix presents the mathematical analysis to 

assemble Q-function equations for calculating the average 

probability of bit error in the MATS-D system. It is 

assumed the reader has read Chapter 5 and is familiar with 

the argument that led up to Equation (5.16). 

By inspection of Equations (5.12) - (5.15) it can be seen 

that 

P{error/condition 1} = l-P{error/condition 4} (A.l) 

P{error/condition 2} = l-P{error/condition 3}. (A.2) 

In order to derive the Q-function equivalent of Equation 

(5.16), P{ 0 >0}, P{ ^ >0}, P{error/condition 1} and 

P{error/condition 2} must be found, where 

32 

^ x(t) "c; dt (A. 3 2 

nT 1 = 1 
s 

(n+UTg 32 

I [ + x(t) Jc.] dt . (A.4 

nT 1 = 1 
s 

As 9 only contains noise terms modulated by a pseudo random 

sequence of unity amplitude (the spreading code) we may 

write 

P{0>Q} = 0.5 (A.5) 
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remembering that the mean of AWGN is zero. The varience of 

the function is required in order to form the Q functions. 

Rewriting equations (5 . 12 )-(5.15 ) in a generalised form: 

(muUTg 32 

^ ^ x(t)X(t) dt > 0 ^ (A. 6 ) 

nT 1 = 1 
s 

where 

2 1 2 
X(t) = ,c. or [ -.c. + , c. ] 

A i A 1 A 1 

Calculating for the argument A of Equation (A.6 

a : - E(A*) - [E(A)]2 ( A . 7 ) 

and E{ A )=0 as the spreading sequences are pseudo random 

[34]. Substituting into Equation (A.7) yields 

a = II < x ( t ) x ( t ') > < ^ > dt. (A.8) 

nT 

s 

The second term in Equation (A.8) is the autocorrelation 

function of the spreading code and therefore the 

calculation reduces to a scaled varience of white noise 

over a two-sided bandwidth B [33]. Taking the SNR at 

symbol bandwidth B=l/^ , the varience becomes 

= 6nT . (A.9) 
A ̂  S 
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1 2 

Similarly for X(t) = ,c. + ,c. , where the scaling 

factor is doubled as there are two autocorrelation terms in 

the equation. It is important to note that the 

cross-correlation terms are assumed to be zero. Thus 

= 26riTg • (A. 10) 

By definition [20] 

P j j b(t) > Q = Q(0/a) (A.11) 

nT 

and by simple substitution it is possible to rewrite 

Equation (5.16) as Equation (5.17). 

- 312 -



Appendix B 

RANDOM NUMBER GENERATOR 



Appendix B Random Number Generator 

The generator used for all simulations in this thesis is 

the Digital VAX/VMS random number library routine 

MTH$RANDOM. Statistical analysis of this random number 

source revealed a uniform probability distribution function 

over its full range. This made it suitable for data 

generation by means of a threshold switch. 

MTH$RANDOM was also used as a source for the following 

routine which formed the AWGN signal generator used in this 

thesis. Analysis of this source using the XLS signal 

processing package verified that it has Gaussian 

distributed amplitudes. 

Pascal Computer Procedure: 

Function Gaussian_Noise(var seed:integer):real; 

var 
randl,rand2,srand:real; 

begin 
repeat 

randl:=(2*MTH$RAND0M(gseed)-l); 
rand2:=(2*MTH$RANDOM(gseed)-l); 
srand:=sqr(randl)+sqr(rand2); 

until srand < 1; 
Gaussian_Noise:=randl*sqrt((-2)*ln(srand)/srand) 

•deviation; 
end; 

('gseed' is an integer number supplied by the operatori 
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Appendix C Walsh and Gold Codes 

31 Chip Gold Codes 

3 I 
4 I 
5 I 
6 I 
7 I 
8 I 

9 I 

10 I 
1 1 I 

12 I 
1 3 I 

F 14 I 
15 I 

nl6l 
cl7l 
tie I 
il9l 
o20l 
n21l 

2 2 1 -
2 3 1 

2 4 I 

2 5 I 

2 6 I 

2 7 1 -

2 8 I 

2 9 1 -

I 

U I 

32 Chip Walsh Codes 

10 : 
11 I 
1 2 I 

1 3 I 

F 14 I 
u 1 5 I 

n 16 I 
cl7l 
tie I 
i l 9 ! 

o2o; 
n 2 1 I 

2 2 I 

2 3 I 

2 4 f 

2 5 I 

2 6 I 

2 7 I 

2 8 I 

2 9 I 

3 0 I 

3 1 I 

3 2 I 
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Appendix D Wideband Test-bed Field Trials Specifications 

London Trials - Operating Frequency 955MHz 

TRANSMITTER (Mobile Station) 

Antenna Gain 

Antenna Height 

Feeder loss 

7dB omnidirectional 

1.5m (on car roof) 

2dB 

Class C power o/p stage 

Driver stage (linear) 

3dB Bandwidth 

40W nominal 

20W actual 

IW 

lOMHz 

RECEIVER (Base Station) 

Antenna Gain 

Antenna Height 

Feeder Loss 

7dB omnidirectional 

60m 

IdB 

Noise level at i/p port: 

Dynamic Range : 

Baseband filter shape 

response : 

AGC time constant : 

-102dBm 

55dB 

5 pole linear phase 

68ys 
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Appendix E Wideband Test-bed Sample Log Sheet 

London Trials 

Receive Filter BW: 8MHz Data Rate: 4Mchip/s 

Area 
Fraction of time above 
1% BER 5% BER 

Average 
BER 

A - > B 47. 2% 9.4% 0.019 
B - > C 74 . 7% 42.5% 0.051 
C - > D 40.0% 2.2% 0.013 
D - > E 53 . 1% 15.6% 0.024 
E - > F 41.2% 17.6% 0.022 
F - > G 32.8% 9.8% 0.022 
G - > H 62.5% 35.0% 0.039 
H - > I 33.4% 12.0% 0.014 
I - > J 70.7% 29. 3% 0.037 
J - > K 45.6% 29.4% 0.037 
K - > L 45.5% 18.2% 0.022 
L - > N 55.8% 16.9% 0.028 
N - > 0 50.0% 13 . 2% 0.024 
0 - > P 64.7% 29.4% 0.042 
P - > Q 38. 1% 14.3% 0.023 
Q - > R 44.3% 4 . 9% 0.023 
R - > S 30.8% 10.8% 0.015 
S - > T 42 . 6% 10.6% 0.017 
T - > U 59.0% 20.5% 0.029 
U - > BS 44.3% 17.7% 0.024 

Averages 49.2% 18.8% 0.027 
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Appendix F PDFs Of The Sub-Bands In The SBC Codec 
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Intermediate Classification 
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