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Abstract

Orthogonal frequency division multiplexing (OFDM) has been standardised for digital 

audio broadcasting (DAB), digital video broadcasting (DVB) and wireless local area 

networks (WLAN). OFDM systems are capable of effectively coping with frequency- 

selective fading without using complex equalisation structures. The modulation and 

demodulation processes using fast fourier transform (FFT) and its inverse (IFFT) can be 

implemented very efficiently. More recently, multicarrier code division multiple access 

(MC-CDMA) based on the combination of OFDM and conventional CDMA has received 

growing attention in the field of wireless personal communication and digital multimedia 

broadcasting. It can cope with channel frequency selectivity due to its own capabilities of 

overcoming the asynchronous nature of multimedia data traffic and higher capacity over 

conventional multiple access techniques.

On the other hand, multicarrier modulation schemes are based on the transmission of a 

given set of signals on large numbers of orthogonal subcarriers. Due to the fact that the 

multicarrier modulated (MCM) signal is a superposition of many amplitude modulated 

sinusoids, its probability density function is nearly Gaussian. Therefore, the MCM signal 

is characterised by a very high peak-to-average power ratio (PAPR). As a result of the 

high PAPR, the MCM signal is severely distorted when a nonlinear high power amplifier 

(HPA) is employed to obtain sufficient transmitting power. This is very common in most 

communication systems, and decreases the performance significantly. The simplest way 

to avoid the nonlinear distortion is substantial output backoff (OBO) operating in the
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linear region of the HPA. However, because of the high OBO, the peak transmit power 

has to be decreased. For this reason, many linearisation techniques have been proposed to 

compensate for the nonlinearity without applying high OBO. The predistortion techniques 

have been known and studied as one of the most promising means to solve the problem. In 

this thesis, an improved memory mapping predistortion technique devised to reduce the 

large computational complexity of a fixed point iterative (FPI) predistorter is proposed, 

suitable especially for multicarrier modulation schemes. The proposed memory mapping 

predistortion technique is further extended to compensate for nonlinear distortion with 

memory caused by a shaping linear filter. The case of varying HPA characteristics is also 

considered by using an adaptive memory mapping predistorter which updates the lookup 

table (LUT) and counteracts these variations. Finally, an amplitude memory mapping 

predistorter is presented to reduce the LUT size.

Channel coding techniques have been widely used as an effective solution against channel 

fading in wireless environments. Amongst these, particular attention has been paid to 

turbo codes due to their performance being close to the Shannon limit. In-depth study and 

evaluation of turbo coding has been carried out for constant envelope signaling systems 

such as BPSK, QPSK and M-ary PSK. In this thesis, the performance of TTCM-OFDM 

systems with high-order modulation schemes, e.g. 16-QAM and 64-QAM, is investigated 

and compared with conventional channel coding schemes such as Reed-Solomon and 

convolutional coding. The analysis is performed in terms of spectral efficiency over 

a multipath fading channel and in presence of an HPA. Maximum a-priori probability 

(MAP), soft output Viterbi algorithm (SOVA) and pragmatic algorithms are compared for 

non-binary turbo decoding with these systems. For this setup, iterative multiuser detection 

in TTCM/MC-CDMA systems with M-QAM is introduced and investigated, adopting 

a set of random codes to decrease the PAPR. As another application of TTCM, the 

performance of multicode CDMA systems with TTCM for outer coding over multipath 

fading channels is investigated.

To achieve a high channel coding gain, received signals have to be equalised to eliminate
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intersymbol interference (ISI) at the receiver. Equalisation for OFDM systems is most 

commonly performed in the frequency domain through least mean squares (LMS) and 

proportional approaches. In this thesis, an improved LMS equalisation is proposed and 

compared to the performance of a conventional LMS equaliser. Computer simulations 

confirm that the performance of the modified LMS equaliser achieves faster convergence 

and better bit error rate (BER) performance than the conventional one. Turbo equalisation, 

which is based on a combination of turbo decoding and equalisation, has recently been 

studied in near optimum receivers for a binary transmission case. This thesis looks into 

the performance of TTCM-equalisation (TTCM with a MAP equaliser) for M-ary QAM. 

Algorithm complexity is further reduced by utilising modified MAP equalisation with 

blind channel estimation by expectation maximisation (EM). This structural improvement 

is achieved by sharing common information amongst both algorithms. Finally, a blind 

TTCM-equalisation technique for M-QAM in an unknown channel is introduced and its 

performance is compared to the case of a known channel.
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CHAPTER 1. INTRODUCTION 1

Chapter 1 

Introduction

1.1 Thesis Overview and Context

In wireless communication systems, strictly limited bandwidth and increased demand 

for low power consumption are important design factors. Besides, frequency selective 

fading in a radio environment is one of the most important problems to be solved. For 

these reasons, multicarrier modulation schemes, such as orthogonal frequency division 

multiplexing (OFDM) and multicarrier code division multiple access (MC-CDMA), have 

been considered as promising techniques to overcome the problems associated with 

multipath reception. Their outstanding features include spectral efficiency, robustness 

to frequency selective fading, high speed data rate and frequency diversity.

On the negative side, multicarrier modulation signals are composed of a large number 

of subcarriers with a high peak-to average power ratio (PAPR) characteristic, which are 

very sensitive to the nonlinearity introduced by an HPA . Especially when higher order 

modulation schemes, such as M-ary Quadrature Amplitude Modulation (QAM), is used, 

the performance of multicarrier systems is significantly decreased by nonlinear distortion. 

Hence, linearisation is required to improve the performance. Chapter 2 deals with this 

problem by introducing an improved memory mapping predistortion technique by means 

of a fixed point iterative (FPI) predistorter with reduced complexity, and compares its
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performance to common FPI predistorters. Since the characteristics of an HPA are 

slowly varying due to several factors, such as temperature drift and aging, an adaptive 

memory mapping approach is introduced for nonlinear compensation. The performances 

of the proposed predistorters are evaluated in OFDM and MC-CDMA systems with Al

ary QAM. A new approach is suggested for the reduction of the PAPR in MC-CDMA 

systems, by multiplying a set of random codes after spreading codes.

The commonly used channel model for wireless communications is a multipath fading 

environment. This can be much more problematic for multicarrier modulation systems 

than for the binary case, especially when M-ary QAM is utilised to increase spectral 

efficiency. To tackle this problems, coded OFDM and MC-CDMA systems have proven 

to be effective. In Chapter 3, the use of turbo trellis coded modulation (TTCM), which is 

based on a combination of turbo decoding with trellis coded modulation, is investigated 

for multicarrier systems with an HPA. Three typical TTCM decoding algorithms for 

OFDM systems, maximum a-priori probability (MAP), soft output Viterbi algorithm 

(SOVA) and a pragmatic approach using a good approximation to calculate the symbol 

log-likelihood ratio (LLR), are also compared. A further evaluation of TTCM-OFDM 

systems with an HPA on one side and convolutional and Reed-Solomon OFDM systems 

on the other complements this chapter, before iterative multiuser detection with TTCM 

decoding (for M-ary QAM) is explored. This is conducted by using a set of random codes 

for the reduction of the PAPR in TTCM-MC-CDMA systems.

In order to eliminate distortion due to frequency selective fading, equalisation at 

the receiver is inevitable. For the multicarrier systems, equalisation is normally 

performed in the frequency domain by an LMS approach. Chapter 4 presents an 

improved LMS equaliser, including a performance analysis and a comparison with the 

conventional method. Recently, turbo equalisation has received a lot of attention due 

to its near optimum receiver performance. Turbo equalisation techniques for constant 

envelope transmission systems have been widely evaluated in the literature. For this 

reason, this thesis first focuses on a modified MAP equaliser combined with a TTCM
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decoder. Then, TTCM-equalisation schemes for multilevel systems such as 16-QAM 

are investigated. The chapter closes with a blind TTCM-equalisation scheme using 

expectation maximization (EM) for channel estimation and a comparison to TTCM 

equalisation schemes in a known channel.

Finally, Chapter 5 summarizes and concludes.

In this chapter, the basic principles and concepts of the multicarrier modulation techniques 

are revisited for better understanding of subsequent work.

1.2 Orthogonal Frequency Division Multiplexing

1.2.1 Introduction

As an optimum multicarrier transmission scheme, orthogonal frequency division mul

tiplexing (OFDM) has been widely implemented in high-speed digital communications 

thanks to recent advances in digital signal processing (DSP) and very large scale 

integrated (VLSI) circuit technologies. In ordinary systems, a large number of sinusoidal 

signal generators is required for coherent demodulation in parallel data systems. The 

use of fast fourier transform (FFT) algorithms eliminates this requirement, making the 

implementation of this technology very cost effective.

The main concept of OFDM systems is based on spreading one high data rate transmit 

signal over a number of subcarriers, each of which is then modulated at a lower data rate. 

The subcarriers are orthogonally separated from each other, but overlap in frequency to 

provide a better spectral efficiency and to avoid the requirement of narrow bandpass filters. 

Other advantages of multicarrier modulation schemes include easier equalisation, since 

the symbol duration can be designed to be longer than the maximum delay spread. This 

plus results from a flat fading characteristic within a single subcarrier channel, compared
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to the entire coherence bandwidth. Moreover, the effect of intersymbol interference 

(ISI) caused by multipath propagation can easily be eliminated by the use of a cyclically 

extended guard interval longer than the channel impulse response or the multipath delay.

On the other hand, there are several obstacles that have to be overcome when transmitting 

OFDM signals. One of the major problems is a very high peak-to-average power ratio 

(PAPR). This requires any high power amplifiers (HPA) in the system to be operated 

within its linear region, or with a large power backoff. If this problem is neglected, signal 

amplitudes in the non-linear region are distorted, which causes significant performance 

degradation. Although OFDM systems have been designed to function in a frequency 

selective channel, individual subcarriers may still be distorted by fading. Therefore, coded 

OFDM with frequency and time interleaving is considered as one of the most effective 

ways mitigate fading channel effects.

1.2.2 The Basic Principle of OFDM

In the OFDM transmitter, A^fft symbols are serial-to-parallel converted and modulated 

using TVfft orthogonal subcarriers {exp(j2nf0t), ■ ■ ■, exp(j2nfivFFT-it)} with k-th 

subcarrier fk = k/(NFFTTs) [Hz], The modulated OFDM signal x(t) for a block duration 

(NfftTs = Tfft) [sec], where Ts is sampling period, can be expressed as

(1.1)

By discretising t = nTs (n = 0,1, • • •, NFFT — 1), Eq. 1.1 can be rewritten as

Vn £ {0,1, ■ • •, A^fft — 1}
(1.2)
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where the £>th information symbol X [fc] can be part of any arbitrary signal constellation 

(Msym-QAM, Msym-PSK, etc). Eq. 1.2 is equivalent to inverse discrete Fourier 

transform (IDFT). For a fast implementation of modulation block, inverse fast Fourier 

transform (IFFT) can be utilised. The modulated signals are subsequently transformed 

into a single stream of signal samples by the parallel-to-serial converter.

Figure 1.1 shows a typical structure of a baseband OFDM system using Afft-IFFT/FFT 

to process modulation and demodulation block with Afft data subcarriers, where pilot 

or nonuse-subcarriers commonly assigned for a standard of OFDM systems are not 

considered.

IP: Remove PrefixIP: Insert Prefix

AWGN y[n]

Channel
OrderOrder

X|k]

Figure 1.1: A typical OFDM system model

Next, a cyclic prefix of length Nc is added in order to eliminate intersymbol interference 

(ISI) by the multipath delay. In a guard time, which is longer than a channel impulse 

response, each OFDM symbol is cyclically extended. There are main reasons to use the 

cyclic prefix for the guard interval. Firstly, to maintain the carrier synchronisation at the 

receiver, some signal should be sent instead of a long silence. The second reason is the 

cyclic convolution can be utilised to model the transmission system between the OFDM 

signal and the channel impulse response. Figure 1.2 shows OFDM signals reflected by a 

L = 2 multipath channel, where dot lines represent delayed OFDM signals. As shown in 

the Figure, there is no phase jump in the FFT integration time as long as the channel delay 

is smaller than a given guard time, which means the orthogonality between subcarriers is
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First arriving path Reflection OFDM symbol time

FFT integration timeGuard time Phase transitionsReflection delay

Figure 1.2: The cyclically extended OFDM symbols in three different carriers at the 
receiver

maintained. The OFDM symbol xc[n] with cyclic prefix can be written as

rrc[n] =
^[-Wfft — n\, when n=—Nc, ■■■,—!

x\n\ when n = 0,1, • • •, TVfft — 1
(1.3)

Then, the transmitted OFDM signal can be described by

OO -^FFT — 1

s[n] = E xcin ~ ™TSYM}
m= — co n=—Nc

CO -^FFT — 1

E E
m= — co n=—Nc

1

FFT k=0 N,FFT

(1.4)

where Tsym is the OFDM symbol duration, which is calculated as

Tsym — Tqi + Tfft. (1.5)

where Tqi and Tfft denotes a guard interval and iVFFT-point IFFT modulated symbol 

duration. As shown in Figure 1.1, on the receiver side, the received signal r[n] passed 

through a channel linear filter whose coefficients are afl exp(jdi) (l = 0,1, • • •, L — 1)
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can be expressed as

r[n] = 53af*s[n-ZTd]exp(j0I) + V'[n] C1-6)
1=0

oo Nfft-1 f L—1 'j
= H Y2 \ Y, °txc\n ~ mTsvM ~ lTd] exp(jOi) > + ^[n]

m— — oo n——Nc l Z=0 J

where af1, #/, lTd represents an attenuation factor, phase and propagation delay of the /-th 

path and i/j[n] denotes a complex Gaussian noise with power spectral density Nq. Under 

assumption that the sampling frequency (fs = 1/TS) is much larger than the channel 

bandwidth.

In the next step, the cyclic prefix is removed and the received stream is converted to 

iVFFT parallel sub-streams. The demodulation procedure is carried out using FFT and 

the &>th demodulated discrete complex baseband signal R[/c] in the m-th OFDM signal is 

described by

l fL-l 1 /
= irr----  atx[n - mTsYM - lTd] exp(j9t) [ exp -j2tt—----

’FFT n=0 l ;=0 J V i vFFT

1 / kn \
+ TTr----  V’Wexp -j27r—----

’FFT n=o V lypFT}

= H[k)X[k] + V[k] Vfce {0,1, - -, 7Vkft — 1} (1.7)

where H[k\ and ty[k] are a channel coefficient and a complex Gaussian noise in frequency 

domain. It is seen from Eq.1.7 that the equalisation for the OFDM system can be 

carried out in frequency domain. There are several varieties of equalisation techniques to 

correct the amplitude and phase distortion of each subcarrier. As assumed that the most 

commonly used zero forcing equalisation, the equalised output X[k\ can be expressed as

X[k) = XFFT[k}/H[k]

= {H[k}X[k] + ^[k])/H[k} V/c e {0,1, • • •, 7Vfft — 1} (1.8)

where H[k] represents an estimated channel parameter. A least mean square (LMS)
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and proportional method to estimate the channel parameters are commonly employed 

for the OFDM systems. The major advantage of the OFDM system is robustness 

to the multipath fading environment, which can be a promising alternative in digital 

communications including mobile multimedia and broadcasting. Particularly, the efficient 

usage of the available bandwidth by subcarrier overlapping and the increased symbol 

period (Tsym = TFft + Tqi) to reduce sensitivity of delay spread are important factors. 

On the other hands, OFDM is suffered from nonlinear distortion caused by a transmitter 

power amplifier due to its a combined amplitude-frequency modulation, sensitivity to 

frequency offset and difficulty to decide the starting time of OFDM symbol.

In this thesis, chapter 2 presents a predistortion technique to compensate nonlinear 

distortion and a modified LMS type equalisation technique based on training siginals, 

which is suitable for a nonlinear fading channel, will be introduced in chapter 4. In order 

to further protect transmitted signals from multipath fading, a channel coding technique 

is required. In chapter 3, the performance of coded OFDM system with several promising 

forward error correction methods is evaluated.

1.3 Multi-Carrier Code Division Multiple Access (MC- 

CDMA)

1.3.1 Introduction

MC-CDMA has been widely studied as a promising scheme in the mobile radio 

communication environment, especially for the support of multimedia services which 

usually consist of asynchronous data traffic. The inherent capabilities to deal with 

this type of data traffic and the higher capacity compared to conventional multiple 

access techniques make MC-CDMA the ideal technique, which can also cope with 

channel frequency selectivity. By using OFDM as a modulation scheme, high speed
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data transmission and spectral efficiency can also be achieved even in a selective fading 

channel.

From the digital broadcasting point of view, maximising the area of service is a primary 

goal. Given that transmission would usually take place from only one location (or a very 

limited number), this aim can only be achieved when a large high power amplifier (HPA) 

is employed. For operating efficiency and maximum output, the HPA would be operated 

in the saturation region. Therefore, MC-CDMA systems have problems with nonlinear 

distortion similar to OFDM.

1.3.2 The Basic Principle of MC-CDMA

Figure 1.3shows a typical structure of a baseband MC-CDMA transmitter with TVfft 

subcarriers.

Figure 1.3: A typical structure of a synchronous baseband MC-CDMA system

A single input data symbol with symbol period TSYm is replicated into 7VFft parallel 

copies. Each copy is then multiplied by one chip of a length 7VFft orthogonal code. 

The resulting parallel signals are subsequently mixed with n-th orthogonal subcarriers 

{exp(j27r/0t), • • •, exp(j'27r/ivFFT_1t)}. The summation of the outputs forms the final 

MC-CDMA transmit signal. This scheme is similar to OFDM based on direct-sequence
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code division multiple access (DS-CDMA). The MC-CDMA transmitter can be efficiently 

implemented by using IFFT, and the transmit bandwidth is minimised.

The MC-CDMA signal xu(t) corresponding to the k-th symbol of ?j-th user can be 

described by

where Xu[k] denotes the input data symbol, F is a positive integer and Wu[rn] £ {1,-1} 

represents the m-th orthogonal code of the u-th user, which satisfies the following 

orthogonality condition.

In general, two types of orthogonal codes are commonly used for code division 

multiple access (CDMA) systems. Pseudorandom noise (PN) code is generated by a 

maximum length linear shift register (MLSR) whose connection variables are decided 

by a characteristic polynomial or primitive polynomial. There are several properties in 

order to confirm whether or not the generated PN sequence is valid. They are balanced 

property, run length property and delay and add property [75]. First of all, balanced 

property is related with the number of zeros and ones. The number of ones is 2P_1 of 

PN sequence of 2P — 1 length, which means the number of zeros is 2P~1 — 1, where 

p indicates degree of a primitive polynomial. Secondly, run length of PN sequence of 

2P — 1 length is less than p — 1, where run length means the number of consecutive zeros 

or ones. For example, a sequence with r-run length is 1,00,0i, • • • 0r_2,0r_j, 1,1,---. 

Finally, delay and add property is related to a result of modulo-2 addition of two PN 

sequences, which means a new sequence can be obtained by modulo-2 addition between 

the original sequence and the shifted sequence. Finding a different PN sequence is easy 

as compared to Walsh Hadamard code. However, imperfect orthogonality, which causes 

a inter-user interference, is a major disadvantage in using PN sequences as a orthogonal

(kTsYM <t < (k + 1)7sym)

(1.9)

1
(1.10)

0
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code. To control the cross-correlation between the two spreading codes, the Gold codes 

generated by combination of maximum length shift registers were invented in 1967 at the 

Magnavox Coroperation specifically for multiple-access applications and a large number 

of Gold code sets exists relatively.

For perfect orthogonality, a Walsh Hadamard code [43] can be used as a promising 

alternative. Generation of the Walsh Hadamard code starts from the following Hadamard 

matrix Hw^°\

H (0) =J-J-w
1 1 

1 0
(1.11)

From the basic Hadamard matrix, the p-th order Walsh Hadamard code is extended simply 

by using the following mle. Hwp.

H (p)
/ 'Ll (p~ 1) TJ (P-1) \

AAW AAW

v Hw(p-^ Hw(p-J) J
(1.12)

where Hw ■p~1-1 represents the complement(ls replaced by Os) of the Hw(p_1\ Generation 

of the Walsh Hadamard code is simple and its has perfect orthogonality. However, the 

number of the Walsh Hadamard code is limited as expected from the generation method. 

In this thesis, the Walsh Hadamard code is employed to simulate spread spectrum systems.

With F = 1 in Eq. 1.9, the minimum frequency spacing between adjacent subcarriers is 

achieved while maintaining orthogonality. By sampling Eq. 1.9 at t = tiTsym /A^ft (n = 

0,1, • • •, A^pft — 1) with F = 1, the n-th modulated discrete baseband complex-valued 

MC-CDMA signal xu[n\ of the u-th user can be given by

xu[n] = -7=== £ Wu[m]Xu[k]explj2rr—---- ) Vn <E {0,1, • • •, NFFT - 1}
V^VFFT m=0 V iV FFT/

(1.13)

As shown in Eq. 1.13, the modulation block can be replaced by the IFFT. Then, the 

MC-CDMA signals are parallel-to -serial converted, cyclicly extended by using Eq. 1.3 

and summed with other active user signals. The modulated signal sjn] of a synchronous
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MC-CDMA system with U active users can be written as

(7-1
s n = E xu\n

u-i (
= E>

Nfft—1
E Wu M Xu [A:] exp [j2n

u=0

mn
u=0 V^FFT ibo “L J Ul J r V AFFT.

Vn G {—Ac, • • •, AFFT — 1} (1-14)

For an assumed multipath fading channel, the received signal of a synchronous MC- 

CDMA system with U active users can be expressed as

L-1
r[n) = E ~ lTd]exp(j6i) + -0N (1.15)

(=0
U-1L-1

= E E a(ch;r«[n - exp(j6>,) + V’W Vn G {-Ac, • • •, AFFt - 1}
u=0 (=0

where <*?, et and Tp[k] represent an attenuation factor, a uniformly distributed phase of 

l-th path, and a complex Gaussian noise, respectively.

Figure 1.3 illustrates how the received MC-CDMA signals are demodulated. First, cyclic 

prefix is removed and each parallel signal path is multiplied by the n-th subcarrier, which 

can be carried on using FFT. The demodulated signal Rv[/c] (v = 0,1, • • •, AFft) can be 

expressed as.

jVfft — 1
Rw[ifc] = — E rW<!xp(-i2ir^--)

\/Afft m=0

^FFT“ 1 ( L — 1

(1.16)

-I FFT — 1 f L — l
s[n- lTd} exp(jdi) + C\n\ > exp ( -j2n mn

A,FFT

l NFFT —1 (L—l ^ /
E | E aihsin ~ lTd] exp(j^)| exp y-j2n mn

N]FFT

Nfft—1
+ 1 E exP (-j2n-mn

VAffT rn=0
1 1VFFT-1 (L-1 U-1= E |E«ih

ti=0

A,FFT

VA
E ) E at E xu\n - lTd] exp(jdi) > exp ( -j2n

+

FFT m=0 l 1=0 

j A^fft-1

mn
AFFT

vAfft
E V'N exp

m=0

mn \
AFFT/
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w=0
(1.17)

The each demodulated signal by using FFT is multiplied by the v-th gain Wu [u] assigned 

for u-th user to combine the received signal spread in frequency domain. The fc-th final 

decision value Xu[k] is given by

__ _ 1 ( U—1 ^

*«[*]= E + 0-18)
v=0 l u=0 J

Because an MC-CDMA receiver combines the received signals in the frequency domain 

as shown in Eq. 1.18, it can always employ all signal energy scattered across the band, 

which is the main advantage of MC-CDMA. Several different combining methods are 

known which minimise the BER utilising the gain correction factor FFu[n]. For example, 

VFu[n] (n = 0,1, • • •, 7VFFt — 1) in equal gain combining (EGC) is defined as

Wu[v] Wu[v)
Hv[k}*

(1.19)

and in maximum ratio combining (MRC) as

Wu[v] = Wu{v}Hv[k)* (1.20)

where Hv [&] denotes the v-th channel coefficient in frequency domain. There also exist 

several multi-user detection methods, such as maximum likelihood multiuser detection 

(ML-MD) and the minimum mean square error (MMSE) approach. For ML-MD, and 

when Wu[v\ and Hv[k] of all users is assumed to be known, the likelihood function is 

defined by the following equation in order to extract all user symbols Xu[k\

U—1 Nfft-1

*[*)-£ E wu\v\xi[k\
u=0 v=0

(1.21)

where R[fc] denotes a demodulated symbol at the receiver. In this thesis, the ML-MD 

method is employed for iterative multi-user detection using the extrinsic information from
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the TTCM decoder in MC-CDMA systems with M-QAM.

1.4 Summary of Contributions

Chapter 2: Linearisation

1. An improved memory mapping predistorter is developed, reducing the computational 

complexity of the FPI predistorter by using a LUT.

2. The previous memory mapping predistorter is extended to compensate for varying 

HPA characteristics and nonlinear distortion with memory, which is introduced by the 

combination of a linear shaping filter with a nonlinear HPA.

3. To reduce the LUT size used for memory mapping, an amplitude memory mapping 

predistorter, which calculates the predistorted phase from the predistorted amplitude 

stored in the LUT, is presented.

4. A set of random codes is employed to reduce the high PAPR in MC-CDMA systems 

with Walsh Hadamard codes and a small number of users. The performance of MC- 

CDMA systems with high order modulation schemes and an HPA is investigated with the 

proposed predistorter and the random codes applied.

Chapter 3: Error Correction Coding

1. The performance of coded OFDM systems using Reed-Solomon, convolutional and 

turbo coding is evaluated for the effects of a nonlinearly amplified multipath fading 

channel. In addition, the performance of MAP, SOVA and pragmatic decoding algorithms 

is evaluated and compared with each other in TTCM-OFDM systems.
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2. A novel iterative multiuser detection method after maximum ratio combining is 

developed and evaluated for performance, using multi-level modulation schemes in 

TTCM MC-CDMA systems over a nonlinear multipath fading channel.

3. The performance of multicode CDMA systems with TTCM and high order multi

level modulation schemes is evaluated over a multipath fading channel. Moreover, the 

performance of multicode CDMA systems is investigated with the proposed predistorter 

and in the presence of a nonlinear amplifier.

Chapter 4: Equalisation

1. An improved equaliser based on a modified LMS algorithm in terms of BER is 

developed and compared with conventional methods. In addition, the performance of joint 

equalisation and turbo decoding for coded OFDM systems with the proposed equaliser is 

evaluated.

2. A novel TTCM-equalsation technique based on combination of a modified MAP 

equaliser and a multilevel TTCM decoder is proposed and is compared with other turbo 

equalisation techniques.

3. An modified EM algorithm based on a forward and backward algorithm is developed 

specifically for multi-level modulation schemes to perform blind channel estimation.

4. The TTCM equalisation technique proposed in 2. is extended to an unknown channel, 

creating a blind multilevel turbo (TTCM) equaliser, which is evaluated in a known and 

unknown linear channel.
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Chapter 2

Predistortion Techniques

In this chapter, an improved memory mapping predistortion technique [14] [66] devised 

to reduce the computational complexity of a fixed-point iterative (FPI) predistorter [8] [9] 

[14] [66] is presented. The lookup table (LUT) size of the memory mapping predistorter 

proposed in [14] is reduced by using an efficient addressing method, also improving its 

performance by linear spacing in the LUT. The developed predistorter is further extended 

to handle a nonlinearity with memory caused by a linear shaping filter. Additionally, 

varying characteristics of an HPA are compensated for by a memory mapping predistorter 

which adaptively updates the LUT. The performance of these proposed memory mapping 

predistorters is evaluated for multicarrier systems, such as OFDM and MC-CDMA, with 

high-order modulation schemes (16-QAM).

In MC-CDMA systems which use Walsh Hadamard codes for spreading, a problem 

arises from the PAPR of the modulated signal. It usually is too high for an efficient 

compensation of the nonlinear distortion by the predistorters. This effect significantly 

decreases the performance of the MC-CDMA systems with HPA and predistorters, 

especially with only a small number of users. This chapter introduces a new approach 

to reduce the PAPR by multiplying a set of random codes after spreading codes. A 

subsequent performance analysis compares the developed system to MC-CDMA systems 

without a set of random codes.
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2.1 Methods to Compensate for Nonlinear Distortion

One of the main disadvantages of multicarrier modulation systems is the non-constant 

signal envelope with a very high PAPR. The peak value of the complex envelope of multi 

carrier modulation symbols can be 7VFFT times higher than the maximum absolute value 

of the input constellation, where NFPT indicates the number of subcarriers. The high 

output amplitudes of these symbols usually operate in the nonlinear range of the HPA, 

which results in significant performance degradation. The peak-to-average power ratio 

(PAPR) of an OFDM signal is defined as

PAPR(X)=- 'kinr" <2-»

where |x[n]|2 denotes power of the signal corresponding to the n-th symbol, E [|.x[n]|2] is 

the average power of the signals, max|.x[n]|2 is the maximum power of the given set of 

signals xn (n = 0,1, 2, • • •, ]VFFt — 1). The PAPR is a good measure of the impulsiveness 

of a block of symbols. After signals have passed through the IFFT modulation block of 

multicarrier modulation schemes, their impulsiveness significantly increases. In addition, 

the high PAPR can also increase the complexity of the A/D converter. The PAPR is the 

most important factor when designing the operating point of the HPA and the sensitivity 

to nonlinear distortion. When an HPA needs to be operated in the saturation region for 

maximum power efficiency, severe nonlinear distortion is inevitable as a result of a high 

PAPR.

This effect can be reduced simply by compromising between power efficiency and 

linearity of the transmitter, eg. by introducing a several dB backoff from saturation at 

the amplifier input. This safely places the operating point in the linear region of the 

amplifier characteristic. However, such back-off leads to a less power efficient operation 

of the amplifier. Linearisation of the HPA solves this problem by maintaining a linear 

operation point without reducing power efficiency.
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A number of linearisation techniques have been presented in the literature, such as 

feed-forward, cartesian negative feedback and predistortion. Linearisation by cartesian 

feedback [1][2][3] has the great merit of simplicity. The amplifier complex envelope 

input is both proportional to the desired output and the measured amplifier output as a 

classical control system. However, its linearity and bandwidth are critically dependent 

on the loop delay. Therefore, it is not effective to perform additional analog or digital 

filtering at any point in the loop. In addition, stability depends on precise adjustment of 

the phase shifter, which depends on the current radio channel in use.

A predistortion technique compensating for the nonlinearity of the HPA can be a more 

robust alternative to cartesian feedback because feedback is used only for the adaption 

of the predistorter nonlinearity. In [61], all other types of linearisation techniques are 

summarised and compared. The author then concludes that predistorter techniques can be 

the most effective way in relation to power efficiency, distortion bandwidth, adaptability, 

and data rate.

The predistortion method is most widely used for linearisation, of which two prominent 

types exist. The first is data predistortion, which cancels the distortion introduced by 

the combination of the HPA nonlinearity and the memory of the linear filters in the 

channel. Therefore, data predistortion can be regarded as a compensation a of nonlinear 

system with memory. The second technique, analog predistortion, is used to cancel out 

the memoryless amplifier nonlinearities by inserting the predistorter between the pulse 

shaping filter and the HPA. The type of predistorters proposed in this thesis is of the data 

predistorter type.

Generally speaking, it is highly desirable that the predistorter is adaptive in order to track 

and compensate the varying HPA characteristics such as temperature drift and aging. 

Recently, an adaptive solution for predistorters to reduce nonlinear effects in OFDM 

systems was proposed in [4], However, in multicarrier modulation schemes, a large 

amount of digital signal processor (DSP) memory is required, whose contents are updated 

with low convergence speeds. A novel memory mapping predistortion technique with
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less memory usage and faster updating convergence speed, compared with other adaptive 

solutions, is proposed in this chapter. Moreover, a memory mapping data predistorter for 

the compensation of a nonlinearity with memory is introduced to reduce the complexity 

of the FPI predistorter. The proposed memory mapping predistorters are also particulary 

well suited for baseband implementation on DSPs.

This section describes two types of memoryless HPA models. Generally, the complex 

envelope input signal into the HPA can be defined as

The corresponding complex envelope output signal from the HPA can be expressed by

where A [7(f)] represents amplitude modulation to amplitude modulation conversion 

conversion (AM/AM) and <f> [7(f)] denotes amplitude modulation to phase modulation 

conversion conversion (AM/PM) of the nonlinear amplifier, respectively, which means the 

nonlinear effects of the HPA only depends on the amplitude of the input. The following 

equations describe the AM/AM and AM/PM characteristics of two typical nonlinear 

HPA models, a travelling wave tube amplifier (TWTA) and a solid-state power amplifier 

(SSPA). The TWTA is described by the well known memoryless Saleh model [5]:

2.2 Model of a High Power Amplifier

x(t) = 7(f) exp (ju>(t)) (2.2)

x(t) = A [7(f)] exp (j {u{t) + <J> [7(/)]}) (2.3)



CHAPTER 2. PREDISTORTION TECHNIQUES 20

The SSPA is characterised by [6] [7]

A [7(*)1 =
7(0

1 + (7(0Mmax) 2 P1 1/2 V $ [7(t)] = 0 (2.5)

where the parameter p controls the transition from the linear to the compression region, 

and Amax is the maximum output amplitude. In this thesis, the TWTA type HPA will be 

assumed as a nonlinear model, since it distorts the output amplitude as well as the output 

phase. Figure 2.2 illustrates the normalised AM/AM and AM/PM characteristics of the 

TWTA model defined in Eq. 2.4.

0 0 1 0 2 0.3 0 4 0 5 0 6 0.7 0.8 0.9 1
Nomalized Input Amplitude r

.....\..... !..... i....

... ....I...

0 0.1 0.2 0.3 0.4 0.5 0 6 0.7 0 8 0.9 1
Nomalized Input Amplitude r

a. Normalized AM/AM TWTA characteristic b. Normalized AM/PM TWTA characteristic

Nonlinear characteristics of an HPA can be represented by AM/AM and AM/PM 

conversion. The AM/AM conversion describes the nonlinear relationship between the 

output and input amplitude (or power). The AM/PM conversion portrays the output phase 

shift dependent on the input amplitude (or power). In both cases, the signal amplification 

is normalised to one. The operating point of the HPA is usually chosen in terms of the 

input backoff (IBO) and the output backoff (OBO), which are defined by the following 

equations:

IBO — 101og10(Asat;i/PjN) dB 

= 101og10(Asat,o/PouT) dBOBO (2.6)
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where Asat)j, Asat)o, Pin and Pout represent the maximum input saturation power, the 

maximum output saturation power, the average HPA input signal power and the average 

output signal power, respectively.

An important performance measure for communication systems utilising HPAs is total 

degradation (TD). It reflects the trade-off between maximising the output power and 

minimizing the loss of signal-to-noise ratio (SNR) for a given bit error rate (BER). The 

total degradation in decibels is defined as

where Eb/Na(awgn) is the required SNR in dB at the input of the threshold in order to 

obtain a fixed Bit Error Rate BER for a given OBO value. Eb/N0(Hpa) is the required 

SNR to obtain the same BER without the nonlinearity. The optimum operating point of 

the system corresponds to the minimum of TD.

The following chapter only considers the TWTA model [5] defined in Eq. 2.4 for 

the performance analysis of the proposed predistorters, because it deals with worse 

nonlinearity of AM/AM and AM/PM nonlinearities in comparison to the SSPA model.

2.3 The Basic principle of the Predistortion

The basic concept of predistortion techniques is the compensation of nonlinear HPA 

distortion by applying its inverse function to the HPA input signal, illustrated in Figure

The most important challenge in designing a predistorter is to develop an accurate model 

of the inverse function, directly corresponding to the nonlinear amplifier. The simplest 

method is to measure the characteristics of the HPA directly. Another common approach 

using good approximation is to iteratively adjust the predistortion function until the

(2.7)

2.1.
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Transmitted .Signal Predistorted Signal
High Power 
Amplifier

Figure 2.1: The basic concept of the predistortion

desired linearity is achieved. The relationship between this linear output and the HPA 

output can be expressed as

A(P(x)) = g ■ x (2.8)

where A(-) represents the nonlinear function of the HPA, P(-) the inverse function of 

the predistorter, and g the desired linear gain. But the iterative method solving the 

nonlinear function comes at a cost: computational complexity. In order to cope with 

this problem, a commonly used method is to employ a look-up table (LUT) which 

contains precalculated predistorted signals. In this case, linearisation can be simplified 

to extracting the predistorted signals corresponding to the input amplitude from the LUT. 

When using a LUT, there are two issues that should be considered: firstly, how to 

effectively arrange the predistorted values within the LUT considering the distribution 

of the transmitted signal. For example, linear spacing [15] is known as the best way for 

AWGN distributed signals. An efficient addressing method should be used for extracting 

the predistorted values from the LUT. This chapter introduces a good example for a so- 

called memory mapping predistorter.

Secondly, the predistorter model has to consider variations of the HPA nonlinearity over 

time, such as temperature, aging and frequency. Changes caused by temperature drift 

and aging are very slow, so the predistorter is able to follow them without any spectrum 

degradation. However, a rapid adaptation technique is required to compensate for fast 

nonlinearity variations caused by a modified transmission channel. A variety of adaption 

techniques have been proposed in the literature to tackle this problems. This thesis
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investigates an improved approach to update the LUT in the memory mapping predistorter 

by fixed point iteration (FPI) [66].

2.4 Review of the Fixed Point Iteration Predistorter

A large variety of predistortion techniques has been proposed in the research field of 

linearisation. In the predistorters class, an FPI-based predistorter [8] [10] [14] [66] 

approach shows significant performance improvements compared with other predistorters 

in terms of the BER. However, hardware implementation proves problematic due to its 

high computational complexity. Before explaining the proposed enhancement, the basic 

concept of an FPI predistorter used in multicarrier modulation systems with a shaping 

filter is revisited.

The complex envelope signal modulated by IFFT at the transmitter, x[n], as defined in 

Eq. 1.2, is passed through an L-tap linear pulse shaping filter with the coefficients ht (l = 

0, • • •, L — 1). The resulting output signal y[n\ is

x[n]
► Predistorter —

Figure 2.2: Predistorter applied to a HPA and a shaping filter

(2.9)

When y[n] is nonlinearly amplified by the HPA, the output y[n\ is given by

y[n] = P(y[n]) = A(r[n\) exp (j[0[n\ + $(r[n])]) 

= 0HPA(x[n}, ■ ■ ■, x[n — L + 1]) (2.10)

where A( ) and $(•) represent the AM/AM and AM/PM nonlinear characteristics of the
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HPA. P(-) is the overall nonlinear characteristic of the HPA defined by A(-), 4>( ) and 

Ohpa(-)- The latter component stands for the nonlinear transformation with memory, 

induced by the combination of the linear filter and the HPA. The generation of the 

predistorted signal corresponding to x[n] can be regarded as searching for a signal x{n] 

satisfying the following equation

where x[n], ■ ■ ■. x[n — L + 1] represents the previously predistorted signals and g > 0 

is the desired linear gain of the HPA at the operating point determined by the chosen 

OBO. The search for x in Eq 2.11 is equivalent to finding a fixed point which satisfies the 

condition x = p(x), where x is called a fixed point of p( - ). For the convergence of a fixed 

point iteration, the following contraction theorem [11] must be satisfied:

As assumed that x = r is a solution of x = p(x) and suppose that function p(-) has an 

continuous derivative in some interval U which contains r, if\p'(x) < k, < 1 in U, the 

iteration process xSn+^ = p(x('n's) converges for any x^ in U, where xSn1 is the result for 

the n-th iteration.

To prove convergence, the mean value theorem of differential calculus can be used: Let 

there be a t between x and r such that p(x) — p(r) = p'{t)(x — r). Because p(r) = r 

and x^ = p(x{'°f,x<'2^ = p(x^)} • • •,, and using the theorem condition on \p'{x)\, can 

be extended to

(2.11)

\x(n r) | _ |p(x^n ^) — p(r)

= Ip'WIIz'"-1’ - >■

< K\xi'n~1'> — r\

= k\p{x^n 2')) — p(r)\ 

= k\p'(QWx^2^ — r\ 

= K2\x^-r\
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••• =Kn\xm-r\ (2.12)

Since k < 1, we have Kn —> 0; therefore \xJn^ — r\ —> 0 as n —> oo. A transformation p 

satisfying this condition is called a contraction.

The contraction mapping [14] described above allows to find a unique fixed point x for 

p(-) iteratively by the following equation

x = lim x^ = lim p^k\x^) (2.13)
k—>oo k—>6o

where x(fc+1) = p{x^) (k = 0,1,...), and x^ is an arbitrary element in U.

In order to find the predistorted signal x[n\ in Eq. 2.11 based on the FPI algorithm, the 

following transformation is considered [8].

p{e) = £ + £{<?:r[n] - 0HPA(£,x[n - 1],... ,x[n - L + 1])} (2.14)

where £ > 0 is a constant. If e is a fixed point of p(-), that is, p(e) = e, then the fixed 

point e satisfies gx[n] = Ohpa(^j x[n — 1],..., x[n — L + 1]) , which implies that the 

fixed point e is the sought-after predistorted signal corresponding to x[n].

The predistorter based on the FPI [8] for a nonlinearity with memory is depicted in Figure 

2.3. The transformation p(-), which is utilized iteratively, is defined as

x^k+l\n] = p(x^[n}) (2.15)

= x{k)[n] + £,{gx(0)[n] - 0HpA{x{k)[n],x[n - 1 x[n- L + 1])}

with k = 0,1 , where k is a predefined maximum number of iterations. In Eq. 

(2.15), x[n — /] with l = 1,.... L — 1 is the output of the predistorter at t = (n — l)TSy m 

for the signal x[n — l\, that is, x[n — 1} = x^[n — l], For a memoryless nonlinear system 

without a linear filter, Eq.2.15 can be simplified by replacing 0( ) with the memoryless 

nonlinear transformation p(-) of the HPA [9]. In this case, the iterative transformation
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xJn-L+1]

Ohpa(xIh-21) OhpaC^I11!]) 0hta(s1»])

Filter FilterFilter

Figure 2.3: The predistorter based on the FPI

p(-) does not depend on any previous signals x[n — l]. As described above, the FPI 

predistortion technique is required to use the nonlinear transformation iteratively to find a 

predistorted signal. This is a main disadvantage of predistorters based on the FPI method.

The computational complexity of FPI-based predistorter can be drastically reduced by 

using memory mapping, which is further elaborated in the following section. Since it 

does not sacrifice performance, hardware implementation becomes highly convincing.

2.5 Improvement of the Memory Mapping Predistorter

Various computer simulations in [8] [9] [10] have shown that the BER performance 

of OFDM systems can be enhanced by using FPI-based predistorters. Due to the 

implementation problems explained above, an improved mapping predistorter [66] for 

HPA linearisation is proposed in this section, which uses a saved precalculated signal 

from RAM. It is well suited for baseband implementation with DSP techniques, since
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it exploits a lookup table containing FPI-predistorted signals dependent on the input 

amplitude as well as efficient memory mapping.

The main challenge of memory mapping here is to devise a technique for translating L 

inputs of the linear filter into a single predistorter output. Due to the linear filter ahead 

of the HPA, an impractically large memory size would be required for memory mapping. 

To avoid this problem, the following input-to-output mapping is considered to create the 

LUT:

x[n\ =>■ x[n\

y(x[n\) exp (jd{x[n])) (2.16)

where x[ri] is the modulated OFDM signal and x[n] is the output signal generated from 

the FPI predistorter without the linear filter. The transform defined in Eq. 2.15 for a 

nonlinearity with memory can not be directly adapted to the memory mapping predistorter 

due to an immense increase of the LUT size in order to store all states of the filter memory. 

Hence, the transformation of the FPI predistorter for a memoryless nonlinearity is used 

by substituting the nonlinearity function O(-) in Eq. 2.15 by P(-).

5^fc+1)[n] = p(x^[n])

= x{k)[n]+£{gx(0)[n}-0{x{k)[n})} (2.17)

where k denotes the number of iterations and O(-) represents the nonlinearity function of 

the HPA without memory. Based on the Eq. 2.17, the LUT is generated by the following 

procedure:

1. Generate Mlut OFDM signals, x[n] = y(x[n}) exp (jO(x[n])), in an efficient 

way using the characteristics of OFDM signal distribution instead of generating them 

randomly. As shown in Figure 2.5-a, the in-phase and quadrature components of the 

OFDM signal are approximately distributed as complex Gaussian with zero mean [15], 

applying the central limit theorem under assumption that the signals are uncorrelated.
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Amplitude of OFDM signals

a. I/Q statistics
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It is convincingly shown in [15] that linear LUT spacing works best for OFDM signals. 

Consequently, linear spacing of the signal envelope has been chosen for the predistorter 

proposed here, which gives it an advantage over the one published in [14].

Figure 2.5-b shows the histogram of the normalised amplitude of the OFDM signal based 

on 1000 OFDM symbols consisting of 256 16-QAM modulated subcarriers. It can be 

easily seen that the amplitude is approximately Rayleigh distributed. This observation 

leads to an effective way to minimise the LUT size or to accelerate the conversion rate of 

an adaptive predistorter, which will be discussed in the next section.

2. Create Mlut predistorted signals x[n] = 7(x[n]) exp (j [0(x[n])]) corresponding to 

x[n] by using the transformation defined by Eq. 2.17 where 7(x[n]) is the amplitude and 

9(x[n}) is the phase value of the predistorted signal for the signal x[n].

3. Store the M pairs of the precalculated values {7(7 [n]). 9(x[n])} in ascending order. 

The RAM address is derived from the amplitude of the input 7(x[nj), and the address 

corresponding to a normalised input signal 7(x[n]Norm is calculated as

Aram

' an, ,Mlut|7(x[ ^Norm) ^n| 7* A/luT |t(^' [^Norm) (^n T 1)|
< a„ + 1, , Mlut17(x[n]Norm) — an\ < Mlvt|7(£[n] Norm) (®n T 1)|

, 0, , 7(x[n]Norm) < 1/Mrut
(2.18)

where Aram represents a RAM address point, and 7(x[n]Norm) is the normalised
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amplitude of the input signal. This addressing technique is another improvement of 

the proposed predistorter compared to [14]. As a result of this efficient addressing, the 

LUT size is significantly reduced by only storing {7(x[n]Norm), 0(x[n]Norm)} instead of 

{7(x[n] Norm )> 7(•^[^’]Norm); ^(•^[^■]Norin))}-

The linear shaping filter, which needs to be processed separately, can be incorporated into 

the procedure as follows:

1. Calculate amplitude 7(x[n]Norm) and phase 0(x[n]Norm) of the input signal x[n}.

2. Search for the predistorted value at address a in the previously created LUT. an is 

calculated by

an = 7(x[n]Norm) ' -^LUT (2.19)

where 7(x[n]N0rm) represents the normalised amplitude of an input signal and Mlut 

denotes the size of the LUT.

3. Generate the temporary in-phase and quadrature values x1 [n] and x® [n] which are 

expressed as

x [n,] ^4ram[n^Noni))] cos($(x[ ^Norm ) — ^4ram[#(£K] Norm)]}

xQ[n) = ARAM[7(2;NNorm)]sin{6»(x[n]Norm) - ARAM^(^NNorm)]} (2.20)

where ARAM[7(£MNorm)] and ARAM[#(£[n]Norm)] denote the LUT amplitude and phase 

which correspond to the input amplitude 7(x[n]Norm).

4. Calculate the predistorted signal xn by the following equation.

zJ[n] = {^x1 [n] - ^

xP[n\ = — (xc^\ri\ — ^ hix®[n —
ho \ 1=1 /

(2.21)

where x[n — l] denotes the preceding transmit signal and hi(l = 0,1, • • •, L— 1) represents
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the Z-th coefficient of the L-tap linear shaping filter.

x[n]
y(xln]> Aram1t(*)1

Aram1®(*)1 7^"7 71

X[llj y[n]
1«(I) ----- ► H(z) HPA

0„pA(x[n])

Linear filter Nonlinear amplificaiton

Memory mapping

Figure 2.4: Block diagram of the proposed memory mapping predistorter

Figure 2.4 shows the structure of the proposed memory mapping predistorter in a 

baseband OFDM system with a linear shaping filter. The input signals in I/Q form, 

x[n], are first converted to polar coordinates {y{x{n]) exp(#(.x[n]))}. According to the 

amplitude of the input signal, x[n], the RAM data address is calculated to read the 

predistorted signal information 7(x[n\) and 0(x[n]) from the LUT, which are then added 

to the input values. The resulting signal x[n] is converted to x[n] to remove the linear 

filter effects. Finally, x[n] is fed into the linear shaping filter followed by the HPA. The 

output is now compensated with small error.

2.6 Adaptive Memory Mapping Predistorter

The effect of an HPA nonlinearity can be significantly reduced by the memory mapping 

predistorter presented above, but only if the HPA characteristics do not differ from the 

previously modeled values. Unfortunately, effects such as aging, temperature drift and 

frequency deviation change these parameters over time. Hence, predistortion should be 

adaptive in a rapid and precise way, since they significantly affect system performance.

In this section, the memory mapping predistorter is expanded to an adaptive system. The 

LUT is updated by the real-time FPI method, where the parameters are caluculated using 

feedback from the actual signals transmitted by the HPA.
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Nonlinear amplificaiton

0(x[n])

Figure 2.5: The adaptive memory mapping predistorter

Figure 2.5 shows the block diagram of the proposed adaptive predistorter. The modulated 

input signals x[ri\ in I/Q form are converted to polar coordinates, {'~f(x[n}) exp(9(x[n]))}. 

All signals are considered as being complex baseband.

The adaptation of the predistorter is based on the comparison of paired signals of 

feedforward and feedback amplifier outputs. Subsequently, only the LUT entry associated 

with the input magnitude 7(x[n\) is adjusted in response to a given signal pair. In other 

words, only when the input signal passes through the corresponding amplitude level, that 

LUT content is updated using the FPL The amplitude and phase transformation based on 

Eq. 2.17 are used to update the LUT content addressed by the amplitude level of the input 

signal. Substituting x{k}[n] in Eq. 2.17 by the stored value M(rn) from the LUT, the 

following equation to update the LUT can be obtained.

-4ram[7(^W)](/c+1) = -4ram[7(^N)](/c) + £ (rK^M)(0) “ 0(x{fc)[n])) (2.22)

where .4rA m (j(x [n))) -fc+1 ^ represents the updated amplitude of the preceding signal x [n]. 

After updating the amplitude entry of the LUT, it is used to calculate a new predistorted 

phase value satisfying the following equation:

4lRAM[0(*N)]{fc+1) = AKAM[0(x[n})}{k) + f (g7(z[n])(0) - 0(£(fc)[n])) (2.23)

where ARAM[#(x[n])p+I) represents the phase output of the predistorter according to 

the input 7(x[n\) and 9(x[n}) denotes the input phase to the predistorter. The separate
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calculation of phase and amplitude opens up an opportunity for a trade-off between the 

LUT size and the complexity of the predistorter, which will be discussed in the next 

section.

The adaptation of the memory mapping predistortion based on FPI is carried out using 

the following equation:

where x[n] represents the adjusted predistorted signal which contains phase and amplitude 

information to be stored in the LUT. From this transformation, the predistorter is able to 

follow varying phase and amplitude characteristics of the HPA at the same time whereas 

the predistorter using Eq. 2.22 and Eq. 2.23 as adaptation transformations can only track 

the changing amplitude characteristics of the HPA and apply a fixed predistorted phase 

output. But even this supposed disadvantage has its merits, since it is highly suitable for a 

solid state power amplifier. Despite less adaptation capability than the former method, it 

reduces the require LUT size and is less complex than the FPI predistorter, which makes it 

a considerable alternative. However, both predistorters are less complex than other types 

of predistorters mitigating the effects of a nonlinearity with memory.

The FPI convergence condition of Eq. 2.22 is satisfied only when the difference between 

the desired HPA output and the actual HPA output in response to the predistorted input 

x[n] is small enough. To improve the convergence of the proposed adaptive predistorter, 

Eq. 2 .22 can be further modified. For large variations of | (0(x[n]) — gx[n}) /0{x[n])\, 

Eq. 2.22 can be rewritten as [16]:

x[n](fc+1) = P(x[n]{k))

(2.24)

-4ram[7(^N)](,c+1) = -4ram[7(zM)](/c) + 1 - f

where £ <C 1 is a small positive step size parameter. It is demonstrated in [16] that
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although £ may affect the rate of convergence, it does not change the convergence 

condition. For the phase calculation, Eq. 2.23 does not have to be changed because 

the predistorted phase can be obtained using the result of Eq. 2.25.

Computer simulations of this system have confirmed that the simple modification of the 

FPI adaptation algorithm combined with the contraction mapping theorem is suitable for 

the adjustment of the LUT. In summary, it suppresses nonlinear distortion introduced 

by the HPA better and carries out faster adaptation. Moreover, the usage of the FPI 

transformation for a HPA nonlinearity without memory to compensate for one with 

memory reduces the complexity of the adaptation algorithm. In addition, the predistorted 

phase obtained from the result of the amplitude adaptation provides a potential to reduce 

the LUT size more instead of using conventional interpolation method, which degrades 

performance.

2.7 Trade-Off Between LUT size and Complexity

Since the predistorted phase signal can be directly calculated from the predistorted 

amplitude value as described above, complexity can be further reduced by decreasing 

the entries in the LUT, which is looked into in this section. Figure 2.6 shows the Block

Nonlinear amplificaiton
1 yin] I--------------1 0„pAf

Adpative
Algorithm

Figure 2.6: Amplitude memory mapping predistorter

diagram of the proposed amplitude memory mapping predistorter. This predistorter for 

nonlinearities with memory constructs the output signal by using precalculated amplitude
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values only. Not only does this method reduce computational complexity because no 

iterations are required (cf. FPI predistorter), but also does it use less LUT memory, which 

only stores the amplitude components of the predistorter output.

This technique is similar to the real-valued FPI predistorter published in [10]. Although 

the real-valued predistorter manages to reduce the vast computational complexity of 

the FPI predistorter through a number of additional signal interactions and achieves the 

desired performance, this approach makes implementation on a DSP rather impractical. It 

is shown in [10] that the predistorter, in fact, requires less computations than the original 

FPI design in [9], but the number of iterations required for the predistorted amplitude 

output still is very significant with respect to practical implementation.

Hence, the use of amplitude memory mapping, which requires one iteration only to 

calculate the predistorted phase component, is proposed in this section. Using Eq. 2.23 

to calculate the predistorted phase, the output of the predistorter is

x[n\ = 7(f [n]) exp(jf0(f[n]))

= -Aram[7(®M)] ' exP O’W^N) - ©hpa(7(zM))}) (2.26)

where Aram[7(^[^])] is the predistorted amplitude extracted from the LUT corresponding 

to the input amplitude 7(x[n]) and 0hpa(7(^[^])) indicates the predistorted phase 

calculated by applying current predistorted magnitude value to a given phase model. 

It is immediately apparent that Eq.2.26 does not contain any significant computational 

complexity, eliminating the number of iterations required in the original FPI predistorter 

completely, simply by using the LUT amplitude information. Only one additional 

computation is necessary to remove the influence of the linear filter, which is compensated 

for by using the simple conversion from Eq. 2.21. For a system requiring real

time processing, this proposed predistorter can be a promising candidate due to low 

computational complexity and less usage of memory.
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2.8 PAPR of MC-CDMA

This section investigates the peak-to-average power ratio (PAPR) of an MC-CDMA 

system. The definition of the PAPR is given by Eq.2.1. As previously mentioned, the 

PAPR of MC-CDMA and OFDM signals is very high due to high-order jnodulatiqgk 

schemes, such as M-QAM, and the IFFT modulation block. However, there is a difference 

between two systems regarding the PAPR: unlike OFDM, the number of users in MC- 

CDMA systems is a very sensitive factor for effect of nonlinear amplification.

Figure 2.7 shows relationships between PAPR and the number of users. The magnitude

MC-CDMA (128-Walsh)

b. PAPR

Figure 2.7: Peak-to-average power ratio of MC-CDMA signals (128 Walsh code)

of MC-CDMA with 3 and 40 users is compared in Figure 2.7-a. The signal with 3 users 

has only a few, but large peaks compared with the 40 user case, which immediately 

explains why MC-CDMA with a large number of users has a lower PAPR than with a 

small number of users. Computer simulation have confirmed that the performance of 

MC-CDMA systems decreases significantly with a smaller number of users, even in the 

presence of a predistorter. The Figure 2.7-b directly shows the relationship between the 

number of users and the PAPR. When studying the frequency response of Walsh codes, 

the reason for this effect is obvious: Because each Walsh code only has a single peak that 

does not overlap with other codes, a large number of Walsh codes added forms a more
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homogeneous response, which reduces the PAPR. Unfortunately, a large number of users 

creates other problems, such as inter-user-interference in the radio channel. Therefore, 

the number of users in MC-CDMA systems using Walsh codes and an HPA should be 

considered as an important performance issue.

In order to reduce the increased PAPR from Walsh codes, MC-CDMA systems utilizing a 

random code instead are proposed. The k-th MC-CDMA signal xu [n] of the u-user can 

be expressed as

where Wu [to] denotes the m-th Walsh code for the u-th user . The resulting outputs are 

then multiplied by a set of random codes Cpapr, so that the transmitted MC-CDMA 

signals can be written as

where Cpapr [n] represents the n-th random code. Unlike a Walsh code Wu[n] multiplied 

by only the u-th user signal, the set of random codes must be multiplied to all users 

simultaneously. At the receiver, the random codes removes by multiplication after FFT 

demodulation. This random code procedure transforms the impulsive IFFT output into a 

flat response, reducing the PAPR of MC-CDMA.

Figure 2.8 shows a computer simulation of the resulting the PAPR of MC-CDMA using 

a set of random codes. The PAPR is significantly reduced, flat and relatively independent 

of the number of users (note the difference in ordinate scaling compared to Figure 2.7-b). 

Hence, it has been confirmed that the performance of MC-CDMA systems with a small 

number of users with an HPA can be improved by the proposed predistorter.

(2.27)
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Samples

a. MC-CDMA signal

Figure 2.8: peak-to-average power ratio 
random code

2.9 Simulation Results

MC-CDMA (128-Walsh)

Number of users

b. PAPR

the MC-CDMA signals with Walsh and

This section investigates the performance of the proposed memory mapping OFDM 

and MC-CDMA predistorters with linear shaping filters. To obtain close-to-practice 

simulation results, the baseband OFDM modem was implemented on a Texas Instruments 

TMS320C6700 DSP. Simulation results for OFDM system are presented first before 

addressing MC-CDMA.

2.9.1 OFDM system

The performance of the proposed memory mapping predistorter for compensation 

of HPA nonlinearities preceded by a linear shaping filter is investigated using an 

OFDM system model with 16-QAM encoder/decoder and 256-point IFFT/FFT subcarrier 

modulation/demodulation. The simulated HPA model is given by 2.4. In addition, 

the linear filter was approximated by a 3-tap (L = 3) FIR filter with the following 

transformation given by [17].

H[z] = 0.769 + 0.1538Z”1 + 0.07692“2 (2.29)
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A distortionless AWGN channel was assumed as the transmission medium in order to 

clearly and separately observe the effect of nonlinear distortion and its compensation by 

the predistorters.

Figure 2.9 shows the constellation diagrams of the 16-QAM decoder output without and 

with predistorter (Eb/N0 = 15 dB and OBO = 6.0 as defined in 2.6).

a. Without predistorter b. With predistorter

Figure 2.9: 16-QAM Constellation (OBO=6.0, Eb/No=15, MLUT = 100)

Figure 2.9-a depicts that, without a lineariser, the received constellation is severely 

affected by amplitude distortion and phase warping caused by the nonlinearity of the HPA. 

Aa a result, a significant OFDM performance degradation has to be expected. When the 

proposed memory mapping predistorter is used, the original constellation is affected by 

AWGN only, and no additional amplitude or phase distortion can be observed in Figure 

2.9-b. This clearly shows that the proposed predistorter effectively compensates for any 

nonlinear distortion introduced by the HPA.

Figure 2.10 and 2.11 show a BER comparison of the proposed approach with an OFDM 

FPI predistorter where no linear filter is used, parameterised for OBO = 4.0, 5.0, 6.0 and 

8.0 dB. The FPI predistorter is simulated with the number of pre-calculated iterations, 

set to 5 and the mapping constant, £, fixed to a value of 0.85. Also, the number of 

predistorted amplitude and phase values in the LUT, MLut was only 100, which is a 

very small LUT size compared with other published mapping predistorters for achieving
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4 6 8 10 12 14 IB « 20B>m {46!

a. OBO 4.0 dB b. OBO 5.0dB

Figure 2.10: BER comparison of OFDM systems with FPI and memory mapping 
predistorter, no linear filter - (1)

OBO 6.0 dB b. OBO 8.0dB

Figure 2.11: BER comparison of OFDM systems with FPI and memory mapping 
predistorter, no linear filter - (2)
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a greatly improved BER performance as shown in the Figure 2.10 and 2.11.

The BER curves in each diagram represent four different cases: the first one uses 

a perfectly linear high power amplifier, the second curve shows the performance of 

the proposed predistorter (Mlut=100). For comparison, the next case is the BER 

performance of the FPI predistorter. The last curve shows the performance degradation 

caused by the nonlinear distortion in the OFDM system without any remedy. The curves 

of the FPI and the proposed predistorter are very close, confirming that the memory 

mapping technique is effectively reducing the complexity of the FPI predistorter.

The same cases are considered for the BER performance analysis of an OFDM system 

using a L = 3 tap linear shaping filter, whose coefficients are defined in 2.29, and a 

nonlinear HPA with memory. The results are illustrated in Figures 2.12 and 2.13.

Ideal AWGN; Channel 
Wats Memory Mapping Pradfstorier 

H0- W&b Fpi pfedisjprter 
HH Without Pftesfestortgf____________

10 12 14 IS 18 20
Eb/N® {dB}

a. OBO 4.0 dB

ippsiHpppipffsiifiiinniimui

ideal AWSN Channel 
Wsh Memory Mapping Prcdisi®rter 

0* With FPI Pfedteharter
Wdhpul Pregfestorter____________

b. OBO 5.0dB

Figure 2.12: BER comparison of OFDM systems with the FPI and the memory mapping 
predistorter and with a linear filter - (1)

Similar to the previous analysis without filter, the BER performance of both predistorters 

designed to compensate the nonlinearity with memory is nearly same. Again, this proves 

that the proposed approach for the memory mapping predistorter is very efficient and 

saves a large amount of memory in the LUT. Also, the general improvement compared to 

an uncompensated case is very significant.
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a. OBO 6.0 dB b. OBO 8.0dB

Figure 2.13: BER comparison of OFDM systems with the FPI and the memory mapping 
predistorter and with a linear filter -(2)

The effectiveness of the predistortion techniques was measured using the mean square 

error (MSE) technique, indicating the difference between the ideally amplified input 

signal to the predistorter, gx{tn) [n], and the output signal of the HPA, xl'out) [n].

MSE = —---- f] (gx{in)[n}-x{out)[n])2 (2.30)
Nfft „=0 v '

where a represents the desired amplification.

a. Complex memory mapping PD b. Amplitude memory mapping

Figure 2.14: Mean square error of the proposed memory mapping predistorter

Figure 2.14 depicts the MSE curves of the memory mapping predistorter based on
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FPI with a varying OBO. Figure 2.14-a shows the MSE of the proposed FPI-based 

predistorter according to the number of iterations performed. The LUT entries are 

generated by the transformation defined in Eq.2.17 and uses the input amplitude values to 

find the predistorted signals. For comparison, the MSE curves of the amplitude memory 

mapping predistorter are displayed in Figure 2.14-b. Obviously, the amplitude memory 

mapping predistorter has a faster convergence rate, and as a consequence, less iterations 

are required to achieve the desired performance. On the other hand, computational 

complexity of the amplitude memory mapping predistorter is slightly larger than that of 

the other one.

BER Performance of the OFDM with PD BER Performance of the OFDM with PD

Without PD 
■ Memory = 10 

Memory-20 
Memory = 50 

Y Memory =100

Eb/No (dB)

Without PD 
■ Memory=10 

Memory = 20 
—*— Memory = 50 
y Memory=100

Eb/No (dB)

a. memoryless nonlinearity b. nonlinearity with memory

Figure 2.15: BER performance of an OFDM system using the proposed memory mapping 
predistorter and the LUT size as a parameter

Figure 2.15 shows the effect of the LUT size on the BER performance with the proposed 

predistorters in the two cases of nonlinear distortion with and without memory. The 

typical performance measure for quantifying the influence of nonlinear distortion in an 

HPA is total degradation (TD), defined by Eq. 2.7, which also provides the optimum HPA 

backoff.

In Figure 2.16-a, the TD at a BER of 10-4 for an OFDM system without predistorter is 

compared to a system with the proposed predistorter. The graph clearly shows that the 

OBO can be significantly reduced to about 6.5 dB when using the proposed predistorter.
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b. Mean square error

Figure 2.16: Total degradation and mean square error in an OFDM system using the 
proposed predistorter

Figure 2.16-b shows the MSE of the predistorter at OBO levels 5,6 and 8 dB in terms of 

the number of iterations. In all cases, the maximum performance can be achieved with 

fast a convergence rate of only 4 updates.

Figure 2.17 shows the power spectral densities (PSDs) of the HPA output signals for three 

32-subcarrier OFDM systems for two OBO values. The first curve uses no predistorter, 

while HPA output signals are linearised by the proposed predistorter for the second 

curve. The third curve provides a comparison PSD for an ideally linearised HPA. In 

the simulation, a LUT size Mlut - 100 has been used for the proposed predistorter, and 

the PSDs have been averaged over 100 symbol transmissions.

From the figures, it can be convincingly concluded that the proposed predistorter 

introduces a visible improvement in the linearisation of the HPA at OBO levels of 4.0 

and 6.0 dB. Moreover, undesired out-of-band radiation is reduced, and the OFDM system 

can operate with a reduced OBO level.
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Power Spectral Densityof OFDM with a HPA (OBO = 6.0)

•;....\

Frequency/bandwidth

Power Spectral Densityof OFDM with a HPA (OBO=6.0)

-10 -...... i-

Frequency/bandwidth

a. OBO=4.0dB b. OBO=6.0dB

Figure 2.17: Power spectral densities of OFDM HPA output signals using the memory 
mapping predistorter with a LUT size of MLUT=100

2.9.2 MC-CDMA system

MC-CDMA systems based on a combination of OFDM and CDMA have become a 

more important issue for future mobile multimedia services [18] [19], Even though 

MC-CDMA has promising characteristics such as high spectral efficiency and robustness 

against frequency selective fading, the PAPR of MC-CDMA signals is large enough to 

bring a significant performance degradation caused by a nonlinear HPA. For this reason, 

an MC-CDMA system is required to linearise the output signals of the HPA. Therefore, 

MC-CDMA could be a very good test bed to investigate the proposed memory mapping 

predistorters.

Figure 2.18 shows the block diagram of a baseband MC-CDMA system using a 

predistorter and an HPA whose models operate on the complex envelope of the signal.

The A>th transmitted MC-CDMA signal with U active users can be expressed as:

s[n]
U-1

Z
u=0
U— 1 1 A^fft — 1

Z rfj--- Z Wu[m]Xu[k]exp
u=0 V^VFFT m=0

run
tVfft

(2.31)
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Figure 2.18: Baseband MC-CDMA system using a predistorter and an HPA

Then, nonlinearly amplified MC-CDMA signal can be written as

y[n] = A(s[n])exp(j{0(s[n]) - $(s[n])})
U-1 / f U — l U-1 \

= A(Y^ a:u[n])exp Ij xu[n]) - 0hpa(X! ^W) f ) (2-32)
u—0 V l u=0 ti=0 ) /

In the simulation, an MC-CDMA system using a 64 x 64 orthogonal Walsh code and a 

64-subcarrier IFFT modulation and FFT demodulation block in an AWGN channel was 

assumed. The number of iterations of the FPI predistorter was fixed to 10, and the LUT 

size for the proposed memory mapping predistorter, MLut , was set to 100. The linear 

shaping filter with the transformation defined by Eq. 2.29 was used.

Figures 2.19 and 2.20 show the BER performance of a QPSKVMC-CDMA systems with 

40 multiple access users. For each OBO level, there are BER curves for four given 

scenarios: The first curve represents ideal linear amplification, and the second one relates 

the FPI-based amplitude memory mapping predistorter. The performance of the proposed
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memory mapping predistorter (Mlut = 100) is plotted in the third curve, while the 

last curve shows the significant performance degradation caused by the uncompensated 

nonlinear HPA.
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Figure 2.19: BER Performance of a QPSK/MC-CDMA system operating at OBO levels 
of 0 and 1 dB
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Figure 2.20: BER Performance of a QPSK/MC-CDMA system operating at OBO levels 
of 2 and 3 dB

Figures 2.19 and 2.20 noticeably show that the amplitude memory mapping predistorter is 

more effective in compensating nonlinear distortion than the complex memory mapping 

predistorter. The main reason for this lies in the different way the predistorted phase 

output is calculated. In the complex memory mapping approach, the phase output is
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calculated through the FPI transformation defined in Eq. 2.17, whereas the amplitude 

predistorter obtains the phase output directly from Eq 2.23 derived from the measured 

AM/PM characteristic of the HPA.

In contrast, the complex memory mapping predistorter has to find the predistorted 

amplitude and phase simultaneously through FPI. Results have proven that the first 

approach is better than the latter. On the negative side, the amplitude memory mapping 

predistorter cannot be used as an adaptive predistortion technique because of the 

interdependent phase calculation. Eq. 2.23 uses the predistorted amplitude, thus the input 

phase is based on the pre-measured AM/PM characteristic of the HPA. Therefore, it lacks 

the ability to follow varying AM/PM characteristics.
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Figure 2.21: BER Performance of QPSK/MC-CDMA systems using a linear filter and a 
HPA

The BER performance of an MC-CDMA systems using a linear shaping filter prior to the 

HPA is depicted in Figure 2.21. The results of the comparison between both predistorters 

is similar to memoryless nonlinearity case, as it could be anticipated. Therefore, it further 

strenghthens the claim that the amplitude memory mapping predistorter is much more 

effective in eliminating the nonlinear distortion with memory than the complex memory 

mapping predistorter if no adaptation is required.

Figure 2.22, illustrates the TD of QPSK/MC-CDMA systems and 16-QAM/MC-CDMA
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systems for the purpose of investigating the optimum OBO level. The memory mapping 

and the complex valued predistorter are employed in each case.

Comparision of total degradation for BER=10' Comparision of total degradation for BER=10''

0 Complex valued PD 
_4_ Real valued PD

Output Back Off(dB)

-0- Complex valued PD 
Real valued PD

.....

Output Back Off(dB)

a. TD in QPSK/MC-CDMA (BER=1(T4) b. TD in 16QAM/MC-CDMA (BER=1(T3) 

Figure 2.22: Total degradation of MC-CDMA systems using the proposed predistorters

The TD vs OBO for QPSK/MC-CDMA 16-QAM/MC-CDMA were simulated with 40 

multiple access users. It is easily seen that the amplitude memory mapping predistorter 

can be operated at a lower OBO level than the complex memory mapping approach.

The BER performance of an 16-QAM/MC-CDMA system using the proposed predistorter 

for an OBO of 2,3,4 and 5 dB is depicted in Figures 2.23 and 2.24. The simulation uses 

the following parameters: LUT size Mlut~100, 40 multiple access users, 64 orthogonal 

Walsh codes.

For 16-QAM, too, the proposed amplitude memory mapping predistorter shows a 

significant improvement of the BER performance by mitigating nonlinear distortion 

with memory. Moreover, the proposed approach outperforms the complex memory 

mapping approach, particularly for for low OBO levels. However, the amplitude mapping 

predistorter cannot be used for varying HPA characteristics of a HPA because its phase 

output is determined by the statically precalculated AM/PM nonlinearity.

A BER performance comparison between the MC-CDMA systems with and without 

randomising codes reducing PAPR are displayed in Figure 2.25 for an OBO level of 5
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MC-CDMA(16QAM). OBO=3.0, User=40

-±- With PD 
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Figure 2.23: BER performance of a 16-QAM/MC-CDMA system, OBO = 2 and 3 dB
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Figure 2.24: BER Performance of a 16-QAM/MC-CDMA system, OBO = 4 and 5 dB
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128-MC CDMA system with a HPA, 60 users, OBO = 5.0 dB

EbNo

Figure 2.25: BER comparison between MC-CDMA systems with and without PAPR 
minimizing codes (OBO = 5 dB)

dB. The number of users was 60, and a set of pseudo random codes was employed for this 

simulation. The graph proves that MC-CDMA systems using orthogonal Walsh codes in 

the presence of a nonlinear HPA suffer from degradation due to the high PAPR, which 

can almost be eradicated through the proposed random code approach.

2.9.3 Summary of the simulations

In conclusion, several simulations have demonstrated that the improved memory mapping 

predistorter can reduce computational complexity of the iterative FPI predistorter and 

yield a very similar performance at the same time. This makes it highly suitable for 

DSP implementation, even adding die advantage of using less memory through a smaller 

number of elements in the LUT, which are also more efficiently addressed.

The problem of time-varying HPA characteristics is solved by an adaptive memory 

mapping predistorter, which has a fast convergence rate combined with a relatively small 

number of LUT elements with linear spacing. When a compromise between LUT size and
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complexity needs to be made, the amplitude mapping predistorter should be considered, 

because its LUT only contains predistorted amplitude components, from which the 

corresponding phase components are calculated in a simple manner. Compared with each 

other, these two predistorters do not reveal any significant performance difference in terms 

of BER.

Finally, a promising approach resulted in the reduction of PAPR for MC-CDMA systems 

with Walsh Hadamard codes and a small number of users. Simulations confirmed the 

effectiveness of this technique.
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Chapter 3

Coded Multicarrier Modulation

Schemes

Coded orthogonal frequency division multiplexing (COFDM) is the international standard 

modulation scheme for all forms of digital broadcasting, including satellite, terrestrial 

and cable, due to its robustness to mitigate fading. The current standard of coded 

OFDM systems consists of an inner convolutional code concatenated with an outer Reed- 

Solomon code. Recently, turbo coding has emerged as near optimal decoding scheme 

to achieve a performance close to the Shannon limit in an additive white Gaussian noise 

(AWGN) channel [20] [28],

As a promising replacement of the convolutional code, turbo codes applied to multicarrier 

transmission systems with multilevel modulation schemes in the presence of a nonlinear 

HPA is the main subject of this chapter. Since high transmission speeds and high 

spectral efficiency are required for future multimedia broadcasting, coded OFDM systems 

using turbo trellis coded modulation (TTCM) [28] [31] [32] [34] [39] [40], based on 

a combination of turbo code with trellis coded modulation (TCM), is investigated. 

Subsequently, the performance of the TTCM-OFDM systems with M-QAM in a 

nonlinear multipath fading channel combined with nonlinear HPA distortion is evaluated.

Besides, coded multicarrier code division multiple access (Coded MC-CDMA) systems
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using the OFDM modulation and demodulation block are investigated in terms of spectral 

efficiency, frequency diversity and robustness to frequency selective fading. Moreover, 

iterative multiuser detection using spectral random codes is applied to the TTCM/MC- 

CDMA systems. Parameters used here include a high-order modulation scheme (16- 

QAM), the presence of a nonlinear HPA and a Rayleigh multipath fading channel model, 

for which the performance is evaluated when the predistorter from the previous chapter 

is used. In addition, conventional channel coding schemes for multicarrier modulation 

systems are compared with TTCM, and the performance of three different TTCM 

approaches such as modified Bahl, Cocke, Jelinek and Rajiv (BJCR) [33], SOVA [35] 

[36] [37] and pragmatic algorithms [34] are measured up to each other in this chapter. 

Multicode CDMA schemes with a higher processing gain than that of direct sequence 

(DS) CDMA systems have been incorporated into the IMT 2000 standard for future 

mobile communication systems. The performance of these multicode CDMA systems 

using TTCM outer coding and M'sym-QAM over a multipath fading channel are also 

investigated.

To start with, the basic principle of conventional channel coding schemes, such as Reed- 

Solomon and convolutional coding, for non-binary transmission are revisited.

3.1 The Basic Principles of Conventional FEC Codes

This section deals with the comparison of conventional channel codes such as Reed- 

Solomon [22] [24] [25] and convolutional coding [30] with TTCM. The understanding 

of these forward error correction (FEC) codes is essential for the use of coded OFDM and 

MC-CDMA systems.
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3.1.1 Reed-Solomon Codes

The Reed-Solomon (RS) code [22] [23] [24] [25] is a specially designed subclass of the 

non-binary Bose-Chaudhuri-Hoequenghem (BCH) codes. It achieves the largest possible 

code minimum distance for any linear code with the same encoder input length. In 

general, there are two main algorithms, the algebraic decoding method and the transform 

method, which have been employed for RS decoding. The transform approach is a 

faster RS decoding algorithm than the algebraic method [22] when a larger symbol error 

correction capability £Er is chosen.

RS codes though require a smaller number fER of the symbol error correcting, the 

algebraic approach is comparable to the transform approach because of its complex 

transform operation [21] [22] [23], The step-by-step algebraic decoding method for BCH 

code was first introduced in [24] and has recently been improved by new fast decoding 

methods [25], which are suitable for DSP implementation. This method can also be 

applied to RS coding.

Firstly, the basic principle of the RS codes based on the step-by-step decoding algorithm 

employed for coded OFDM systems is described. The tEr symbol error-correcting RS 

code of n-length is generated by a polynomial c/qf(D) over the Galois field GF(2m). If 

the degree of the generator polynomial gcwiD) equals ton — k, the (n, k) codeword c(D) 

is generated by gQp(D). gGF(D) is expressed by the following equation, with cxgf being 

a primitive element of GF(2m).

9gf(K) = n (£> + <*SF) (3.1)
m=0

where k represents the length of the information. A general encoder structure is shown in 

Figure 3.1. Let i(D) be the information polynomial, then the codeword polynomial c(D)



CHAPTER 3. CODED MULTICARRIER MODULATION SCHEMES 55

Switch

• • D"‘k -fMt)

Figure 3.1: Linear feedback shift register (LFSR) RS encoder

in systematic form can be written as:

i(D)Dn~k
9gf(D)

c(X) = i(D)Dn~k + Mod (3.2)

where Mod 'm—/c(■i(D)Dn k)/goF(D)\ denotes the remainder of the polynomial 

divided by gc,F(D). The decoding process required on the received codeword r(D) is to 

find the syndromes S and the determinants Det(MsYN) of the matrices Msyn formed from 

the syndromes in Eq.3.6. The determinants are used as locators to indicate the number of 

errors is within a certain range. The received codeword r(D) with the error polynomial 

e(D) can be written as

r(D) = c{D) + e(D)

= i{D)Dn-k +p(D) + ei(D)Dn~k + ep{D) (3.3)

where e,(jD), ep(D),p(D) and et{D)Dn^k represents the information error polynomial, 

the parity error polynomial, the party polynomial and the error patten in the information. 

By calculating the received cordwood modulo gGF(D),

r(D) mod gGF(D) = {[i(D) + et(D)}Dn~k} mod <?GF(D) + p(D) + ep(D) (3.4)

the syndrome can be obtained, which means j-th syndrome can be calculated by j-th 

cyclic shift operation at the receiver. The syndrome values of the received codeword can
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be expressed as

. . *ER
Sj,SYN = R^Gf) ~ R^Gf) =

771=1

D3m 3 = 1, ,21ER (3.5)

where D3m is the error location of the m-th error symbol with the corresponding error value 

Em. After the current bit is changed, the recalculated syndromes can be used to assess 

whether the number of errors has decreased or not. If the number of errors has decreased, 

then that symbol is assumed erroneous. Otherwise, the symbol is returned to its original 

state. Therefore, the decoding algorithm is based on correcting the errors through the 

differences between the original syndromes and the temporarily changed syndromes. The

number of errors can be decided by using the following matrix MgYN of syndromes [24]

[26],
( co 

°1,SYN
C°
°2,SYN *^3,SYN ‘ '

go \
SYN

Ms^n =
C°
°2,SYN C°

°3,SYN ^4,SYN ‘ ' • . S'0°j+1,SYN (3.6)

V *Sj,SYN C°
*T/+1,SYN Sj+2,SYN ‘ '

- s°,-i J

In other words, the error patterns can be found from the determinant values, DET|MgyN |, 

of the syndrome matrix. Then, DET|MgYN| forms a decision vector Dvec given by

Do _
VEC — (di, 2 j d%, • • •, r ) (3.7)

where the decision vector is calculated by the following rule [24]:

(1, when DET|MgyN| = 0 
dv — \ n v — 5 £er

[0, when DET|M^N| ^ 0
(3.8)

The number of errors through decision vector given for £er-RS code can be determined
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as [24]
when e = 0

{(0, !tER-i)}> when e = 1

{(Xe_i, 0, liER_e+i)}, when 2 < e < tER 

. {(^er-i>°>^)}> when e = fER

when e = 1
(3.9)

where {(liEFt)} indicates all elements are one, e represents the number of errors occurred 

and X can be one or zero. From Eq. 3.9, the number of errors in the received codewords 

can be determined correctly, where the number of errors should be less than tEr. If there 

is error found, the magnitude of the received codeword for all possible symbols is changed

^-information symbols are checked and corrected.

As known from [26], the RS code is a subclass of cyclic codes. Hence, in order to correct 

all k symbols, this step-by-step algorithm requires n + k cyclic shift operations, where 

n cyclic shift operations are used to calculate the initial syndrome values S),syn ,and 

k cyclic shift operations are used to correct the information symbols [24][26]. This 

algorithm is very suitable for DSP implementation, and a fast decoding process can be 

expected.

Further ahead in this chapter, soft decision Reed-Solomon codes applying the step-by

step decoding algorithm are used to obtain simulation results of RS coded OFDM and 

MC-CDMA systems.

3.1.2 Convolutional Codes

A basic knowledge of convolutional coding [30] [43] is required to understand trellis 

paths better, which are described in this section. The generation of convolutional codes 

is different from that of block codes such as the Reed-Solomon and BCH codes known 

as systematic codes. Particularly, the convolutional code has no block size whereas the 

block code has a fixed word length. In other words, information bits in the convolutional

and then, the next decision vector DyEC and syndromes S4 syN are calculated until all the
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encoder are not grouped into distinct independent blocks.

Figure 3.2 illustrates a general rate 1/2 convolutional encoder, which basically consists 

of a shift register circuit. The output bits corresponding to input bits are generated 

by multiplexing the outputs of the two modulo-2 adders. Here, a particular output 

bit is affected by the input bit as well as the previous two inputs stored in the shift 

registers D. For this reason, a convolutional code is determined by the number of

gifD) = 1 + D + DJ

Figure 3.2: A typical rate 1/2 convolutional encoder structure

stages, outputs and connections between the shift register outputs. The decoder of the 

convolutional code needs to take the relationship between input and output of the encoder 

into account. The trellis diagram, which is a path associated with information and 

code pair, is adopted from the decoding rule for convolutional codes. Simply speaking, 

the decoding procedure of convolutional codes is to find a path which has the closest 

Hamming distance to the received sequence. In other words, the most likely survival path 

according to the Hamming distance is chosen as the decoded sequence. As mentioned 

before, the convolutional code does not have a fixed sequence length. For the decoding 

of a signal generated by the encoder in Figure 3.2, a sequence of the length 5Acon has to 

be analysed, where Kcon denotes the encoder constraint length. The number 5Kcon is 

minimum length of the sequence to decode a symbol correctly. Therefore, the sequence 

length to decode a symbol should be more than 5Acon-
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The Viterbi algorithm is an optimum decoding method using maximum-likelihood 

decoding of convolutional codes, which was first introduced mathematically in [30]. The 

aim of this decoding method is to find a path through the trellis which has the largest 

log-likelihood function defined in the following equation [63].

^SYM -1
ln[P(rfSYM-1|Xm)]= £ \n[P(rk\Xk)} (3.10)

k=0

where Xm represents the information and code sequence of the m-th path, and rfSYM 

stands for the received sequence. In Eq. 3.10, the P(rfSYM |Xm) indicated the probability 

that a given sequence rfSYM has been followed through the trellis of the path Xm, and 

the path which maximises P(rfSYM |Xm) is regarded as the decoded sequence. In order 

to find the maximum a-posteriori probability path over the given trellis paths compared 

with the received sequence rfSYM = {ri, r2, • • •, v/cSYM }, the first value of all path matrix 

Mpath(5)> where s indicates s-th encoder status, is set as

^pATH(s) = {^ S~l (s = 0,1,.--,2*con-1) (3.11)
10, 5/0

where A'con denotes constraint length. Then, transition value 7*,(//, s', s) for all possible 

status is calculated as

7fc(0, s', 5) = -|rk- Xm(0, s', s)|2 +

7fc(l, s) = -|rk- Xm(l, s', 5)|2 + (3.12)

where Xm(0, s', s) denotes the output symbol generated by changing from status s to s' 

with an encoder input 0 value. By comparing transition values calculated in Eq. 3.12, the 

next path matrix is given by

M
7fc(0, s', s), 7*(0, s', s) > 7fc(l, s', s)

PATH 'S) = { ^ , (fc = 0, 1, • • • , PsYM-l)

(3.13)

Then, the maximum a-posteriori probability path of a given length Dcon, which is called
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as convolutional depth, is decided by MpAXH (s). Only one symbol is decoded after finding 

a survival path and this procedure should be repeated until whole block of received signal 

is corrected.

Figure 3.3: Trellis diagram with S=4 (ifcon = 3)

This Viterbi algorithm can be used for iterative concatenated decoding, which is also 

called soft output viterbi algorithm (SOVA). A turbo code using SOVA is explained in 

the next section. Further below, the Viterbi decoding algorithm is employed to obtain 

simulation results of a coded OFDM and MC-CDMA system with convolutional codes.

3.2 Turbo Trellis Coded Modulation

Turbo coding has become an increasingly important topic in the channel coding research 

community due to its near Shannon limit performance [20] [27], Turbo coding was first 

introduced in [20] and has since been widely studied in the literature. Amongst the 

large number of applications in communication systems, Turbo Trellis Coded Modulation 

(TTCM) [28], based on a combination of turbo coding and well known TCM [29], is one 

of the most promising techniques to improve the BER and spectral efficiency. In [32] [38] 

[39] [40], several TTCM techniques have been developed to attain large coding gains and 

high spectral efficiency for AWGN and fading channels. In this section, TTCM encoding
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and decoding algorithms, such as MAP, SOVA and a pragmatic approach, are briefly 

described for coded multicarrier modulation schemes.

3.2.1 TTCM Encoding

Figure 3.4 shows a typical TTCM encoder structure. An important feature of turbo coding 

is the parallel concatenation scheme using recursive systematic component codes. The 

TTCM sequence is generated as follows.

Interleaver 
(odd to odd, 

even to even)

Encoder 2

Figure 3.4: A simplified encoder structure of Turbo TCM

An information sequence is fed into two encoders, one of them directly and the other one 

interleaved. The outputs of encoder 1 and 2 are combined with the original and interleaved 

information sequence, respectively, and then mapped into a particular modulated symbol. 

In some applications, the information sequence passed into the second encoder is swapped 

with the one entering the first encoder to improve performance. The output of the symbol 

mapper connected to encoder 2 is deinterleaved. The two modulated mapper output 

symbols can be chosen to be punctured or not and then multiplexed into a sequence. The
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interleaving encoder changes an even position to another even one and an odd position 

to another odd one in order to eliminate low distance error events, and is hence called an 

even-odd symbol interleaver.

The effective free distance can be maximised and the coding gain can be improved trough 

the selection of an optimum parallel concatenated TCM. There are several issues that 

should be taken into account to design an optimum TTCM encoder [32]. Firstly, a TTCM 

encoder with a given symbol mapping should have a minimum Euclidean distance over 

all transmitted information sequence, which is called the effective free Euclidean distance 

of the TTCM. Secondly, another important TTCM encoder design criterion is the choice 

of the mapping method to transform a sequence into a given constellations [69], such as 

Ungerboeck mapping, reordered mapping [31], and Gray code mapping.

Input signal 0 1 2 3

Ungerboeck mapping 00 01 10 11

Reordered mapping 00 01 10 11

Gray code mapping 00 01 11 10

Table 3.1 Mapping methods for 16-QAM

Input signal 0 1 2 3 4 5 6 7

Ungerboeck mapping 000 001 010 Oil 100 101 110 111

Reordered mapping 000 001 010 Oil 110 111 100 101

Gray code mapping 000 001 Oil 010 110 111 101 100

Table 3.2 Mapping methods for 64-QAM

Figure 3.5 shows examples of gray mapping for 16-QAM and Ungerboeck mapping for 

64-QAM, which can be used for the TCM mapper. Computer simulations are employed 

to compare the three mapping methods in terms of their BER performance. The TTCM 

encoder structure also has a major influence on its BER performance. A variety of encoder 

structures has been proposed in the turbo code research community. In addition, the
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Figure 3.5: Gray mapping for 16-QAM and Ungerboeck mapping for 64-QAM

concept of an interleaver is pursued, since it yields a BER improvement by obtaining 

a large free Euclidean distance. For large blocks, a random interleaver has proven to 

perform best [68]. In this thesis, a randomly generated interleavers is used and generation 

methods are described in the next section. Finally, the shift register polynomial should be 

primitive, maximising the transition between states. A well-chosen primitive polynomial 

influences the TTCM performance significantly. The generation of a primitive polynomial 

in a given Galois fields is described in [64] in detail. The generator polynomial pairs used 

in this thesis are defined as

9gf(D) — 1 + D + D2, 9gf{D) — 1 + D2 for Agon — 3

9gf(D) = 1 + D2 + D3, g2GF(D) = 1 + D + D3 for KCOn = 4 (3.14)

9gf(D) = 1 + D + D4, g2GF(D) = l + D + D3 + D4 for tfCON = 5

where gGF(X) and gGF(X) denote the first and second encoder polynomial, respectively.

3.2.2 Interleaver

Interleaver type is one of the most important factors for turbo coding to improve its 

performance. There is a variety of interleaver techniques proposed and evaluated in 

turbo coding literature. In this section, generation methods of four types of commonly
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used interleavers for TTCM which are block interleaver, random, pseudo random(PR) 

and spread random (SR) are briefly described.

Firstly, a block interleaver accepts a block of coded symbols from a encoder and then, the 

block of symbols are rearranged and permutated to feed to a modulator, which means a 

(u, w)-th accepted symbol in U--row by V-column array is fed into a modulation block as 

a (it, w)-th symbol. For example, as a 3-row by 3-column array is assumed to be used for 

the block interleaver, the symbols accepted in the order (1,2,3,4,5,6,7,8,9) are passed into 

the modulator in the following order (1,4,7,2,5,8,3,6,9). The block interleaver is easy to 

implement but relatively long delay time required to store a block of symbols in a array is 

unavoidable. Secondly, a rearrange order of random interleavers is produced by randomly 

generated numbers. When a random number is searched, previously selected numbers 

should be checked to avoid duplication. Next, PR interleaver can use a recursive shift 

register produce by a primitive polynomial to generate pseudo random number. Finally, 

S-random (SR) interleaver is slightly more complicated to generate due to its special 

limitation. The S-random interleaver is base on random selection and constrained with a 

minimum span size (P), where P is defined as

P=|Wp’Ss-WpS1)l (3-15)

where N™os indicates the rn-th position number to be rearranged. From Eq.3.15, the P 

is difference between current randomly selected number and previous randomly selected 

number. If the span of current selected number is less than a given constraint span size, an 

new number is searched randomly until the constraint is satisfied. This process is repeated 

until a block of symbol position is found. Sometimes, if the P is increased, the process 

can be forever. In other words, there is no guarantee to find all position numbers when the 

P is too big. Normally, the safe value of the P [78] is defined as

P — \J -Ksym/2 (3.16)



CHAPTER 3. CODED MULTICARRIER MODULATION SCHEMES 65

where K$ym represents the block size for the interleaver.

3.2.3 TTCM Decoding

This section describes iterative concatenate decoding algorithms for non-binary symbols 

and explains the general functioning of the most commonly used algorithms, which are 

the symbol-by-symbol MAP algorithm, a pragmatic TTCM decoding algorithm and the 

soft output Viterbi algorithm (SOVA).

Symbol-by-symbol MAP algorithm

Figure 3.6 shows a general TTCM decoder structure for M-QAM modulation schemes.

Demux

Encoder
Deinterleaver

MAP
Decoderl

Figure 3.6: A typical decoder structure for TTCM

The received in-phase symbols r{ and quadrature symbols rk are demultiplexed and 

simultaneously passed into both MAP decoders. Through the MAP algorithm, the output 

of the MAP decoder 1 is subtracted by a priori information and the newly computed 

extrinsic information Leek is interleaved. Then, the extrinsic information becomes the 

a-priori probability Laek for MAP decoder 2. Aided by La\f to increase the reliability of 

decoding, the MAP decoder 2 produces the second extrinsic information Leek2 which is
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in return used as an a-priori probability for MAP decoder 1 after deinterleaving. For the 

first iteration only, Lak(d)el is set to zero. This entire procedure is repeated for a given 

number of iterations. Finally, a symbol with the maximum a-posteriori probability ratio 

A(dfc) is chosen as the decoded symbol.

The symbol-by-symbol MAP algorithm is based on the modified Bahl, Cocke, Jelinek and 

Rajiv (BCJR) algorithm proposed in [28] and [33], Here, Msym-QAM with log2 MSym 

of possible symbols {}i = 0,1, • • •, log2 Msym) is assumed as a high-order modulation 

scheme.

The logarithm [20] [27] of the a-posteriori probability ratio A(dfc = //) is defined as

A(dfc = n) = logP{dk = M|rfs™)-logP(dfc = 0|rfs™) (k = 0,1, • • • ,KSYm)

(3.17)

where rfSYM denotes a received sequence {rj,r2, - ■ ■, rA-SYtvl} and P(-) indicates the 

probability, respectively. Then, by using a posterior probabilities (APP) of symbol dk, 

Eq. 3.17 can be rewritten

2XCON“1-l

A(d*=/i) = log X] P(dfc = //,Sfc = S|rfSYM) (3.18)
.s=0

2kCON“1-1

- log Y, P(dk = 0,Sk = s\r?s™) (k = 0,1, ■ ■ ■, ATsym)
5=0

By using Bayes’ rule, the a posteriori probability P(dk = n,Sk = s|rXYM) can be 

expanded as

P(dk - M,Sk = s|rfSYM)-
P(dk = tu,Sk = s,r*,r£™) 

P( rfSYM)
(3.19)

P(dk = IX, Sk—i = s', Sk = 5, r^)P(rf+SYM |dfc = n, Sk.= s/, Sk = a, r*)
P{ rfSYM)

The forward probabilities «fc(s) in Eq. 3.32 are related to the k-th received signal and are
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Figure 3.7: Trellis section

calculated by

2ifCON-1-l log2 MSym-1

“*W = -B7k £ £ P(St = s\di = ix,St.l = s', r*)
r\Yl) 5=0 fi=o

•P(dk,Sk-1 = s',rk) (3.20)

where the first term is simply

P(Sk = s\dk = v,Sk„1 = s',rk1) =
1, s Sk(dk /x) 

0, otherwise
(3.21)

Hence, Eq. 3.20 can be simplified as

«fc(s) =
log2 ^SYM-1

P( rf)
£ P(dfc,5fc_1=S/,rJ)
H=0

(3.22)

By partitioning r* into rj 1 and rk,

P(dklSk^ = s', rk) = P(dk = /r, rfc|5,/c_1 = s', = s'lr^^F^-1)

(3.23)

Then, Eq. 3.22 can be rewritten as

ak{s)

1, s=0 k k=0

<0, s^0 k k = 0
V^l°g2 ^SYM“ 12^fi=0 7fc-i(fi, s^a^is )/Normk^, k^O

(3.24)



CHAPTER 3. CODED MULTICARRIER MODULATION SCHEMES 68

where Normfc is given by

2kCON-1-1 log2 Msym-1
Normfc = H Tk(n,s)a%(s)

s=0 (i=0
(3.25)

The corresponding backward probabilities (3k{s) are obtained by

log2 MsYM-1
Pk(s) = Y, 7fc+l(A‘>s”)/^fc+l(S,,)/NormA:+l

(i=0
(k = 0,1, ■ ■ ■, KSym ~ 2) (3.26)

To begin calculating f3k(s), (KSym — l)-th backward probabilities is given by

V"''log2 ^SYM- l^LL = 0
PKsym HsJ v-2kcon-1-i ^log2 Msym-1 , /0/\/v i

/ — Q / —Q ^/CdVAyl — 1 V ^ /^XciVA/l — 1\
\S = 0 ^SYM“l(^ ^)^lK SYM -1 {fx,s')

(3.27)

and the branch transition probabilities 7k(p, s') are calculated by

Tk(p,s) = P(rk\dk = fj,,Sk = s,Sk-i = s) ■ P(dk = n\Sk = s,Sk-i = s) ■ 

P(Sk = s|5fc_! = s’)

where Sk~ 1 corresponds to the start state and Sk to the end state of a transition. P(dk = 

n\Sk = s, Sfc__i — s ) can be either 0 or 1 is related to the transition from state Sk^i = s' 

to state Sk = s.

When considering a parity bit pk, Eq. 3.28 can be rewritten as

7 kin, s) = YP(rk\d k = V,Pk = V,Sk = s,Sk-! = s) ■
u

P(pk = v\dk = p,Sk = S, Sk-1 = s') ■

P(dfc = p\Sk = s, Sfc_ 1 = s') ■

P(Sk = sjS'fc.! = s) (3.28)

where P(pk = v\dk = p, Sk = s, Sk~ 1 = s') can be either 0 or 1, which is determined
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by the state transition between Sk-\ and Sk of the corresponding encoder, depending on 

which encoder the parity bit originates from. Assuming that the received sequence rk 

is disturbed by AWGN with the noise power spectral density N0/2 and no punctured 

position applied, the non-punctured value Pck{dk = p, s') is calculated as

Pck(dk=p,s') = P(rk\dk = n,Pk = v,Sk = s,Sk-i = s')

P(pk = v|dfc = p, Sk = s, Sk-i = s') (3.29)

= ^-exp{-|rfc - Map(dfc = p,pk = u,s')|2}

where Map(-) is a channel mapping function, and v is the parity bit corresponding to 

Sk—i = s and dfc = p. Otherwise, a punctured value Pck(dk = p,s) is expressed as

Pck(dk = p,s) = P(rk\dk = p,pk = v,Sk = s, S*_i = s')

P(pk = u|dfc = p, Sk = s, = s') (3.30)
1 1= ESC- Hexp{“lrfc “ Map (dfc = p,pk = v, s')|2}

2tt Ao v=0 1 J

The third component of Eq. 3.28, P(dfc = p\Sk = s, Sk-1 = s), can be either 0 or 1, 

depending on the state transition.

In the fourth component of Eq. 3.28, P(Sk = s|5fc_i = s ), a possible state transition 

corresponding to an information symbol is expressed as

P(dfc = p\Sk = s, Sk_! = s') • P(Sk = s\Sk-! = s') = Pa(dk = p) (3.31)

= Pa(dfc = 0) exp (Pa(dfc = p))

where Pa(dfc = p) and La(dfc = p) are the a-priori probability of dfc = p and the a-priori 

value of dfc = p.
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Finally, the a-posteriori probability ratio A(dfc = fi) can then be expressed as

A(dk = p) = log Oik(s)^k(n, s)(3£(s")

- log afc(s)7fc(0,s)^(s")

2kCON-1-1

2/CCON-1-l

(3.32)

where s, s', // and A'Con stand for a current state, a next state connected from s-th state by

input n, a symbol index and the constraint length of the encoder, respectively. In addition, 

the extrinsic information Le(dk = ji), which is the new information belonging to the input 

symbol dk and is used to increase the reliability of the symbol as a-priori information in 

the other decoder, is then defined as

Pragmatic TTCM decoding

Another initiative to develop turbo decoding methods for non-binary systems, called 

pragmatic approach [34], is using a good approximation to calculate the log-likelihood 

ratio (LLR). In this section, this approximation approach is described. The encoder 

structure for the pragmatic approach is exactly the same as the original binary turbo 

encoder, except for the symbol mapping at the output of the encoder. The logarithm 

of the a-posteriori probability ratio A(6£) in the pragmatic approach is calculated as

where £ is a constant determined by the channel, and rf is a received sequence. For an 

AWGN channel with the noise power spectral density N0, A(b£)(ji = 0, • • •, log2 Msym —

Le(dfc = (J-) = A(dfc = /j,) - La(dk = fi) (3.33)

(3.34)
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1) is expressed as

m)
/2log2 MSYM/2-l - 1 1

Clog J2 exp
\ M=0
/2log2 MSYM/2-l

o*
jh

?r 1 a o T:
to

i__
__

i

Clog E exp
\ M=0

(3.35)

(3.36)

where d1;/J and d0fl denote a possible transmitted symbol corresponding to bit bk = 1 and 

bk = 0. Mbk) is calculated by the following equations:

A«)

' \rk\ - 21oS2msym/2-1; fj, = 0

< |A«_1)| -21°S2msym/2-m) 1,2,---,'°S^SYM - 1

, rk,

(3.37)

For A(6jcog2MsYM/2+^) of the (log2 MSYm/2 + A0-th bit, (// = 0,1, • • •, log2 MSYm/2 - 

1), the same approximation as in 3.37 is used. After this calculation, A(6)?S2Msym/,2+m) 

becomes a soft input to the decoders based on the bit-by-bit MAP algorithm. Figure 3.8 

shows the typical structure of an MsYm-QAM pragmatic turbo decoder.

Figure 3.8: A structure of pragmatic turbo TCM decoder

Even though this pragmatic decoder has a comparable performance to other TTCM 

methods, it is not a very elegant approach due to the use of the bit-by-bit MAP algorithm 

in the decoder. In the next section, a better solution is presented [65] by using a modified 

SOVA algorithm for turbo decoding.
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Soft Output Viterbi Algorithm

The soft output Viterbi algorithm (SOVA) [35] [37] can be alternatively applied to TTCM 

as a sub-optimal MAP decoding algorithm. As previously mentioned in the convolutional 

coding section, the Viterbi algorithm (VA) [36] determines a final decoded sequence by 

finding the maximum a-posteriori probability path over the given trellis paths compared 

with the received sequence rfSYM = {rj , r2, • • •, rKsYM }. Finding the trellis path, or state 

sequence, s in the VA is equivalent to maximising the a-posteriori probability P(s|rfSYM). 

Since the received sequence is independent on the selection of the trellis path, P(s\ |r^) 

can be expressed as

P(sk1\rk1)=p(sk1,rkl)/p(rk1) (3.38)

where = {si, s2, • • •, sk} and Tj = {rl5 r2, • • •, rk}. By using Bayes’ rule, the 

numerator p(sj, r^) of Eq. 3.38 can be rewritten as

P(silri) = P(si~\r?-1) ‘ P(dk) ■ p{rk\sk-\,sk) (3.39)

where dk is the information symbol for the state transition from sk-\ to sk. The path

metric for the trellis path Sj is defined as

mpath(s^) = log(p(sJ, rf)) (3.40)

The path metric with the a-priori information log P(dk) can be derived by substituting Eq. 

3.39 into Eq. 3.40

mpath(si) = ^path(si_1) + log P(dfc) + log(p(rfc|sfc—!, sk)) (3.41)

where log(p(rfc|sfc_i, sk)) is the transition branch matrix from sk-i to sk. After the 

calculation of all possible paths, the maximum path matrix is saved as a survival path.
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The k-th. soft output of the SOVA decoder is then calculated as

Le(dfc = n) = A(dfc = jj) - La(dk = //); (3.42)

where A(dfc = /i) represents the logarithm of the a-posteriori probability ratio. In this 

thesis, a different calculation of the logarithm of a-posteriori probability from the MAP 

equivalent SOVA algorithm is used, as proposed in [65]. For MSYM-ary QAM modulation, 

the logarithm of the a-posteriori probability ratio is expressed as

A(dfc = /jl) = log
'P(dfc = /i|rfs™)
P(dk = 0|rfSYM)/

The a-posteriori probability as in [65] is given by

exp [MpATH(Sfct)]

(3.43)

P(dk = p|ifSYM) = Y, P(sk\r?SYM)
(sk-l~>sk) S^=0,/l/meXP [-^PATh(S/c)]

(3.44)

where rfSYM = {n, v~2, • • •, CKsym}- By substituting Eq. 3.44 into Eq. 3.43, the logarithm 

of the a-posteriori probability for the SOVA is calculated as

A(dfc = fx) = log

- log

£ P&|rfSYM)
exp ■^PATH (^fc1)

Y^2kCON-1- 1 exp -^PATh(sA;)

£ jD(s/clriSYM)
(5fc—1 >,sfc) 

\ dfc—0

exp -^PATH(sr )

^2xCON-1- 
>/i=0 ,/i^m

1 exp [m£ath(s£) (3.45)

Since the influence of fading is a major problem for the reliability of communication over 

wireless channels, the modification of turbo decoding algorithms is required. Several 

approaches [41] [42] regarding Rayleigh fading channels are applied. In the next two 

sections, iterative decoding techniques in spread spectrum systems such as multicarrier 

CDMA and multicode CDMA are introduced as applications of the TTCM.



CHAPTER 3. CODED MULTICARRIER MODULATION SCHEMES 74

3.3 Coded OFDM systems with Turbo Trellis Coded 

Modulation

In this section, the performance of coded OFDM systems using TTCM to increase spectral 

efficiency over a nonlinear multipath fading channel is investigated to compare with other 

channel coding techniques such as Reed-Solomon and convolutional code. To combat 

a nonlinear multipath fading caused by combination of nonlinear amplification with 

multipath fading, the predistorter proposed in chapter 2 is utilised and jont equalisation 

and decoding are employed to minimise the symbol error probability by a posteriori 

probability (APP) of the transmitted symbol after linearisation. Figure 3.9 shows a

OFDM Trans miller

Linearisation

Channel

Demapper

NpniriMfmyltefti

Encoder Add
prefix

Remove
prefix

PredisfcorterQAM
Mapper

Join
Equalisation 
and Decoding

OFDM Receiver

Figure 3.9: A baseband coded OFDM system using the predistorter and turbo trellis coded 
modulation over a nonlinear multipath fading channel

baseband coded OFDM system with predistorter over a nonlinear multipath fading 

channel. As shown in the Figure 3.9, a block of information bit b[m] (m — 0,1, • • •, Kh — 

1) is passed into TTCM encoders with generator polynomials g}iV{D) and gGF(D) 

of same constraint length Kqon- Let’s assume that two generator polynomials with 

constraint length Agon = 3 are given by

g1GF(D) = l + D + D2 9gf(D) = 1 + D2 (3.46)
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A turbo TCM encoder structure with generator polynomials defined in Eq.3.46 and a 

rate R = 1/2 is shown in Figure 3.10, where D indicates a memory used to keep a 

previous bit. From Figure 3.10, two recursive shift registers in the turbo TCM encoder

9 GF (D)

Int: Interleaver
Deint: Deinterleaver

16-QAM
Mapper

X{k]

Figure 3.10: A turbo TCM encoder structure

are divided by a random interleaver and those outputs are passed into a multiplexer 

to generate 4 parallel outputs. Then, outputs X[k\ (k = 0,1, • • •, A'sym) of the 

multiplexer are mapped into a 16-QAM constellation. After OFDM modulation, the 

transmitted signal is nonlinearly amplified and distorted by multipath fading. The received 

signal passed through a nonlinear multipath fading channel is demodulated by using 

FFT and the demodulated signal X[k\ is de-multiplexed. Then, the resulting signals 

Xp[k] (k = 0,1, • • •, Asym — 1), where K\, = 2Asym, are fed into iterative TTCM 

decoder.

Turbo TCM decoding based on a forward and backward algorithm should be matched 

with a given encoder structure at the transmitter. In this section, a decoding algorithm 

for an I-Q type encoder structure [42] depicted in Figure 3.10 is explained. To begin 

the first iteration, a-priori probabilities Lael of the first MAP decoder, which is given 

for increasing reliability, are all set to zero and the first forward probabilities o0(>‘>') 

are set to one when s = 0 and zero when s ^ 0 before decoding starts, where 

s = 0,1, • • •, 2Kcon-1 — 1. Then, the transition probabilities of the received 16-QAM
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symbol in the first decoder to perform joint equalisation and decoding are calculated as

7m(p, s) = exp(-|#e{Xp[fc]} - Re{HvXp(n, s)}|2)7™(Ai)

7m+i(/^,s) = -^-exp(-\Im{Xp[k}} - Im{HvXp(fi,s)\2)}^+1(ii) (3.47)
7TiV0

(v = 0,1, • • •, A^fft — 1)

where Xp[k) represents the fc-th demodulated 4-QAM symbol, Hv denotes the v-th 

channel coefficient in frequency domain and Xp(/j,, s) is the output symbol of the first 

encoder generated by /i-th input at s-th encoder status, where /j = 0,1 and 7® (ju) 

indicates a priori information, which is given by

7m(A*) = expj^(2/u - l)LamJ (fx = 0,1) (3.48)

Next, the rn-th forward probability am(s) for the s-th encoder state by using transition 

probabilities is calculated as

(S )
^m-l(g/)7m-l(0,g') +o4-i(s,)7m_i(l,S/)

Ef=TO1{am-l(5,)7m-l(0,S/) + Cl^_1(s')7m-l(l,5/)} (m = 1, • • • ,Kb - 1) 

(3.49)

where O&-1W and aln_1(sl) represents the (m — l)-th forward probability from s'-th 

state by input zero and input one. In addition, the number of state S is MKcon~x, where 

Kcon indicates constraint length.

Then, the backward probabilities /3m(s) can obtained as

Pm—l(s)
/?m(5")7m(0, S') + /4(s")7m(l, s')

Ef=0 {«m(S,)7m(0, s') + a^(s')7m(l, S')}

where s' represents the previous state from the s-th state by the m-th symbol.

(m = 0,1, • • •, iTb — 2)

(3.50)

Based on the calculated forward and backward probabilities, the logarithm of the a-
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posteriori probability ratio Am can be given by

( Ef=0 Qm(s)7m(l, s)PL(s")
{Zss^am(s)lrn(0,s)(3l(s") (m = 0,1, • • •, Kb — 1) (3.51)

An m-th extrinsic information Let of the decoder 1, which becomes a priori information 

to decoder 2 is calculated as

Let = Am - La* (3.52)

Finally, a m-th decoded bit d[rn] is decided by the following equation.

b[m] = Let + Let (m = 0,1, • • •, Kb - 1) (3.53)

where Let denotes the m-th extrinsic information from the second decoder. Decoding 

algorithms are slightly different according to encoder structure and a verity of encoder 

structure has been proposed in the literature. Figure 3.11 shows the structure of TTCM 

encoder for 64-QAM.

Figure 3.11: Turbo Trellis Coded Modulation Encoder for 64-QAM
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3.4 Iterative Multiuser Detection for the MultiCarrier- 

CDMA systems with multilevel modulation schemes 

in the presence of a nonlinear HPA

This section introduces turbo coded MC-CDMA systems with higher order modulation 

schemes (16-QAM) to improve spectral efficiency over multipath fading channels. An 

iterative multiuser detection technique [70] [71] [72] for nonlinearly amplified multilevel 

signals also explained.

As mentioned before, a MC-CDMA system is based on the combination of OFDM and 

conventional CDMA. For this reason, MC-CDMA has attracted a lot of attention due to 

several promising characteristics, such as low complexity of equalisation in the frequency 

domain, high speed data transmission, frequency diversity and mitigation of delay spread. 

On the other hand, the primary concerns of operating under the degrading influence of 

HPA nonlinearities and a fading environment remain. In order to tackle these problems, 

the proposed memory mapping predistorter and a modified iterative multiuser detection 

using TTCM decoding are combined in this section to increase channel capacity.

Figure 3.12 shows the block diagram of a baseband TTCM MC-CDMA system for uplink 

in a mobile communications system. Let MsYM-ary QAM be the high-order modulation 

scheme used. Firstly, the information bit is fed into the TTCM encoder. The TTCM 

code bits are then mapped into Msym-QAM symbols to combine modulation and coding 

by optimizing the Euclidean distance between codewords. After interleaving, the fc-th 

symbol Xu[k] of the u-th user (u = 0,1, ••■,(/ — 1) is copied into JVFFT parallel branches, 

and each of the branch is multiplied by the orthogonal codes Wu [m] assigned to the u-th 

user. These ,/VFFT branches are subsequently modulated using IFFT and converted from 

parallel to serial. The n-th modulated signal xu[n] of the u-th user by sampling Eq. 1.9
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Coded MC-CDMA Transmitter

Channel u

DEINT;

Codwl MC-CDMA Ret elver

u-tlt TTCM 
Encoder

Figure 3.12: A baseband synchronous multicarrier-CDMA system with Turbo TCM for 
uplink

can be described as

1 Nfft ~ 1
xu[n} = -r== 2 W^[m}Xu[k] exp

vAfft m=o

where W£[m] is defined as

mn
NFFT

Vn G {0,1, • • •, Nfft — 1}

(3.54)

W*[m] = Wcu[m] ■ CpaprH Vm G {0,1, • • •, 7VFFt - 1} (3.55)

where C'papr [m] represents the m-th random code provided to reduce PAPR of MC- 

CDMA signals . The modulated signal xu [n] of the u-th user is cyclicly extended and 

passed through a fading channel before it summed up with those of other users to form 

the transmitted MC-CDMA signal s[n\. In different transmission environments, many 

MC-CDMA channel models [43] [44] [45] have been proposed and investigated. As 

shown in Figure 3.13, a multipath fading channel with its impulse response on path L is
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► Tc

Figure 3.13: A multipath fading channel model

expressed as

L—l
xcu[n] = X] afxu[n - lTd} exp (jOf) Vn € {-Nc, • • •, iVFFT - 1} (3.56)

1=0

where Td is a propagation delay, Of denotes an uniformly distributed phase over [0,2n) 

and af represents an independent Rayleigh distributed random variable whose PDF is 

defined as
2r rr2

fa(x) = —exp(----- ), X > 0 (3.57)
a a

where a = E[a2]. Under assumption of path delay Td is equal to chip duration Tc, Eq. 

3.56 can be rewritten as

= Y, afxu[n-l\exp (j8f) (3.58)
1=0

= £ a? (-A= Nff' W:\m\XM exp } exp UK)

1=0 { V ^FFT 7n=0 V 7VFFT / J

The transmitted MC-CDMA signal s[n] with the U number of active users can be 

expressed as

s[n] = Y,xu[n\
u=0

(3.59)
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u-il-i ( i nfft-i / m(n — l)\ 1= EEa“ rtf---- X W^[m]Xu[k] exp ( j2n—------ J l exp {j&?)
u=0 1=0 [ v ^FFT m=0 \ ■‘’FFT / J

The transmitted signal s[n] is passed through the memory mapping predistorter and 

becomes the complex HPA input signal. It is apparent from Eq. 3.59 that the transmitted 

MC-CDMA signal is a superposition of a large number of modulated signals with 

different amplitudes, which results in a high PAPR. The transmitted MC-CDMA signal 

can be rewritten as 7(s[n]) exp(j#(,s-[n)) with amplitude 7(.s[n]) and phase 9(s{n}). Then 

the corresponding output signal y[n} of the HPA with memory can be expressed as

y[n) = A(7(s[n])) exp{j(0(s[n]) + 0Hpa(7(sW)))} (3-60)

where A(7(s[n])) and ©hpa(7(s[«]))) represent the gain nonlinearity (AM/AM) and 

the phase nonlinearity (AM/PM) corresponding to the input amplitude 7(5[n]) of the 

transmitted signal y[n).

In this nonlinear multipath fading channel introduced by combination of multipath fading 

and nonlinear distortion, the received signal becomes

s[n] = y[n] + ip[n]

= -4(7(s[n]) exp O'{0(s[n]) + 0Hpa(7(sN))}) + V'N (3-61) 

= AMP j 5E X! oij[X[n - /] exp(j^) l + ip[n]

where ip[n] is AWGN with the single-sided power spectral density N0 and AMP{ } 

denotes nonlinear amplification. In Eq. 3.61, the second equation represents nonlinearly 

distorted received signals and the last equation indicates that the received signal are passed 

through a nonlinear multipath fading channel.

Figure 3.14 shows a typical structure of MC-CDMA systems with a high power amplifier 

and TTCM for downlink as a typical base station operation. As shown in the Figure 3.14, 

the received signal passed through a channel filter after nonlinear amplification can be
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Figure 3.14: A typical baseband synchronous MC-CDMA system with a HPA and TTCM 
for downlink

expressed as

L-l 'U-1
sin] = ]T ofAMP E exP ti&t) + (3.62)

1=0

It is assumed that perfect chip, symbol, and carrier synchronisation are performed at the 

receiver. The received signal s[n] is serial-to-parallel converted before being 7VFFT-point 

FFT demodulated as described in Eq. 1.16. Then, the k-th final decision value ru[k] is 

given by
^FFT — 1 ( U — 1 'j

r#]= £ + '*'”[*]) (3-63)
x;=0 v u=0 J

There are several signal combining methods for MC-CDMA systems discussed in the 

literature, of which maximum ratio combining (MRC) is employed, defined by

Wu[v] = Wu[v}Hv[kYCPAPK[v} v = 0,1, 2, • - •, Nfft - 1 (3.64)

where Hv[k}* and Cpapr[u] represent the u-th conjugate channel response in the
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frequency domain and the u-th random code for PAPR reduction. Then, the demodulated 

and combined signals are passed into an iterative TTCM decoder. For downlink case, an 

iterative multiuser detection technique using TTCM decoding algorithm is presented as 

follows. The soft decision sequence r^SYM (r[0], r[l], • • •, r[Ksym — 1]) are deinterleaved 

by an odd-to-odd and even-to-even position rule and fed into an iterative TTCM decoder, a 

symbol with the maximum a-posteriori probability ratio is chosen as the decoded symbol. 

The logarithm of the a-posteriori probability ratio A k(m) is defined as

A fc(ra) = logP(X[/c] = m|r^SYM) — logP(X[A] = 0|r^SYM) (3.65)

The a-posteriori probability ratio Ak{m) can then be rewritten as

Afc(m) = log
Ef=o Cik{s)^k{m, s)/3fc(s")/Normk 

Efjo1 c*fc(s)7fc(0, s)pk(s°)
(3.66)

where s° represents the previous state from the s-th state by the 0-th input and Normk 

denotes the Ar-th normalizing value which is defined as

S-l Msym-1 n
Normk = Y2 J2 oik{s)^k(m,s)(3k(s') (3.67)

5 = 0 771=0

where S denotes the number of encoder states which is decided by the constraint length 

of the encoder.

In order to calculate a-posteriori probability ratio, the first forward probabilities a0 (5) (s = 

0,1, • • •, S — 1) are set to 1 for case of the encoder state s = 0 and the other cases are 

set to 0, where Msym denotes the number of symbols. Then, a k-th transition probability 

7fc(m, s) to be used for calculation of the forward and backward probabilities is given by

7fc(m, s) = exp (~^{rW ~ Map(m, s)}2) (3.68)

where Map(m, s) represents the output of the encoder corresponding to the m-th symbol 

at the s-th encoder state. For multiuser detection scheme , the Map(m, s) should be
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modified and the channel mapping value A/c(C’papr, H) is given by

Afc(CPAPR, H) =

Afc(0,0) Afe(0,1) • •• Afc(0, U — 1) ' ’ Xo[k] ’

Afc(l,0) Afc(l,1) •••• Ak(l,U-l) Xi [k]

_ Ak(N — 1,0) Ak(N — 1,1) •

-------
1

rH
1

rH
1-Sd

<1 _ Xu-rik] _

where Ak(v, u) is given by

Ak(v, u) = Wu[v]Hv[k]*CPAPR[v] v = 0,1, 2, • • •, NFFT - 1 (3.70)

where NFFt denotes the number of chips, Xu [fc] represents the A;-th transmitted symbol 

of the u-th user, In order to obtain the output of maximum ratio combining (MRC) to 

minimize error probability of each user, the channel mapping Ak(v, u) for a u-th user can 

be modified as

iVpFT — 1

At(„,„)= £ Wu{v\Hv[k\’ CpAPR [v)Ak(CPAPR,H) (3.71)
v=0

By substituting Map(m, s) into in Eq.3.68, the iterative multiuser detection can 

be carried out. Then, the k-th forward probability ak(s) for the s-th encoder state is 

calculated as

^ Efjo1 E^yom_1 «fc_1(s')7fc-i(m, s')

where s' represents the next state from the s state by the input m. 

probability /3rsym_i(s) is calculated as

(3.72)

The last backward

— 1 (^)
E-^sym-1

771 = 0 ^SYM-1(^ )Ti^SYM — 1 (^5 ^ )
ES-l 

s=0
E^sym-1

771=0 ^SYM“l(^ hKSYM-i{m, S )
(3.73)
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Then, the backward probabilities (3k(s) from the Pksym-i(s) can obtained as

where s' represents the previous state from the s-th state by the m-th symbol.

(3.74)

The extrinsic information Lek(m), which is the new information belonging to the input 

symbol X[k\ and is used to increase the reliability of the symbol as a-priori information 

in the other decoder, is then defined as

Lek(m) = Ak(m) — Lak(m) (3.75)

Finally, the symbol a-posteriori probability ratio Ak(m) for the k-th received symbol can 

be used to generate the bit a-posteriori probability ratio A(bfc = //) for a particular bit, 

which is calculated as

A(b£) = In exp(Afc(m)) - In ^ exp(Afc(m)) (3.76)

where bk = // represents the case that the //-th bit equals // in a given /c-th symbol a- 

posteriori probability ratio Ak(m), where // = 0,1, • • •, log2 M/2. Using A(bfc = //), a 

final decoded bit b/ can be decided by

K =
1, Lef{K) + Lef(K) > 0 

0, Le£{K) + LeZ{b^) < 0
(3.77)

3.5 Turbo Coded Multicode CDMA systems with M- 

QAM in the presence of a nonlinear HPA

Future communication systems requiring a very high data rate are likely to be based on 

multicode CDMA systems with a large processing gain through combining two different



CHAPTER 3. CODED MULTICARRIER MODULATION SCHEMES 86

orthogonal codes [67]. However, the summation of various signals increases the required 

transmission power significantly. Contrary to this trend, power needs to be limited in 

a cellular topology to avoid interference and to maintain the quality of service (QoS), 

hence channel coding can be a possible solution. Additionally, multicode CDMA systems 

suffer from a very high PAPR as a main cause of nonlinear distortion. Moreover, the 

coded multicode CDMA system with turbo trellis coded modulation (TTCM) as outer 

code instead of a convolutional code and multi-level modulation schemes over nonlinear 

multipath fading channel is investigated.

In this section, an TTCM multicode-CDMA system with M-QAM in combination with a 

nonlinear HPA is discussed. Figure 3.15 shows a synchronous TTCM multicode-CDMA

C’lumnel

HPAQAM
MapperEncoder

Figure 3.15: Structure of a synchronous multicode-CDMA system with predistorter and 
HPA

system with the suggested predistorter and an HPA for uplink in a mobile communications 

system. The multicode-CDMA system uses two orthogonal codes to increase processing 

gain and has a similar structure as a direct sequence (DS) CDMA system. An information 

sequence b“ is passed into the outer TTCM encoder and subsequently mapped into an M
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ary constellation. The resulting symbols du[k] are serial-to-parallel converted which is the 

main difference to DS-CDMA. In order to ensure orthogonality, the signals are multiplied 

by the Nw x Nw Walsh Hadamard code Wu’n(n = 0,1, • • •, Nw — 1) where the multicode 

CDMA symbol duration Tsym becomes Nw times longer than the QAM symbol duration 

Ts. A summation of those signals follows during Tb and can be written as

1 Nw — 1
stf'"W = -JJT Y, <r;mt - nTb)W?{n\

k=o
y$"m = -7^- £<*«[%(( -niyW'SN (nT,<t<(n + 1)TS) (3.78)

y/Aw fc=o

where dj[k] and dq[k] represent the k-th in-phase and quadrature symbol from the it-th 

user, and p(t — nTb) denotes a unity rectangular pulse of duration Tb. The symbols y)hn(t) 

and yQn(t) are orthogonally spread for each user by multiplying two long PN sequences 

or Walsh Hadamard codes of length Np

*T(t)

XQ^t)

1
72

1
72

[Tt.orgM?//’ (0 ^q,orgWp T ^\Vq (t]\pr(t y-Tc) 

ClORG[y]yUQn(t) + CqORG[Np ~ l}y?n(t)] Pr(t - pTc)

{rTc <t < (y + 1)TC) (3.79)

where Cj 'GRG and Cq ORG represent the in-phase and the quadrature spreading code of 

the chip duration [yTC) (/j + 1)TC] for the u-th user. In this thesis, the long Walsh codes 

are used as the long spreading code CRGRG. The n-th orthogonal signals if/it), yrQ(t) are 

transmitted Nw times and contain the same information in order to achieve time diversity. 

From the Equations 3.78 and 3.79, the total processing gain is calculated as

Gmc = !sym

Tr
NWTS

Tr
N N T1 wl p1c = N Nrp 1'*Wiyp (3.80)

The processing gain of multicode-CDMA systems Gmc is Nw times larger than that of 

the DS-CDMA systems GDs■
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Under the assumption of a multipath fading channel, the input signal of the HPA can be 

expressed as

1=0

h^{t) = L'£a%,x';»(t-lTd)+a'j-,x%>‘(t-lTd) (3.81)

1=0

where au,t represents an independently Rayleigh distributed value of the l-th path for the 

u-th user, Td denotes the path delay, and the multipath fading factors are normalised so 

that \ou'l\2 = 1. All user signals are then summed and applied to the HPA with 

given nonlinear AM/AM and AM/PM properties. The nonlinear effect of the HPA can be 

significantly removed by the proposed predistorter shown in the Figure 3.15. The signal 

received r(t) through the AWGN fading channel can be expressed as

n(t) = A(^;V“’"wi)cos(©(x:V^wi)+^wK(t-//Tc)+^(i)
71 = 0 77=0

rQ{t) = 4(53 1^(01) sin(0(53 1^(01) + 0u,>t(t))pr(t - nTc) + ipQ(t)
71=0 71=0

(pTc < t < (// + 1 )TC) (3.82)

where Ui( t) and 'i'Q( t ) indicates the real part and imaginary part of a zero mean complex 

Gaussian variable with the two-sided power spectral density 7V0/2, A(-) represents the 

HPA amplitude output, 0( ) denotes the HPA phase output and 6u,fl(t) represents the 

phase corresponding to the //-th chip signal from the «-th user.

For case of downlink in a mobile communications system, which is shown in Figure 3.16 

as a typical base station operation, //-th output P^t) of a HPA can be written as

KiO = -4(1 5Z x0,u(OI)cos(0(| 53 *(/*,«.) (01))
71=0 71=0

p^(t) = 4(1 5Z x(M,u(OI)sin(0(| 53 ZfiMh(OI))
71=0 71=0

(3.83)
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Figure 3.16: Structure of a synchronous multicode-CDMA system with predistorter and 
HPA for downlink in a mobile communications system

Then, the signal passed through a channel filter with L-path during the //-th chip can be 

expressed as

Kit)
L-l
Y ai cos(<f>i)p!iit ~ lTd) “ a‘ sin(0/)P^(/ - lTd) 
1=0 
L-l

= Y.ai^i)Piit-^d) + alsmi<j>l)P^{t-lTd) (3.84)
1=0

where at and <f>i represent the time-invariant amplitude and phase of the complex fading 

coefficient of /-th path. For this case, the received signal r(t) through the additive white 

Gaussian noise (AWGN) during Td can be expressed as

r(t) =
L-i ,
Y aiA (
i=o '

exp < jQ

u-i
Y X(»-M)(t - pTc - lTd)
u=0 
U-1
Y x(w)it - PTc ~ lTd)
u=0

(3.85)

+ ip(t)

il-iTc < t < (ji + 1 )TC) (3.86)
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The received signal r(t) is first sampled and passed into a RAKE receiver with L fingers. 

As it is well understood, the signal in each finger is multiplied by the exact conjugate 

fading factor a*' for MRC [64], Figure 3.17 shows a typical structure of a Rake receiver

Figure 3.17: Structure of a Rake receiver using maximum ratio combining (MRC) in time 
domain. The boxes marked by Tc correspond to the chip duration of the spreading code

using maximum ratio combining (MRC) devised to minimise the probability of error of 

the output of the combiner by maximising the signal to noise ratio [64], Then, As shown in 

Figure 3.15, the output of the RAKE receiver is multiplied by long PN or Walsh Hadamard 

codes for despreading. The despreaded signal 2“(t) can be written as

L-l

xu(t) = E

1

cv: Y |au,l\2du[k}pT(t — mTsYM)
m ——og v -*• * w i=o 

Nw-1
+ Ey/Nw n_0

+ ISIhpa + MCIhpa,pn

1 Np~^~
Wu'np(t — nTb)— Y Cu,fJ,pT(t — ij,Tc)

iyP /i=0
>r(t)

(3.87)

where ISIhpa represents the residual intersymbol interference, MCIhpa.pn denotes 

multicode interference (MCI) caused by imperfection in the spreading code and nonlinear 

amplification. Since the employed Walsh Hadamard code is a perfectly orthogonal code, 

the MCI caused by it can be ignored; however, the orthogonality can be disturbed by



CHAPTER 3. CODED MULTICARRIER MODULATION SCHEMES 91

nonlinear distortion. In the next receiver block, the despreaded signal is summed to 

generate the TTCM decoder input symbol. After parallel-to-serial conversion, iterative 

decoding using the symbol-by-symbol MAP algorithm is finally performed.

3.6 Simulation Results and Discussion

This section presents computer simulation results obtained from coded OFDM systems 

and coded MC-CDMA systems. Three different forward error correction (FEC) codes are 

compared in an AWGN and Rayleigh fading channel: Reed-Solomon code, convolutional 

code and TTCM. High order modulation schemes such as 16-QAM and 64-QAM were 

employed to investigate the effect of nonlinear amplification more clearly and to model 

future wireless communication requirements for high capacity as closely as possible. The 

BER performance anaysis for RS codes is based on the modified step-by-step decoding 

algorithm for a non-binary codes, and convolutional-coded signals are decoded by soft 

decision using the Viterbi algorithm. -Two different non-binary decoding algorithms are 

compared in terms of their BER performance in TTCM, a pragmatic approach using the 

bit-by-bit MAP algorithm and a symbol-by-symbol MAP algorithm. Additionally, the 

max-log MAP algorithm as a less complex, but suboptimal decoding method is analysed 

and compared to the conventional techniques.

Moreover, the assumption of a simple AWGN channel facilitates the observation of 

additional nonlinear distortion to high order modulation signals with a high PAPR. 

Subsequently, the BER performance in a Rayleigh fading channel is evaluated for coded 

OFDM and MC-CDMA systems and compared with that of nonlinear HPA distortion 

effects. Performance improvements made by the previously developed predistorter 

are also investigated for coded OFDM and MC-CDMA with TTCM. The simulations 

conclude with the study of an M-ary TTCM/MC-CDMA system performance.
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3.6.1 Coded OFDM systems

The simulated coded OFDM systems uses a 16 and 64-QAM encoder/decoder, and 

subcarrier modulation/demodulation with a 512-point IFFT/FFT. The HPA model defined 

in Eq. 2.4 is cascaded with a linear shaping filter whose coefficients are given by Eq. 

2.29. The proposed memory mapping predistorter uses a memory size of MLut = 100, 

while channel and codeword interleaving for TTCM is performed by random interleaving, 

which is chosen because of its good performance in most cases.

KsyM=1000>l=3.KCON=3.R=1/3

-Ar MAP
SOVA

■m- Log-MAP

Eb/No

Figure 3.18: BER performance comparison of different turbo decoding algorithms (MAP, 
SOVA and Log-MAP) in a BPSK system over an AWGN channel

Figure 3.18 illustrates the performance degradation of a turbo decoding algorithm with 

reduced complexity over an AWGN channel, with a block size Ksym = 1000, 3 iterations 

and a constraint length if con = 3.

Figure 3.19 shows the BER performances of a TTCM-OFDM systems with a pragmatic 

algorithm using good approximation. Detection is performed by a symbol-by-symbol 

MAP algorithm, which has a lower complexity than a bit-by-bit MAP algorithm over an 

AWGN channel in a given number of iterations. An interleaver size of 10240 for the 

pragmatic and 5120 for the symbol-by-symbol MAP approach is being used, and the
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BER Performance of 16QAM-TTCM/OFDM (2bits per symbol,N = 512.l= 10240,K=3)

lteralion=01 
-B- lteration=02

[ + lteration= 10

Eb/No (dB)

a. Pragmatic decoding

BER Performance of 16QAM-TTCM/OFDM <2bits per symbol,N=512,I=5120.K=3)

B lteration=02

Eb/No (dB)

b. Symbol-by-symbol MAP decoder

Figure 3.19: BER comparison of pragmatic decoding to symbol-by-symbol MAP 
decoding for TTCM-OFDM systems, 16-QAM, rate R = 1/2 (2 bits per symbol) over an 
AWGN channel, parameter: number of iterations (1,2,3,10)

constraint length K of the TTCM encoders is 3. In the pragmatic decoder for non-binary 

codes, the calculation of A(dk = m) for 16-QAM (Msym = 24) is determined by the 

following approximation:

A (4 = rn)
|rfc|-2, m = 1 

r k, m = 2
(3.88)

where rk represents the received 16-QAM symbols. The log-likelihood ratio (LLR) 

A(dk = m) associated with each bit become the relevant soft input for the bit-by-by MAP 

turbo decoder. Figure 3.19 demonstrates that the pragmatic approach is slightly better than 

the symbol-by-symbol MAP decoder for a low number of iterations. For a larger number 

of iterations, the symbol-by-symbol MAP decoder outperforms the pragmatic approach. 

Since the pragmatic decoder uses only good approximation, which is determined by the 

modified input sequence as in Eq. 3.37, the subsequent bit-by-bit MAP algorithm can 

not be optimal any more. In contrast, the symbol-by-symbol MAP decoder receives 

an unmodified sequence and generates good extrinsic information for the next iteration 

because the turbo decoding is based on AWGN channel information.

Figure 3.20 compares the OFDM BER of three different mapping methods over an
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64-QAM-OFDM systems (B=1024,I=4,K=5) over AWGN channel

Gray mapping 
“*■ Ungerboeck mapping 
-T* Reordered mapping

Eb/No(dB)

Figure 3.20: BER comparison of a 1024-point OFDM systems over an AWGN channel 
using different mapping methods, 64-QAM, 4-bits/symbol

AWGN channel. Reorder mapping shows a good performance for a higher Eb/N0, 

whereas Gray mapping does slightly better for a lower Eb/N0. The BER of Ungerboeck 

mapping always lies above the previous two. This analysis clearly proves that the choice 

of a suitable mapping method has a major influence on the BER performance of a TTCM 

system.

Figure 3.21 shows the BER comparison of three different OFDM TTCM decoding 

algorithms. The simulation uses a block size of 10240, 5 iterations and an encoder 

constraint length of 5. The graphs convincingly illustrate that the symbol-by-symbol 

MAP decoder can be regarded as the optimum decoding method, compared to the other 

TTCM decoding algorithms. The log-MAP equivalent SOVA algorithm proposed in [65] 

performs only slightly worse, while the pragmatic approach achieves 0.55 dB less coding 

gain than the MAP algorithm.

Although the pragmatic approach using the approximation from the observation of 

the received signal constellations can easily be applied to a variety of communication 

environments, it does not appear to be a good solution non-binary turbo decoding.
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B=10240, l=5,512-OFDM system

Pragmatic 
SOVA 

-T- MAP

EbNo

Figure 3.21: BER comparison between MAP, SOVA and pragmatic decoding in a 512- 
point OFDM system over an AWGN channel, 16-QAM, 2-bits/symbol

3ER Performance of 64QAM-TTCM/OFDM (3bits per symbol.N=512.1=5120.K=5)

• lteration=01

lteration=10

Eb/No (dB)

BER Performance of 16QAM-TTCM/0FDM (3bits per symbol.N=512.I=7680.K=4)

“ • lteration=01
- lteration=02

1 + lteration=10

Eb/No (dB)

a. 16QAM (3 bits per symbol) b. 64QAM (4bits per symbol)

Figure 3.22: The BER performances of the Turbo TCM/OFDM systems with different 
order modulation schemes over AWGN channel
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BER performances of TTCM-OFDM systems with different order modulation schemes 

(16-QAM and 64-QAM) and different data rates (3 and 4 bits per symbol) are depicted in 

Figure 3.22. In the 16-QAM TTCM encoder with the rate R = 3 case, a puncturing 

function is employed, where 3 information bits and 1 parity bit are mapped into the 

constellation, and the symbols are then transmitted alternatively. In the case of the 64- 

QAM encoder with the rate R = 4 without puncturing, the first 2 information bits and a 

parity bit are assigned to the in-phase component, and the second 2 information bits and a 

parity bit to the quadrature component. For TCM, Ungerboeck mapping is used for both 

cases. The encoder constraint length is Kcon=4 for 16-QAM and K=5 for 64-QAM, with 

the primitive polynomials defined as

0gfP) = 1 + D2 + D\ g2GF(D) = i + D + D3 (Kco n = 4) (3.89)

9gf(D) = 1 + D + D4, gGF(D) — 1 + D + D3 + D4 (Kco N = 5)

Figure 3.22 suggests that coded OFDM systems using 16-QAM and 64-QAM modulation 

schemes with spectral efficiency 3 and 4 can achieve this BER performance at less than 1 

dB from the Shannon limit.

a. 512 information bits b. 10240 information bits

Figure 3.23: BER performance of 16QAM-TTCM-OFDM systems using different block 
sizes for iterative turbo decoding over AWGN channel

Figure 3.23 shows the TTCM-OFDM BER performance in terms of the interleaving block
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size (1=512,10240) with 16-QAM modulation (2 bits/symbol) where a 512-point IFFT is 

used for modulation and an encoder constraint length of KCon = 3 over an AWGN 

channel. Apparently, the longer the decoding block size, the better the BER performance, 

especially for a larger number of iterations. The decoding block size is one of the most 

important factors for turbo decoder design to improve the BER performance.

Bandwidth Efficiency Plane

EbNo

Figure 3.24: Shannon’s Limit plot

Figure 3.24 points out the theoretical relationship between the normalised channel 

bandwidth R/W and Eb/N0. Only very few digital communication books clearly define 

Shannon’s limit equation in order to to draw this curve. For this reason, the key equation 

of Shannon’s limit theorem [73] is recomposed as:

Eb
N0

(dB) = 10 • log 10 log2 {[1 + (2C!W — l)](2c/^-i)|
(3.90)

where C represents the system capacity of a channel disturbed by AWGN, and W is the 

bandwidth in hertz.

Figure 3.25 shows the BER performance of the two commonly used channel coding
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Reed-Soloman(15,9)Coded OFDM(16-QAM) overAWGN Channel

+ Uncoded 1=2

Conwlutional Coded OFDM(16-QAM) oser AWGN Channel

-4- Uncoded

a. Reed Solomon code b. Convolutional code

Figure 3.25: BER performance of coded OFDM systems using 16-QAM high-order 
modulation with Reed Solomon coding and convolutional coding over an AWGN channel

schemes in the COFDM. The first simulation uses the (15,9) Reed-Solomon code with 

a step-by-step decoding algorithm for the non-binary case over an AWGN channel. The 

generator polynomial chosen for this, Qgf(D) = 12 + 10D + 12D2 + 3D3 + 9D4 + 7D5 + 

D6, decodes a transmitted codeword over GF(24) for a 16-QAM modulation as follows.

gGF(D) = 12 + 10D + 12D2 + 3D3 + 9D4 + 7D5 + D6

d(D) = 11 + 2D + 4D2 + W3 + 10D4 + 14D5 + AD6 + 3D7 + 3D8 

C(D) = 5 + 13D+ 8D2+ 2D3+ 15D4+ 7D5+ 11D6+ 2D7+ 4D8 

10 D9 + 14 D10 + 4 Dn + 3D12 + 3D13 + 7 D14 

r(D) = 5 + 13D + 8D2 + 2D3 + 15D4 + D5 + 11D6 + 2D7 + 4D8 

10 D9 + 14D10 + 4D11 + 3D12 + 3D13 + 5£>14 

Ssyn = 6,8,11,8,15,1 (m = 1,2, • • •, 7)

Dmat = [1,1,0] (3.91)

The RS code used in Figure 3.25-a, posseses error correction capabilities of £er = 2 and 

^er = 3 achieves approximately 1.5 dB and 2.5 dB coding gain, respectively, at an error 

probability of Pe = 10-5 over an AWGN channel.
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Secondly, the convolutional Viterbi decoding algorithm is another powerful scheme for 

coded OFDM systems over an AWGN channel. Figure 3.25-b verifies that coding gains 

of 7 and 8 dB can be accomplished with Kqon = 3 and Agon = 7, respectively.

For example, although the Reed-Solomon coding achieves inferior to convolutional 

coding and Turbo TCM in terms of coding gain, its efficient decoder structure is 

very attractive for the use with OFDM and MC-CDMA systems for non-binary data 

transmission at a high-speed data rate. It increases spectral efficiency and can be relatively 

easily implemented On a DSP or field programmable gate array (FPGA) due to its 

simplicity in structure and circuit realisation.

Additionally, the coding gain of convolutional coding is quite good compared to TTCM 

when assessed in terms of computational complexity. For this reason, the digital audio 

broadcasting (DAB) standard using COFDM consists of an inner convolutional code 

concatenated with an outer Reed-Solomon code. The use of convolutional codes in this 

significant application encourages the idea of replacing them with turbo codes using TCM 

mapping.

As mentioned before, OFDM systems using an HPA are required to compensate for 

nonlinear distortion to avoid performance degradation, eg. by linearisation. In the given 

transmission environment, the performance of the coded OFDM systems with high-order 

modulation schemes is examined. This type of modulation is more severely affected by 

nonlinear distortions in order to see the effect of the nonlinear channel with memory. The 

simulation assumes a linear shaping filter prior to the HPA.

Figure 3.26 shows that the BER performance of the TTCM-OFDM systems with an HPA. 

While a system without predistortion is completely unusable, the BER can be greatly 

decreased through a combination of OBO and the previously presented predistortion. 

The results also suggest that a predistorted TTCM-OFDM systems can improve the BER 

performance as nearly much as for AWGN channel. As a result, it is unmistakable that 

the TTCM coding gain is very sensitive to the nonlinearity, and that a lineariser must be



BE
R

CHAPTER 3. CODED MULTICARRIER MODULATION SCHEMES 100

BER performance of 64QAM-TTCM/OFDM with a HPA (4bps,lter=5,N=512,l= 10240,K=5)

Without PD (OBO=6.0 dB) 
-m- OBO= 4dB

-f- Ideal AWGN channel

Eb/No (dB)

BERo Perform a nee of 16QAM-TTCM/OFDM with a HPA (2bps,lter=5.N=512,l=5120.K=3)

, Without PD (OB0=6 0 dB)
1 OBO=4dB

* + - Ideal AWGN channel

Eb/No (dB)

a. 16QAM-TTCM-OFDM 2 bits/symbol b. 64QAM-TTCM-OFDM 4 bits/symbol

Figure 3.26: BER performance of two TTCM 512-point FFT OFDM systems with 16- 
QAM (R=2 bits/symbol, Kcon=3, 1=5120 ) and 64-QAM (R=4 bits/symbol, KCon=5, 

1=10240) in a nonlinear environment

used to achieve the desired coding gain.

.16-QAM 512IFFT/FFT Turbo Trellis Coded OFDM system Output backoff = 6.0

Without PD OFDM 
« With PD OFDM

Without PD COFDM l=6 
-B- With PD COFDM 1=1 
0 With PD COFDM l=2 

-0- With PD COFDM l=3 
-V- With PD COFDM l=6

EbNo

16-QAM 512IFFT/FFT Turbo Trellis Coded OFDM system Output backoff = 2.0

>- Without PD OFDM

-e~ With PD COFDM 1=1

With PD COFDM l=3 
B- With PD COFDM l=6'it \ i

a. OBO = 6.0 dB b. OBO = 2.0 dB

Figure 3.27: BER performance of TTCM-OFDM systems with an HPA at different OBO 
levels (2 & 6 dB)

Figure 3.27 shows the effect of two different OBO levels on a TTCM-OFDM system with 

16-QAM modulation. For comparison, some undistorted and/or uncoded cases are also 

included in the plots. Without nonlinearity compensation (OBO = 6 dB), approximately 

8 dB coding gain are lost. However, when the proposed predistorter is used, almost the 

maximum possible TTCM coding gain for an AWGN channel can be achieved. Even an
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OBO level as low as 2.0 dB, plotted in 3.27-b, provides nearly complete performance 

recovery from nonlinear distortion by using the predistorter. Since TTCM-OFDM is very 

sensitive to distortion, this conclusively proves the effectiveness of the predistorter even 

at a low OBO.

Coded OFDM(16-QAM,512point IFFT/FFT,OB=6.0dB)with HPA over AWGN Channel 
10 .................. = ,................... ■=»«------------------------------------------- ....................

-4- Uncoded OFDM 
-T" Reed-Soloman(t=3) 

Convolutional(K=3)
Turbo Trellis Code(K=5,1=5)

Eb/No (dB)

OFDM(QPSK,512point IFFT/FFT,OB=6 0dB)with HPA in Rayleigh Fading Channel

-4- Uncoded OFDM 
-*■ Convolutional(K=3) 

Turbo Code(K=5,l=5)

Eb/No (dB)

a. Coded OFDM over AWGN b. Coded OFDM over Rayleigh

Figure 3.28: BER comparison of coded OFDM systems with an HPA (OBO = 6 dB) using 
different channel coding techniques

Figure 3.28 illustrates the BER performance of coded 512-point OFDM systems with RS 

coding, convolutional coding or TTCM in an AWGN and a Rayleigh fading channel. The 

TTCM encoder constraint length K is 5, the convolutional encoder constraint length K is 

3, and the error correction capability t of the RS code is 3. The simulation is conducted at a 

fixed OBO level of 6.0 dB and is using the predistorter. For an AWGN channel, the Reed- 

Solomon code, convolutional code and TTCM achieve approximately 5 dB, 7.5 dB and 

12 dB coding gain, respectively at a given error probability Pe = 10-5. For the Rayleigh 

fading channel shown in Figure 3.28-b, a parameter in the TTCM-OFDM decoder needs 

to be altered. For AWGN MAP decoding, the obtained channel information is defined as 

Lc = but for a Rayleigh fading channel, it must be modified to

Lc = 2^ (3.92)
i\0

where Ea denotes the estimated average symbol energy in a Rayleigh fading channel. In
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this simulation, Ea is set to a value of 0.8862. This channel information is applied to the 

calculation of the transition probability. A comparison of the BER performance between 

the Rayleigh fading and the AWGN channel reveals a discrepancy of about 1 dB for turbo 

coding at Pe = 10-5, whereas convolutional coding differs by about 7.5 dB at the same 

Pe. Asa result, the convolutional code also needs to consider channel information for the 

calculation of the path matrix in order to attain a better performance. Turbo coding is a 

very good technique to tackle fading problems in coded OFDM systems with an HPA, but 

only if a suitable predistorter minimises any nonlinear distortion.

TTCM OFDM(512point IFFT/FFT.OB= 6.0dB)with PD and HPA over AWGN channeliCf ......... .....  ....... T;,,T,,„... .............. .........t.......  ,
• 16QAM,2bits/sym(K = 5,l=5) 

16QAM ,3bits/sym (K=5, l= 5) 
64QAM,4bits/sym(K=5,l= 5)

Eb/No

Cpded OFDM(QPSK,512point IFFT/FFT)with an HPA over Rayleigh fading channel 10

“T" OBO=6.0 without PD 
OB0=6 0 with PD 

■HB- OBO=4 0 without PD 
-B- OB0=4 0 with PD 

OBO=2.0 without PD 
OBO=2.0 with PD

Eb/No (dB)

a. TTCM-OFDM in AWGN b. OFDM/TTCM over Rayleigh

Figure 3.29: Various BER comparisons of TTCM-OFDM systems with an HPA in AWGN 
and Rayleigh fading channels

Finally, TTCM-OFDM with HPA performance is analysed from a spectral efficiency 

point of view. An AWGN channel is looked at for different bits-per-symbol values and 

a fixed OBO of 6 dB in Figure 3.29-a, while QPSK over a Rayleigh fading channel is 

considered for various OBO levels in Figure 3.29-b, each with and without predistorter. 

The compelling conclusion from those graphs is thatt turbo coding offers a very drastic 

relative improvement of performance especially for low OBO values, which means it 

unfolds its full potential under those conditions. Since the nonlinearity degrades this 

effectiveness massively, a predistorter must be used with TTCM-OFDM.

Figure 3.30 shows the BER performance of a 16-QAM TTCM-OFDM system in a
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512-OFDM, B=5120,I=4,K=5,OBO=2 dB

EbNo

512-OFDM,B=5120,1=4 ,K=5,OBO=6 dB

EbNo

a. OBO = 2 dB b. OBO = 6 dB

Figure 3.30: BER performance of a 16-QAM 512-point FFT TTCM-OFDM systems with 
an HPA in a Rayleigh multipath fading channel, 2 bits/symbols, interleaver size = 5120, 
4 iterations, constraint length = 5

multipath fading environment. The complete channel information is assumed to be known 

at the receiver, with the coefficients being a0=0.670, ai=0.5, a2=0.387, a3=0.318 and 

0:4=0.223 for joint equalisation and decoding, and the predistorter uses a memory length 

of Mlut=200. These results further substantiate the observation that nonlinear distortion 

in coded OFDM systems is a substantial cause for a decreased performance, which cannot 

be recovered by channel coding.

3.6.2 Coded MultiCarrier-CDMA systems

As previously pointed out, multicarrier CDMA systems possess several outstanding 

advantages such as spectral efficiency, frequency diversity and simple equalisation. For 

this system, performance analysis is carried out by computer simulations specifically 

under the influence of nonlinearity distortion and Rayleigh fading. For the following 

simulations, a 64 x 64 orthogonal Walsh Hadamard code is employed to distinguish 

between users, and a 64-point IFFT/FFT for modulation/demodulation block. Spectral 

efficiency is improved over traditional modulation schemes through the application of 

high-order modulation schemes, such as YM-quadrature amplitude modulation (QAM)
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and MSYm-phase shift keying (PSK). Since priority is given to the performance analysis 

of channel coding in this thesis, all other reception parameters are assumed to be 

perfect. However, the disturbing influences considered in a severe fading environment 

are nonlinear distortion combined with Rayleigh fading, utilising three powerful channel 

coding techniques, TTCM, convolutional and Reed-Solomon coding. A particular 

contribution of this section is the performance analysis of a TTCM/MC-CDMA system 

with an Msym-QAM modulation scheme and a nonlinear HPA, which has not been 

evaluated in its performance before.

BER Performance of 16QAM-TTCM/MC-CDMA (2bits per symbol,N = 64,1=5120.K=5)

-0- Heration=01 : 
B Iteration 02 
■y lteration=03 -

it;; .....................:............................. •................^ '

""A = :

........................................

......................... V:............................. : V.................. :............ -

.........................\....................... i......x ;.....................

i \ ; ;'_________________ l_________\_______L________________ |_____________ _____________________
2 2.5 3 3.5 4 4.5

Eb/No (dB)

BER Performance of 64QAM-TTCM/MC-CDMA (4bits per symbol,N=64,1=5120,K=5)

lteration = 01

Eb/No (dB)

a. 16QAM-TTCM/MC-CDMA system b.64QAM-TTCM/MC-CDMA system

Figure 3.31: BER performance of TTCM/MC-CDMA systems using M-QAM (16, 64) 
over AWGN channel

Figure 3.31 shows the BER performance of an TTCM/MC-CDMA systems with MSYm~ 

QAM modulation (MSym = 16 & 64). The graphs are plotted with increasing number of 

iterations for non-binary turbo decoding in an AWGN channel. System parameters are 

as follows: random interleaver size = 5120, data rates for 16-QAM = 2 bits/symbol and 

64-QAM = 4 bits/symbols using Gray mapping as defined in Table 3.2. The BER results 

obtained through this simulation for an AWGN channel come very close to the Shannon 

limit within a few iterations.

Figure 3.32 demonstrates the different MC-CDMA BER performance for an AWGN and 

a Rayleigh fading channel after 1,2,3 and 4 iterations with QPSK modulation, an encoder 

constraint length of Kcon = 3, and a decoding block size of 6400.
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of QPSK-TTCM/MC-CDMA (N=64.1=6400,K=3) fading channel

10

Eb/No (dB)

b. Rayleigh fading channel

BER Performance of QPSK-TTCM/MC-CDMA (N=64,1=6400^=3) over AWGN channel 
10 .........h"-'.................. -3

lteration=01
lteration=02
lteration=03
Heration=04

10

Eb/No (dB)

a. AWGN channel

Figure 3.32: BER comparison of an AWGN and Rayleigh channel for turbo coded MC- 
CDMA systems using QPSK modulation

Independent Rayleigh fading without memory introduces approximately 1.7 dB additional 

loss (Pe = 10~5) over AWGN, which can easily be seen in Figure 3.32.

The next simulation examines the effect of an HPA nonlinearity in the TTCM/MC-CDMA 

systems using M-QAM modulation. The BER performance improvement introduced 

by the suggested predistorter is described, since multicarrier CDMA systems using 

OFDM modulation are more sensitive to nonlinear amplification than single carrier 

modulation systems. In order to maintain an acceptable HPA performance and minimum 

nonlinear distortion, the lowest usable output backoff for the coded MC-CDMA system is 

investigated. This simulation also aims at demonstrating the relationship between TTCM 

coding gain and the HPA nonlinearity. This is a significant issue, since MC-CDMA 

systems with great spectral efficiency must operate with high transmit power to maintain 

orthogonality at the receiver.

Figure 3.33 shows the BER performance of a TTCM/MC-CDMA system with an HPA 

for a different number of iterations and the type of the predistorter in use. The simulation 

parameters are an OBO level of 6 dB and a A/lut = 100 LUT size for memory mapping.

A very interesting distinction from the previously analysed TTCM-OFDM system can
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BER Performance of 16QAM-TTCM/MC-CDMA with a HPA (N=64,I=5120,K=5)

Eb/No (dB)

chan BER performance of 16QAM-TTCM/MC-CDMA with a HPA (OBO = 6.0. N=64,I=5120,K=5)

Without PD 
With complex PD 
Wth M-PD 
Ideal AWGN cham

EEEEEEEEEEEEEEsEEEEEEEEEEEEE:

Eb/No (dB)

a. by iteration number b. by predistorter types

Figure 3.33: BER performance of 16-QAM TTCM/MC-CDMA systems with an HPA 
(OBO = 6 dB), 2 bits/symbol, AWGN channel

be observed here: The difference between the predistorter being used or not is only 0.6 

dB, which means that MC-CDMA systems have more built-in immunity to nonlinear 

distortions than OFDM systems. In other words, the nonlinearity effects introduced 

by an HPA are not a dominant factor degrading the performance of the MC-CDMA as 

much as with OFDM. Another finding from this figure is that both predistortion types, 

complex memory mapping and amplitude memory mapping, yield almost exactly the 

same performance and come very close to the ideal AWGN curve.

Figure 3.34 illustrates the BER performance of an TTCM/MC-CDMA system with 16- 

QAM over an L = 5 Rayleigh multipath fading channel. The following simulation 

parameters are used: •

• Decoding block size : 256

• Data rate R : 2 bits/symbol (16-QAM)

• Multipath length L : 5 (time-variant Rayleigh fading)

• Number of users U : 8

• Constraint length Kqon : 5

• Orthogonal code : 32-Walsh Hadamard code

• Turbo decoding : Symbol-by-symbol MAP algorithm
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32-MC/CDMA,U=8,B=256,K=5,R=1/2,16-QAM,L=5

Iteration^
lteration=2
lteration=3
lteration=4

EbNo

Figure 3.34: BER performance of a 16-QAM TTCM/MC-CDMA system with MRC 
combiner, 2 bits/symbol, Rayleigh multipath fading channel

• Size of IFFT and FFT block : 32

• Combining type : Maximum ratio combining (MRC)

All channel coefficients are normalised so that Yh=1 |«“|2 = 1.

Figure 3.35 shows the BER comparison of an TTCM-MC-CDMA systems with an MRC 

on one hand and a MRC-iterative multiuser detection (MRC-MUD) on the other. The 

following simulation parameters are used: •

• Decoding block size : 256

• Data rate R : 2 bits/symbol (16-QAM)

• Multipath length L : 5 (slowly varying Rayleigh fading)

• Number of users U : 32

• Constraint length ACON : 5

• Orthogonal code : 32-Walsh Hadamard code

• Turbo decoding : Symbol-by-symbol MAP algorithm

• Size of IFFT and FFT block : 32
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32-MC/CDMA,U=32,B=256,K=5,R=1/2,16-QAM,L=5
... »....4- * <S> *

MRC l=3 
MRC-MUD 1=1 
MRC-MUD l=2 
MRC-MUD l=3

EbNo

Figure 3.35: BER comparison between TTCM-MC-CDMA systems with a MRC and a 
MRC-MUD, 16-QAM, 2 bits/symbol

• Combining type : Maximum ratio combining and iterative maximum likelihood 

multiuser detection (MRC-MUD).

Figure 3.35 depicts that only the MRC-MUD receiver enables the system to perform 

well under these channel conditions. However, the higher complexity of the MRC-MUD 

receiver should be taken account as the number of users increases. The important factor 

of the number of users in an MC-CDMA system is further looked into below.

Figure 3.36 demonstrates how the BER degrades as the number of active users in the 

TTCM-MC-CDMA system with 16-QAM modulation scheme increases. Both BER 

curves in the Figure have been evaluated after one pass through the TTCM decoder. 

A slow time-variant 4-path Rayleigh fading channel is assumed as a transmission 

environment.

Figures 3.37 and 3.38 show the BER performances of a TTCM-MC-CDMA systems with 

a MRC-MUD in the presence of a TWTA type HPA under different operating points 

(OBO = 2, 4, 6, 8 dB). The following simulation parameters are used:
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N=32,B=256,K=5,R=1/2,16-QAM,L=5,l=1,EbNo=2dB

zzzzzzzzzzzzz

MRC
MRC-MUD
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The number of users

Figure 3.36: The simulated BER performance over the number of active users in the 
TTCM-MC-CDMA systems, Eb/N0 = 2dB

N=32,U=16,B=256,K=5,R=1/2,16-QAM,L=3,OBO=2 N=32.U=16.B=256.K=5.R=1/2.16-QAM,L=3,OBO=4

-©“ No HPA MRC-MUD l=3 
-T- PD MRC-MUD l=3 
-■-No PD MRC-MUD l=3

EbNo

No HPA MRC-MUD l=3 
PD MRC-MUD l=3 
No PD MRC-MUD l=3

EbNo

a. OBO = 2 dB b. OBO = 4 dB

Figure 3.37: BER performance of a 16-QAM TTCM/MC-CDMA system with MRC 
combiner and iterative MUD, 2 bits per symbol over a 3-path Rayleigh fading channel 
(OBO = 2 & 4 dB)
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N=32,U=16,B=256,K=5,R=1/2.16-QAM,L=3,OBO=6 N=32,U=16,B=256,K=5,R=1/2,16-QAM,L=3,OBO=8

-e- No HPA MRC-MUD M3 
-T- PD MRC-MUD M3 

No PD MRC-MUD l=3

EbNo

No HPA MRC-MUD M3
PD MRC-MUD 1=3

-*■ No PD MRC-MUD 1=3

EbNo

a. OBO=6 dB b. OBO=8.0 dB

Figure 3.38: BER performance of 16-QAM TTCM/MC-CDMA systems with a MRC 
combiner and iterative MUD, 2 bits per symbol over a 3-path Rayleigh fading channel 
(OBO = 6 & 8 dB)

• Decoding block size : 256

• Data rate R : 2 bits/symbol (16-QAM)

• Multipath length L : 3 (slowly varying Rayleigh fading)

• Number of users U : 16

• Constraint length Acon • 5

• Orthogonal code : 32-Walsh Hadamard code

• Turbo decoding : Symbol-by-symbol MAP algorithm

• Size of IFFT and FFT block : 32

• Combining type : Maximum ratio combining and maximum likelihood multiuser 

detection (MUD)

• HPA type : TWTA

• Predistorter type : The proposed memory mapping predistorter (MLUt=100)

The three BER performance curves in each plot describe a different scenario. The 

first curve is the result of an MC-CDMA system without HPA. Next, the suggested 

predistorter is used together with the HPA. The third curve represents MC-CDMA without 

the proposed predistorter, but still with a nonlinear HPA. The figures clearly show that 

the MRC-MUD approach is quite sensitive to nonlinear distortion, but the presence of
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an effective predistorter at the transmitter can improve the performance to some degree, 

depending on the OBO.

3.6.3 Coded MultiCode-CDMA systems

This section evaluates the performance of coded multicode CDMA systems with 16-QAM 

in the presence of an HPA over a multipath fading channel.

Orthogonal coding is one of the important factors when judging the performance of 

multicode CDMA systems. A BER comparison of multicode CDMA systems using PN 

and Walsh codes is shown in Figure 3.39. The modulation scheme in this simulation is 

16-QAM, and the Walsh code length for orthogonal signals is 8.

MultiCode CDMA,Nw=32,U=32

-e- PN code Np=63 
Walsh Code Np=64 

-a_ PN code Np=127 
Walsh Code N =128

Eb/No [dB]

Figure 3.39: BER performance of multicode CDMA systems using PN and Walsh 
Hadamard codes over an AWGN channel

Figure 3.39 shows that a perfect orthogonal code (Walsh code), achieves a better 

performance in a multicode CDMA systems than a conventional PN code.

Figure 3.40 shows the BER versus the number of users under different Eb/N0 values (0, 5 

& 10 dB). As it could be expected from theory, the Walsh code outperforms the PN code
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MultiCode CDMA EbNo=0 dB AWGN channel.N =8
W

PN code Np=31, EbNo=0dB 
PN code Np=31, EbNo=5dB 

-B- PN code Np=31, EbNo=10dB 
Walsh code Np=32, EbNo=0dB 
Walsh code Np=32, EbNo=5dB

The number of users

Figure 3.40: BER versus number of users in a multicode CDMA system over an AWGN 
channel

due to its perfect orthogonality, even at a lower Eb/N0.

Next, the effect of nonlinear amplification on multicode CDMA systems is evaluated 

by computer simulation. Figure 3.42 demonstrates the BER performance of multicode 

CDMA with the proposed predistorter and an HPA over an AWGN channel.

This analysis confirms that a significant multicode CDMA performance degradation is 

incurred by a nonlinear amplifier, which can be effectively reduced by the proposed 

predistorter, particularly for a higher OBO.

Figures 3.43 and 3.44 show the BER performance of TTCM-MC-CDMA systems with a 

RAKE receiver using the maximum ratio combining method in an AWGN and multipath 

fading environment,using the following parameters: •

• Length of Walsh code for signal orthogonality Nw : 16

• Length of Walsh code for user orthogonality Np : 32

• Constraint length for TTCM encoder and convolutional encoder ATcon :5

• Block length for turbo decoding AWm : 800
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Received 16-QAM signals

a. without the predistorter

Received 16-QAM signals

.....
---Jk*---

....

* * •!*

xMi' 
.....ndBf

i§F-
m

■41--

_____ i_____ i

...

i_____ i_____ ii_____ i_____
-4 -3 -2 -1 0 1 2 3 4

Real

b. with the predistorter

Figure 3.41: Constellation of received 16-QAM multicode-CDMA signals with the 
predistorter and an HPA (Eb/N0 = 20 [dB] & OBO=6 [dB])

MultiCode CDMA.N =64,N =16,U=32

No HPA
OBO=4 dB with PD 
OBO=4 dB without PD

EMMo [dB]

a. OBO=4 dB

MultiCode CDMA.N =64,N =16.U=32

No HPA
OBO=8 dB with PD 
OBO=8 dB without PD

Eb/No [dB]

b. OBO=8.0 dB

Figure 3.42: BER performance of multicode CDMA system with 16-QAM in with an 
HPA over an AWGN channel (OBO = 4 & 8 dB)
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MultiCode CDMA,Np=32.Nw=16,U=16,K=5,R=1/2,B=800

Uncoded
Convolutional K=5 
TTCM K=5 l=3

Eb/No [dB]

Figure 3.43: BER performance of a coded multicode CDMA system over an AWGN 
channel

MultiCode CDMA.N =32,N =16,U=32.R=1/2,B=800.K=5.I=3p W

Figure 3.44: BER performance of a coded multicode CDMA system over a multipath 
fading channel for uplink case
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• High-order modulation scheme : 16-QAM

• TCM type : Gray mapping

• Interleaver type : random interlever

• Number of users U : 32

• Data rate R : 2 bits per symbol

• The number of iterations for TTCM decoding : 3

• Combining method for the RAKE receiver in the time domain: maximum ratio combing 

(MRC)

• Time-invariant multipath fading channel

MultiCode CDMA.Np=32 Nw=16 IJ=32 R=1/2 6=800 OBO=4

-0- Without PD,L=4
Uncoded with PD,L=4 
Uncoded with PD. L=2 
Convol with PD,L=4 
Corrvol with PD,L=2 
TTCM with PD,L=4 
TTCM with PD,L=2

Eb/No [dB]

a. OBO-4 dB

MultiCode CDMA.Np=32 Nw=16 U=32 R=1/2 B=800 OBO=5

-Q- Without PD,L=2
Uncoded with PD,L=4 

-•9- Uncoded with PD, L=2 
Convol with PD,L=4 
Convol with PD,L=2 
TTCM with PD,L=4 

-T- TTCM with PD,L=2

Eb/No [dB]

b. OBO=5.0 dB

Figure 3.45: BER performance of TTCM multicode CDMA system with 16-QAM over a 
nonlinear multipath channel for uplink case (OBO = 4 & 5 dB)

Figure 3.46 shows BER comparison of coded multicode CDMA systems without a 

predistorter over a nonlinear multipath fading channels and it confirms that a significant 

MC-CDMA performance degradation is incurred by a nonlinear amplifier particularly for 

a lower OBO.

Figure 3.45 and 3.47 show the BER performance of TTCM-MC-CDMA systems with a 

RAKE receiver using the maximum ratio combining method over nonlinear multipath 

fading channel in uplink and downlink case. As shown in the Figures, the effect of 

nonlinear HPA in the coded multicode-CDMA systems is less than in the uncoded MC-
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MultiCode CDMA (N =16,N =32,U=32,L=4)v w p 7

Eb/No

Figure 3.46: BER comparison of coded multicode CDMA systems with a HPA over 
nonlinear multipath fading channels

MultiCode CDMA (N =16.N =32,U=32,L=4,OBO=4 dB)' W ' p ' MultiCode CDMA (Nw=16,Np=32,U=32,L=4,OBO=6 dB)

E?;;r;;r »»♦>♦♦♦«♦

Uncoded MC-CDMA without PD 
-T- Uncoded MC-CDMA with PD

Convolutional coded MC-CDMA with PD 
TTCM MC-CDMA with PD l=3 

-A- nCM MC-CDMA with PD l=5

Eb/No

m io'
Uncoded MC-CDMA without PD 

-T- Uncoded MC-CDMA with PD
Convolutional coded MC-CDMA with PD 
TTCM MC-CDMA with PD 1=3 

-A- TTCM MC-CDMA with PD 1=5

Eb/No

a. OBO=4 dB b. OBO=6.0 dB

Figure 3.47: BER comparison of coded multicode CDMA systems with a HPA and the 
predistorter over nonlinear multipath fading channels
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CDMA systems as the proposed predistorter is employed. In other words, a significant 

improvement in terms of BER and transmission power efficiency of the multicode-CDMA 

systems with a HPA can be achieved by combination of TTCM with the predistorter.

3.6.4 Summary of the simulations

Several important findings can be reported from the previous simulations of coded OFDM 

and MC-CDMA systems.

Firstly, the proposed types memory mapping predistorters are very effective to increase 

the coding gain of TTCM, which allows for a reduction of the output backoff and a more 

efficient use of a nonlinear amplifier.

Secondly, TTCM-OFDM systems are not able to maintain acceptable coding gain and 

system performance without any predistorter, whereas TTCM/MC-CDMA systems are 

relatively robust against nonlinear distortion.

Thirdly, TTCM coding has more immunity to the nonlinear distortion than other 

conventional channel coding schemes, such as the Reed-Solomon and convolutional 

codes. The performance degradation caused by a Rayleigh fading channel is very 

similar between OFDM and MC-CDMA. However, the desired coding gain in multicarrier 

modulation systems using ATgYM-ary QAM can be attained through a simple modification, 

minimising the fading effects.

It is also found that the pragmatic approach using the bit-by-bit MAP algorithm requires 

more decoding computations than the symbol-by-symbol MAP algorithm; hence it cannot 

be the best solution for non-binary turbo decoding. On the other hand, the pragmatic 

method is easier to apply to a variety of communication environments due to the use 

of a simplifying approximation created from the observation of the received signal 

constellation. This makes it more adaptable than turbo equalisation, which is based 

on a combination of iterative equalisation and turbo decoding in order to improve the
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performance in a non-Gaussian channel.

The simulations have also verified that it is possible to improve the BER performance 

of OFDM and MC-CDMA systems with high-order modulation schemes in the presence 

of a nonlinear HPA. The results can be within 1 dB from the Shannon limit by using 

the proposed predistorters, even at an OBO level as low as 2 dB. A novel result and 

contribution is also the performance analysis of TTCM-MC-CDMA systems with M-ary 

QAM modulation schemes, which are operated with an HPA and a linear shaping filter, 

resulting in nonlinear distortion with memory.

Furthermore, the performance of OFDM and MC-CDMA systems using 16-QAM and 

a HPA over slowly varying Rayleigh multipath fading channel is evaluated. The 

performance degradation introduced by the nonlinearity of the HPA was estimated and 

corrected through the application of the proposed predistorter.

Another evaluation with significance for the IMT 2000 standard for the future mobile 

communications systems is the performance of multicode CDMA systems. For an 

improvement in spectral efficiency, the use of TTCM with 16-QAM with a nonlinear 

HPA is analysed. Simulation results confirm that TTCM channel coding can attain a 

substantially better performance than convolutional coding, which is currently used as 

a standard for multipath fading channel. Most importantly, TTCM multicode CDMA 

systems are less sensitive to nonlinear effect than uncoded multicode CDMA systems. In 

other words, when TTCM is used in multicode CDMA systems, improvement of BER 

performance and power efficiency in a nonlinear channel is close to those in a linear 

channel.

Since the topic of equalisation promises to improve results even further, several techniques 

will be investigated in the following chapter.
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Chapter 4

Equalisation Techniques

In wireless communication environment, multipath fading is one of the most important 

factors to be concerned. In order to cope with the multipath distortion, an equalization 

technique is required at the receiver. Multicarrier modulation schemes with parallel 

transmission are robust to frequency selective fading channel and relatively simple 

to equalize in the frequency domain. A variety of frequency-domain equalisation 

algorithms [46] [47] has been published mitigating intersymbol interference (ISI) and 

intercarrier interference (ICI). The least mean square (LMS) and proportional equalizers 

are commonly used to compensate channel distortion. In this chapter, an improved LMS 

equalisation algorithm for OFDM systems in the presence of a HPA is presented and 

compared to the conventional LMS equaliser.

In addition, maximum a priori probability (MAP) equalization have been regarded as a 

near optimum approach, which is based on finding a symbol with a maximum likelihood 

value using given channel parameters. For the case that the channel parameters are not 

given, the expectation maximization (EM) algorithm [57] [74] can be used for a self

recovery equalization technique based on iteratively maximizing likelihood functions. In 

other words, it needs no prior knowledge of the channel. For the proposed blind MAP 

equaliser, sharing of the maximum likelihood information required for channel estimation 

and equalization efficiently leads to reduction of computational complexity and optimum



CHAPTER 4. EQUALISATION TECHNIQUES 120

decision on information symbols which minimizes the symbol error probability. In this 

chapter, a blind MAP equalizer via modified EM algorithm based on a forward and 

backward algorithm specially for multi-level modulation schemes is introduced.

Recently, turbo equalisation schemes based on a combination of iterative turbo decoding 

and equalisation have received a lot of attention in various applications of wireless 

communication systems. Turbo equalisation [58] [59] [60] has been the most commonly 

dealt with a binary transmission system in the literature, which results in low data 

transmission rate and is not suitable for a bandwidth limited environment. For this reason, 

a novel TTCM-equalisation based on combination of turbo trellis coded modulation 

mapped to achieve high spectral efficiency with a modified MAP equalisation to convert 

from symbol LLR to bit LLR is presented in this thesis. Then, the modified MAP 

equalisation is extended to an unknown channel and the examination of a blind TTCM 

equalisation technique using the EM algorithm for M-QAM transmission systems is 

carried out.

4.1 The Basic Principle of Equalisation in the Frequency 

Domain

Figure 4.1 shows a general baseband OFDM system structure with an HPA, equaliser and 

channel decoder, on which the evaluation of the LMS equaliser proposed in this chapter 

is based.

The received signal is demodulated using FFT and then equalised in the frequency 

domain, which is the technique most commonly employed for OFDM. Conventionally 

used equalisation methods [46] compensating for signal distortion introduced by a 

multipath channel are the least mean square (LMS) and proportional algorithms [47], but 

these equalisation techniques are limited to invariant or very slowly changing channels. 

Firstly, the conventional LMS equalisation is revisited for better understanding. The



CHAPTER 4. EQUALISATION TECHNIQUES 121

Transmitter HPA
AWGN

Receiver

TWTA

Decoding

Figure 4.1: General baseband OFDM system block diagram with an HPA, equaliser and 
channel decoder

multipath fading channel model [43] in the time domain can be expressed as

h(t) = J2 exp(jdMt - lTd) (4.1)
1=0

where af\ 0i and Td denotes the attenuation factor, phase and propagation delay of the 

l-th path. By discreting Eq. 4.1 at t = nTs , where Ts is sampling period, the Eq. 4.1 

under assumption Ts is equal to Td can be rewritten as

L-1
h(t) = h[nTs] = h[n] = otf1 exjp(j0i)5[n — f] (4.2)

;=o

where S(-) is the Kronecker delta function, which is defined as

5[n — l]
n — l, 1 

n 7^ l, 0
(4.3)

Then, the m-th received OFDM signal with symbol duration Isym = + Nq\Ts

after passing through the channel filter can be written as

^FFT — 1 L—l

r[m] = a^hxc[n ~ l ~ Tn(NyFT + Ngi)\ exp(j9i) + ^[n]
n= — Nc 1=0

= h[n] xc[n - m(NFFT + NGi)} +'tp[n\ (4.4)
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where <g>, [n] and 7VGI represents convolution operation and a complex Gaussian noise

and length of the cyclic prefix. The cyclic prefix of the received signal is first removed 

and the received signal is passed into the demodulation block using the n-th orthogonal 

subcarrier fn = n/{NyytTs)[Uz\. Thus, the demodulated signal X[k] for a block of 

duration NfftTs [sec] is

„ ivFFT-i f L—1 'i / kn \
x[k] = £ { 12 at exp(jdi)x[n - l - mNFFT] \ exp I ---- )

n=0 U=0 J V ’ FFT /

N^ ,r , / .. kn \
+ 2L exP ----

n=0 V VVFFT J

= X[k]H{k} + ^[k} W k = 0,l,---,NFFT- 1 (4-5)

Eq.4.5 is equivalent to /VFFT-point discrete Fourier transform (DFT). Therefore, a fast 

implementation by fast Fourier transform (FFT) can be employed. The demodulated 

signal is subsequently multiplied by the equaliser coefficients CEq[£;], The resulting 

equalised signal XFq[A:] is expressed by

-^eq[&] =

= CEQ[k]X[k}H[k} + CEQ[k)n[k} (4.6)

To calculate the equaliser coefficients based on the LMS algorithm, training signals or 

adaptive approaches are generally used. The coefficients derived from a training signal, 

which is transmitted to estimate the channel characteristics, are specified by the following 

equation.

Ceq [k\
m

(4.7)

where X[k\ represents the k-th transmitted training signal in the frequency domain. To 

find the correct coefficients, the LMS equalisation algorithm updates the coefficients
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iteratively for the equaliser till the following mean square error (MSE) values are 

minimised.
1 ATfft -1

mse = - £ (*[*] - CeqM - XM)2 (4.8)
k=0

where f?[/c] represent the A:-th demodulated signal. The equaliser’s tap coefficients are 

updated by the following equation using the LMS algorithm.

CEQ[k}{t+1) = CEQ[k]U + £{X[k} - CEQ[k}^X[k]}X[k}* (4.9)

where £ denotes a learning constant and (X[k] — CEQ[fc]^X[fc]W) represents the i- 

th error value which has to be minimized. In the case of adaptive LMS equalisation, 

the transmitted signal X[k] is unknown at the receiver. To determine the X[k) value, 

the Euclidean distance between the equalised symbol X[k] and all possible symbols 

is calculated, and the symbol with the minimum Euclidean distance is regarded as the 

transmitted signal X[k] and utilised to update the equaliser coefficients.

For the use of the equalisation algorithm for time varying channels, the initial value can 

be calculated by Eq. 4.7 after sending the training signals.

4.2 An Improved Adaptive LMS Equalisation Based on 

Training Signals

In this section, an improved LMS equalisation algorithms [66] in the frequency domain 

is presented. Computer simulation confirms that the proposed equaliser has a faster 

convergence rate and a better performance than the conventional equaliser described in the 

previous section. To illustrate the difference between the improved and the conventional 

LMS algorithm more clearly, the demodulated complex signal is separated into a real and 

an imaginary part. Then, Eq. 4.9 is applied to update the equaliser coefficients using the
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LMS algorithm, and can be rewritten as

(CeqM + = (^eqM + faeqW)^

+ i{eQ + jeIf\XQ[k\-jXI[k}) (4.10)

where eg and e/ represent the real and the imaginary error value, respectively. These error 

values are defined as

4’ = *«(*] - {*eMcg#](i) - x,[(c]c'Q[fc]('>}

ef = X,[A]-{Xs[*]C|Q[*](') + X,[/c]Ci’Q[*:]<*)} (4.11)

By using Eq. 4.11, Eq. 4.10 can be modified to

cg#)('+1> = CfQ[fc]<!> - £(*„[%<*> + X,[k]ef)

C^[k?'+» = C^\k}^ ~i(XQ[k]ef - X,[k]ef) (4.12)

The error calculation of the improved LMS equalisation algorithm is given by

4* = XQ{k]~XQ[k)
= Y ,,, ^WgEQ[fcl(" + MWP

ef = X,[k] - X,[k] (4.13)
= y i.d ~ ^MCbqM1,1

This Eq. 4.13 is then substituted back into Eq. 4.10 to form the new and improved 

coefficient updating equation. Should this approach be used with an adaptive algorithm, 

the transmitted complex signal Xq[/>;] + jXj[k] is obtained through the training signals.

This new equalisation approach also gives a good performance in the presence of a 

nonlinear HPA, compared to the conventional equaliser, which is proven by computer 

simulation.
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4.3 MAP Equalisation

MAP equalisation computes the probability of each transmitted symbol passed through 

a non-recursive linear channel filter. Hence, The MAP equlisation is very similar to the 

MAP decoding except that the received symbol is passed through the recursive or non

recursive filter. Figure 4.2 shows a transmission model with a linear channel filter and 

binary symbols b[k] G {+1,-1}, which are independent and identically distributed (iid). 

A posteriori log likelihood ratio is defined as

AWGN

Bit b[k]
Interleaver

m Channel
1
s % MAP Deinterlear

A
faM Recovered

stream .....w filter U ** Equaliser hit stream

Figure 4.2: Transmission model with a linear channel filter

a m) = log
P(b[k] = l|rfSYM) 
P(b[k] = 0|rfSYM)

(4.14)

where rf SYM represents the received symbol sequence (r[l], r[2], • • •, r[/fSYM])- By 

substituting a posteriori probability into forward and backward probability, Eq.4.14 can 

be rewritten as

2l-
A(6[fc])=log ak(s)ik{l,s)f3l(s”) -log 5Z Msbfc(0,s)/?£(s") (4.15)

,s=0 5=0

where ajfc(s), 7^(0, s),/3®(s') and L represent the k-th forward probability for state s, the 

k-th transition probability for state s at input 0, the fc-th backward probability for state s 

at input 0, and the number of channel coefficients. Initially, the first forward probabilities 

for all states 5 is set as

a0(s)
1, s = 0 

0, s^0
(4.16)
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Then, the forward probabilities ak(s) (k = 1,2, ■ ■ ■, ffsYM — 1) are calculated as

ajfc(s)
{afc-i(s')7fc_i(0) s') + ajLifc'bfc-il0. s')}/Noimk^, s = 0,2,4, • • •

{afc-ifa'bfc-iU. s') + ot1k_1(s')'>&_1(l, s')}/Normfc_i, s = 1,3, 5, • • •
(4.17)

where Norni/c_ i is given by

Norm*-! E
s=0

z^ak
fi=0

_1(S')7f-1(0, s') + £ «£_,(«') s')
fj,—0

(4.18)

where s' denotes the previous state. The calculation of the forward probabilities is a major 

difference between recursive and non-recursive filter in implementing MAP module. In 

order to compute backward probabilities, the last backward probabilities (3kSym-i(s) f°r 

all states s is set to one. Then, the backward probabilities pk_i(s) is calculated as

Pk-i(s) = {$(s"b°(0, 5) + Pl(s"H(l, s)}/Normfc (k = 1, 2, • • •, KSYu - 2)

(4.19)

where s" indicates the next state. Next, the transition probabilities -yk(^, s) is calculated 

as
7k(n, s) = ~ exp |r[fc] ~ Map(/b s)|) (4.20)

where Map (/i, s) denotes the output of channel filter for state s at input p and a indicates 

the nose variance. Finally, k-th equalised symbol b[k] is obtained by

b[k]
+1, A(6[Aj) > 0

-1, A(b[k}) < 0
(4.21)

4.4 Modified MAP Equalisation for M-ary QAM

The combination of maximum a-priori probability (MAP) equalisation and channel 

decoding promises to be a good pathway to attain a high performance in a multipath fading 

radio environment. Even though the implementation of the MAP algorithm [33] [48]
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[49] [50] [51] is quite complicated, its outstanding performance attracts a lot of attention 

in wireless communications research. In this section, the original MAP algorithm is 

first described for a better understanding of turbo equalisation, which is based on the 

combination of MAP equalisation and turbo decoding. A modified soft output generator 

for non-binary MAP equalisation, which converts symbol log-likelihood ratio (LLR) to 

bit log-likelihood, is subsequently presented. This de-mapping technique is required for 

turbo equalisation for non-binary systems.

The MAP equalisation computes the a-priori probability of each transmitted bit which 

passes through a channel. In other words, the MAP algorithm is a symbol-by-symbol 

detection of the transmitted sequence using soft inputs (a-priori symbol probabilities), 

and it generates soft outputs (a-posteriori symbol probabilities). In this section, MAP 

equalisation for a known channel is described with respect to implementation, which 

might be easier to understand than with respect to a-priori or a-posteriori probabilities.

Initially, values of the forward probabilities a0(s), (s = 0,1, - - -, M^ym ~ 1)> where 

Msym is the number of symbols and L is the number of path, are set to

where Asym represents the number of received symbols to be equalised, and s is the 

state of the channel filter. In addition, all a-priori probabilities Lca[k\ for decoder 1, which 

are used to to increase the reliability of the equalised symbols, are set to 0. For turbo 

equalisation, these values can be obtained from the turbo decoder.

For symbol-by-symbol MAP equalisation, the transition branch probability 7k(m,s) is 

calculated by

where m denotes input state (m = 0,1, • • •, log2 Msym) and Mapc(m, s) represents 

the output of the channel filter corresponding to input m at state s. Then, by using the

1, s = 0
aoO)

0, s 0
(4.22)

(4.23)
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precalculated transition probabilities, the forward probabilities can be calculated.

EA^sym-1
771=0 ak-i{s')^k-\{m',s')

V^sym-1 EMsym — 1
771=0 ftfe_1(s,)7fc_1(m/,s/)

(4.24)

where s' represents the next state following s coming from input m. rn! is decided by

m' = INT(
M<SYM

(4.25)

where INT(-) symbolises the floor function and is defined for a non-recursive filter. 

Unlike the turbo encoder, the channel filter is non-recursive, hence the state transitions 

are different from those of a recursive encoder. After that, the remaining backward 

probabilities PKsym-i(s) is calculated as

Pksym-i{s) —
Emio" 1 ar/rSVM-i(s')7<fsvM-i(m'.s')

E"sov“_'E"3“'‘a/tsvU^(s,)'f*-sv„-i("‘'.s')'1 r^MsYM-1
(4.26)

The backward probabilities Pk(s) can then be obtained from Afcsym-i(s)

Pk-i(s) =
Em=T 1 Pk{s")lk{m,s’)

E;1soym *E
(4.27)

where s' represents the state preceding the s-th state coming from the m-th input. Finally, 

the a-posteriori probability is calculated as a soft output.

Afc(m) = log
EfllT-1 Mshkjm, s)Pk{s")/Normk

Es=£™_1 ak{s)lk{Q,s)Pk{s*)
(4.28)

where 5° represents the state preceding the s-th state coming from the 0-th input, and 

Normk is the A:-th normalizing value defined by

^SYM 1 A^SYM -1 ^
Normk = ak(s)'yk(m,s)pk(s') (4.29)

5=0 771=0

In this MAP equaliser, the symbol with the maximum a-posteriori probability ratio is
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regarded as the final equalised symbol.

Unfortunately, the logarithm of the symbol a-posteriori probability ratio cannot be directly 

used as a soft input to the TTCM decoder for TTCM equalisation. To combine the MAP 

equaliser with the TTCM decoder, the logarithm of the symbol a-posteriori probability 

ratio Ak(m) needs to be modified, which is performed in this thesis.

A TTCM equalisation scheme is required to generate a bit-by-bit soft output. The bitwise 

soft output A (bf) can be calculated as

MK) = lo§
^ MsYM — 1

exp(Afc(m))
\m=0&zb£ = l

- log
^ ATsym-1

exp(A k(m)) (4.30)

where b£ denotes the /r-th bit of the k-th symbol. The calculation of the a-posteriori 

probability ratio A(b^) necessitates additional computation, which is inevitable for TTCM 

equalisation.

4.5 EM based Blind Channel Estimation

In this section, an iterative channel estimation based on expectation maximization (EM) 

[53] [54] [57] is described. The EM algorithm has been applied to a variety of 

applications. However, most of the applications are carried out in constant envelope 

transmission systems. In this thesis, as if turbo trellis coded modulation techniques has 

been developed and enhanced from binary turbo code to increase bandwidth efficiency, a 

modified EM algorithm applied to multilevel modulation schemes is introduced for blind 

channel estimation, which is also applicable to a blind turbo TCM-equalisation.

Figure 4.3 shows the structure of an iterative MAP equaliser using the EM algorithm. 

The received signals are passed into the MAP calculation block, where the log likelihood 

ratio (LLR) required for EM channel estimation is evaluated. The output is subsequently
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EM algorithm
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Calculation

Channel Estimator

MAP
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Figure 4.3: the proposed MAP equaliser using EM algorithm

transferred into the channel estimation block, updating the channel parameters through 

the LLR algorithm. This iterative procedure is repeated until the LLR converges.

The EM [57] and the MAP algorithm [49] [50] share several similar parameters, such as 

forward, backward and transition probabilities. The computational complexity of both 

the MAP algorithm and EM algorithm can be reduced, because the two complicated 

algorithms share the LLR.

Since MAP equalisation for Msym-QAM has already been described in the previous 

section, the calculation of the channel coefficients and the variations to the algorithm 

by EM is only briefly explained. In order to estimate the channel coefficients through 

the EM algorithm [57], the autocorrelation matrix Am at related to all possible channel 

outputs and the crosscorrelation vector Cvec between all possible outputs and received 

symbols needs to be calculated. This idea is described by the following equation.

Amat (^) H = Cvec (4-31)

where 0 and H represent matrix multiplication and the estimated channel parameter 

vector, for which Eq. 4.31 can be rewritten as

H = Cvec (^)[Amat] 1 (4-32)

where the inverse autocorrelation matrix [AMat]_1 is given by
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[Amat] 1 —

✓
( V(0,0) - •• V(L — 1,0) ^ >

^SYM 1 ^SYM — 1

E E
V(0,1) • V(L — 1,1)

>
fc=0 s=0

VV(0,L-1) • V(L — 1,L — 1) ,
>

(4.33)

where V(m, n) is given by

V (to, n) = dmd*nP(Xk = dk,h^\rk) (4.34)

where P(Xk = dk, h^lr/.) represents the log likelihood probability for the case that the 

k-th received signal rk is the symbol dk when the estimated channel parameter is h^, and 

i indicates the number of iterations.

Then, the cross-correlation vector is calculated as

Cvec
^SYM~ 1 ^SYM 1
E E
k=0 s=0

(%r*kP(Xk = dklhW\rk) 

d\r*kP(Xk = dkMi)\rk)

\

dsL_xr*kP(Xk = dk,h^\rk) /

(4.35)

The channel variance cr2 is obtained by the following equation.

1 ^SYM-l ^SYM-1
ac2(z) = ------ £ £ {rfc-Mapc(Xfc = 4,h«))}2P(Afc = 4,h«|rfc)

asym k=0 s=o
(4.36)

where Mapc(3ffc = dk, hJl>) denotes the output of the transversal filter corresponding to 

the input Xk at state s. For the next iteration, the following transition branch probability 

7k+1\m, s) based on the estimated channel h-l) and variance <r2(i) is calculated as

7ri)(m, 5) = —exp (-^-Lj{rk - Mapc(Xk = dk, h«)}2j
(4.37)
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The backward and forward probabilities o4+1(s), /3£+1(s) are then calculated from the 

transition probabilities. Afterwards, the i + 1-th log likelihood probability is obtained by

P(Xt = 4,h<‘>|r*),‘+1) =
4i+1)(*b.,6+1) (<+1)/

.5:3VM^al'+1)W7ril(0.s)4i+1|(5«)7
) /Normk

(4.38)

where Normk denotes the fc-th normalizing value calculated by

'^SYM 1
Normk = £ P(Afe = 4,h«|rfc)(i+1) (4.39)

S—0

to use the fact that ^f=o P(Xk = <4|rfc)(l+1) = 1. Until a Total Log-Likelihood (TLL) 

value which is given by

^SYM — 1 S— 1
TLL = log( £ Y,P(Xk = dkMi)\rk){l+1)) (4.40)

k=0 s=0

is converged to an arbitrary value, the channel parameter estimation is repeated. The final 

equalised symbols are determined by the logarithm A k(dk) of the a-posteriori probabilities 

in Eq. 4.30.

As described above, the log-likelihood information which requires huge computational 

complexity can be efficiently shared with MAP equalisation and EM based channel 

estimation and the applied EM algorithm to Msym-QAM transmission systems should 

be modified in a similar way to modify the backward and forward algorithm for turbo 

trellis coded modulation.

4.6 Turbo Equalisation for M-ary QAM

Turbo equalisation [52] [62] is based on the combination of an equalisation and an 

iterative turbo decoding algorithm, and has become an important issue regarding optimum 

receiver design. It increases spectral efficiency and achieves a higher data rate when
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used in conjunction with multilevel modulation schemes such as MSYM-ary QAM. 

Therefore, this section deals with the topic of TTCM equalisation techniques for M$ym- 

QAM in a known ISI channel, based on modified binary turbo equalisation liaising with 

multilevel modulation schemes. The most important part in implementing non-binary 

turbo equalisation is how to change symbol LLR to bit LLR for turbo decoding and bit 

LLR to symbo LLR for MAP equalisation.

Interleaver

Deinterleaver

SISO
Equalizer

Tuiho
Decoder

ilk]

Figure 4.4: General structure of a turbo equaliser

Figure 4.4 shows an iterative turbo equaliser with a soft input soft output (SISO) 

MAP-equaliser and a turbo decoder. In this thesis, the MAP algorithm is used for 

the implementation of an optimum turbo equaliser with SISO equaliser. The a-priori 

probabilities are passed back from the turbo decoder trough a deinterleaver and form the 

inputs of the MAP equaliser. Aided by the a-priori probabilities, the received signals 

are equalised by using the MAP algorithm with known channel information. The in 

the previous step computed a-priori probabilities Lack are subtracted from these soft 

outputs, deinterleaved and delivered to the turbo decoder. By using the MAP algorithm 

based on the turbo encoder’s information, the a-posteriori probabilities and the extrinsic 

information Leck are calculated. The latter values become the a-priori probabilities for 

the MAP equaliser. After a given number of iterations, the received signals are finally 

decoded.

There are a few issues to be considered with turbo equalisation using MAP algorithms. 

Firstly, the ISI channel is a non-recursive filter and therefore different from the turbo 

encoder. For this reason, the two MAP algorithms of the turbo decoder and the equaliser 

are different in their trellis paths. Figure 4.5 shows the difference between the two trellis 

paths. It is apparent that the next state, corresponding to another input, is different. Hence,
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Figure 4.5: Trellis diagrams for the encoder and the ISI channel

as the forward and backward probabilities are calculated, this difference should be taken 

into account to obtain correct probabilities. In the case of the non-recursive filter with a 

large Msym, the forward probabilities nk(s) are calculated as

Ms) =
eSt-1 s')

(4.41)

where the modified m! is defined in Eq.4.25. In contrast, the forward probabilities o^fs) 

of the recursive filter are derived from

ajk(s)
E^IT'1 E^m_1 afc-1(s,)7fc-i(»n. 5')

(4.42)

Secondly, the reliability of the equalised symbols can be increased. This is achieved in 

the calculation of the transition probability for the MAP equaliser, where the a-priori 

probability is added. Consequently, the transition probability 7£(m, s) becomes

7riVr
exp

2 Nr
(rfc - Mapc(m, s))2 ) 7jf (m)jck(m,s) (4.43)
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where 7jf (m) is the a-priori information, calculated by

log2 Msym —1

7 k(m) Y, <tanh(La£) (4-44)
fi=0

where represents the p-th bit mapped to the m-th symbol, and La% denotes the /i-th 

bit a-priori information from the TTCM decoder.

For higher modulation schemes, the logarithm of symbol a-posteriori probabilities Ac(dk) 

from the MAP equaliser is separated into log2 Msym-bits Lle by using Eq. 4.30. For 

implementation reasons, these values should be multiplied by a constant to avoid overflow 

in turbo decoding and to allow a correct performance evaluation.

Before the soft output is fed into the turbo decoders, the equivalent variance of the soft 

output is calculated from the TTCM decoder [62]:

a2
C

1 i^SYM ~ 1 l°g2 ^SYM~ 1

A"sym log2 Msym fc=0 

1

£ £ \L‘ ,M|2

ji—0
^SYM -1 loS2 ^SYM - 1 \

. ,,----- £ T, («We^) -1
ATsYMlog2MsYM Y() Mo )

(4.45)

(4.46)

where Le£ represents the /j-th bit from the fc-th soft output, and uhf denotes the sign of 

the fi-th bit from the k-th Ac(<4). The variance a;2 is then used to calculate the branch 

transition probabilities for TTCM decoding.

The proposed modification of these probabilities, 7fc(m, s), is done as follows

1 / 1 log2MsYM/2 \
7lira, s) = —2 exP ~TT £ (Lek ~ b(5)'")2 7k(m) (4-47)

n<Jc \ 2 a2c ^ J

where b(m, s)'1 represents the n-th bit mapped to a symbol which is generated from the 

m-th input and the s-th encoder state.

Finally, by using Eq. 4.30, the TTCM decoders generates log2 Msym bits of extrinsic
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information for each symbol, which is subsequently used as a-priori information in 

the MAP equaliser. The proposed TTCM equalisation was compared to other turbo

equalisation techniques [76] [77] devised for multi-level modulation schemes. It is 

confirmed from computer simulation that the proposed approach is superior to others in 

terms of BER but the computational complexity of the proposed turbo equalisation needs 

to be reduced relatively.

In the next section, the blind TTCM equalisation based on a combination of the EM MAP 

equaliser and TTCM decoding for MSym-QAM is introduced.

4.7 Blind TTCM Equalisation for M-ary QAM

Blind TTCM equalisation with an iterative channel estimation [58] [59] [60] based on the 

EM algorithm has a great potential to be used in wireless communication as a optimum 

receiver. In this section, blind TTCM equalisation with a high order modulation scheme 

is presented. In [58], turbo equalisation was applied to the joint channel parameter 

estimation and symbol detection and operates blindly. However, the difference between 

[58] and this approach is that the MAP equaliser with the EM channel estimator for the 

high order modulation schemes is combined with the Turbo Trellis Coded Modulation 

(TTCM) for Msym-QAM. It is important to note that there are many differences between 

the binary turbo equalisation and TTCM equalisation, as mentioned in the previous 

section.

Figure 4.6 shows the structure of a blind TTCM equaliser modified for Msym-QAM. The 

received in-phase rf. and quadrature r® Msym-QAM symbols are simultaneously fed into 

the TTCM-MAP equaliser and the channel estimator. Then, in the MAP equaliser block, 

transition, backward and forward probabilities are calculated from the estimated channel 

coefficients and the variance. In this approach, the channel transition probabilities are 

calculated with the help of the a-priori information derived from the two MAP decoders.
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Figure 4.6: Structure of a blind TTCM equaliser for Msym-QAM

The a-priori information is applied to the transition probabilities given by

TO, 5)
log2 Msym —1

J2 <(m,s)tanh(La£)
/i=0

(4.48)

where 7represents the A>th transition probability for the i-th iteration, Lai 

denotes the /c-th a-priori information for the /j-th bit and uk(m, s) indicates the //-th bit 

given by the m-th symbol and the s-th channel state. Then, the forward and backward 

probabilities are calculated by taking into account the trellis path of the non-recursive 

filter. After that, the log likelihood ratios (LLRs) to be used for the blind channel 

estimation are calculated as

A k(m,s) 6+1) _ S)tfkA'+1>(S")

Ejvjsym 
s=0

-1 ae,{'+1\s)%'il+1)(0,s)pek’{l+1)(s0)J
/Normk (4.49)

where Normk is defined in Eq.4.39. The soft outputs of the MAP equaliser, or symbol 

LLRs, are passed into the bit LLR block, and the log likelihood probabilities are fed 

into the channel estimator block. Channel estimation is repeated until the log likelihood 

probability converges. The EM algorithm of thia block is modified for the non-binary 

case through the calculation of an autocorrelation matrix. The complexity of the channel 

estimator increases due to the complex inverse matrix calculation of the autocorrelation 

matrix [A^^]-1 which is defined as
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[A (i+l)-|-l _ 
MATJ —

K-1 ^SYM * AfsYM-1

E E
k=0 s=0

E
m=0

X0X0*A<i+1)(m,s)
X0X*A^+1)(m,s)

\XoXUAt+1)(m,s) ••• Xwrf’K*) j

(4.50)

where Xi represents the l-th symbol to be multiplied by the /-th channel coefficient, 

and Yk+1(rn. s) denotes the k-th channel transition probability for the m-th symbol input 

and the s-th channel state. In addition, the cross correlation vector Cy^. as a minor 

contributor to increased complexity is given by

^SYM— 1 -MsYM-1 ^SYM *
c&i> =

k=0 m=0 .s=0

XoriA^ (m, s)

xi rkAk+1)(m>s)

\

xl-\r*kA%+1){m, s) /

(4.51)

where Rk represents the k-th received symbol, and L is the number of channel 

coefficients. By using the auto correlation matrix and the cross correlation vector, the 

estimated channel coefficient vector hc can be obtained by the following equation.

»><i+I> = AS£¥' '.(»+!)
VEC (4.52)

The channel variance (af.)k+l) js an important factor for the MAP algorithm in order to 

calculate the transition probabilities as in

1 ft'SYM — 1 ^SYM ‘
(-c2)4+1 = Y- E E

^SYM k=0 s=0

1 Msym-1 2 .
E (rk - Map^+1)(m,s,h(l+1))) 7^+1(m,s)
m—0

(4.53)

where Map*i+1^(m, s, h^+1^) indicates the channel output obtained from the m-th input 

symbol. These estimated channel coefficients and the variance are applied to the next 

channel estimation and the MAP equaliser.
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After channel deinterleaving, the bit LLR values are divided into two components and 

then transferred to MAP decoder 1 and 2. MAP decoder 1 calculates the extrinsic 

probabilities Leek , which are subsequently used as a-priori probabilities La]f for MAP 

decoder 2. This extrinsic information is also used to mae the decision on the information 

bit which is mapped into the in-phase component of a QAM symbol. In a similar way, 

MAP decoder 2 produces the extrinsic probabilities Le|2 which are in return used as a- 

priori probabilities Laek for MAP decoder 1. From the bit channel extrinsic information, 

the transition probabilities of the MAP decoders are calculated as

Tek (™, s) = ~ exp (-[|Z4’m° - b°m\2 + |Le£ml - psm|2]) (4.54)

where 7jf(m, s) denotes the k-th transition probability when the m-th input is given and 

the encoder state is s(0,1, • • •, 2Ke“1), where Ke is the encoder constraint length. For 

MAP decoder 1, Lekm represents the A;-th extrinsic probability for the 0-th bit mapped 

to the m-th symbol from the MAP equalize, Wm indicates the 0-th bit for the m-th symbol 

and psm is the parity bit corresponding to the m-th input in a s encoder state.

The backward and forward probabilities required to calculate the extrinsic probabilities 

are obtained in the same way as for the modified turbo decoder, which has been explained 

in the previous section. Both extrinsic probabilities from MAP decoders are then used to 

generate the a-priori channel probabilities Lack after channel interleaving. After a given 

number of iterations, the extrinsic probabilities are passed into a decision block which 

generates the final decoded bits based on the following equation. 1

1, Lef’» + Lef'»> 0 

0, Leek^ + Lef* < 0
(4.55)

where Leek,tx and Lejf,/2 represent the k-th extrinsic probabilities for the //-th bit mapped 

to a in-phase QAM symbol from MAP decoder 1 and the &-th extrinsic probabilities for 

the //-th bit mapped to a quadrature QAM symbol from MAP decoder 2.
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4.8 Simulation Results

This section presents the performance evaluation of the previously discussed equalisation 

techniques by computer simulation. First, the modified LMS equaliser in frequency 

domain is tested with a 512-point OFDM system with high-order modulation schemes 

and compared to the conventional LMS equaliser. The ISI channel assumed for OFDM 

systems was modelled as a transversal filter with the coefficients a0 = VO.89442, an = 

VU316228, a2 = V0.2449, a3 = V0.1584 and a4 = 70.12247.

RMS enor comparison between conventional EQ and the proposed EQ (Eb/No=25dB)

a. Root mean square error

Figure 4.7: RMS Error and BER performance of the proposed and the conventional LMS 
equalisers in a 512-point OFDM system with 16-QAM modulation

Figure 4.7-a compares the root mean square error (RMSE) of the proposed and the 

conventional equaliser in a 16-QAM OFDM system in the ISI channel defined above 

in terms of the number of training singal blocks at a fixed Eb/N0=25 [dB], It immediately 

apparent that the proposed equaliser outperforms the conventional one in terms of the 

channel estimation RMSE. Also, as shown in Figure 4.7-b, the BER performance of the 

two equalizers is directly influenced by the results illustrated in Figure 4.7-a.

To clarify effect of the ISI channel on the received signal, Figure 4.8 shows the 16-QAM 

signal constellation passed through the ISI channel after a nonlinear HPA operated at OBO 

= 6 [dB], which represents a nonlinear channel with memory. As it can be inferred from
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Eb/No=20dB, 512 IFFT/FFT OFDM Eb/No=20dB, 512 IFFT/FFT OFDM

a. Without equaliser b. With equaliser

Figure 4.8: Constellations of received 16-QAM signals in an OFDM system with an HPA 
over an ISI channel (OBO = 6 dB, Eb/N0 = 20 [dB]). Both cases use the predistorter.

4.8, the proposed equaliser and predistorter are very effective to compensate for nonlinear 

distortion with memory.

The channel characteristics estimated by the proposed LMS equaliser are compared with 

those of the conventional equaliser in Figure 4.9 in 512-point OFDM systems with a HPA 

(OBO = 6 [dB]) and the proposed predistorter. Figure 4.9 confirms that the proposed

Q.

Estimated channel characteristics (512-OFDM system over ISI channel,OB =6.0) Estimated channel characteristics (512-OFDM system over ISI channel.OB = 6.0)

4- Channel 
O Without PD

U With PD & newEQ

O Without PD

□ With PD

Subcarriers Subcarriers

a. Amplitude response b. Phase response

Figure 4.9: Channel responses estimated by the new and the conventional LMS algorithm 
(OBO=6 [dB])

equaliser is clearly superior to the conventional one in terms of channel estimation
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accuracy.

Coded 0FDM(16-QAM,512point IFFT/FFT,QB=6.0dB) over ISI Channel

OFDM without EQ 
OFDM with EQ 
RS-OFDM 
CON-OFDM 
TTCM-OFDM

Eb/No

Figure 4.10: BER performance of coded OFDM systems over an ISI channel

Figure 4.10 compares the BER performance of coded OFDM systems using the proposed 

LMS equaliser over an ISI channel for various scenarios. Wide lines represent an ISI 

channel, and narrow lines are used for the AWGN case. Here, the number of RS 

correctable bits tEq is 3, the constraint length KCon of the convolutional code is 3, and 

5 iterations are used in the turbo decoder. The BER curves depict significant differences 

between ISI and AWGN of coded OFDM with TTCM (2.5 dB), convolutional (3.5 dB) 

and RS coding (5.5 dB) at a BER of 10~4. Conclusively, Turbo TCM is more robust to 

ISI channels than the other channel codes.

Figure 4.11 shows the BER comparison of a BPSK and 16-QAM system with MAP 

equalisation. It is apparent that the performance of the 16-QAM system using multilevel 

signalling is more severely affected by the ISI channel than a constant envelope system. 

Therefore, the non-constant envelope systems requires an error correction code to improve 

its performance and to maintain its high spectral efficiency.

Figure 4.12 demonstrates the performance of the EM algorithm in estimating channel 

parameters. The simulation is evaluated in an unknown ISI channel whose impulse
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Figure 4.11: BER performance of the MAP Equaliser in BPSK and a 16-QAM system 
over an ISI channel

EM algorithm Eb/No=8.0 Block size=1000

The number of Iteration

a. Channel coefficient hi

EM algorithm Eb/No=8.0 Block size=1000

....4...I

The number of Iteration

b. Channel coefficient h2

Figure 4.12: Evolution of the channel estimation according to the number of iterations
(Asym = 1000)
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response is composed of the coefficients defined by

hi = [0.71,0.550.45]

h2 = [0.670,0.500,0.387,0.318,0.223] (4.56)

where the block size of the received signals used for channel estimation is set to 

Ksym = 1000. The evolution of the iteratively EM estimated channel is shown in Figure 

4.12, where a BPSK modulation scheme is assumed. The model also includes a channel 

transversal filter with the coefficients defined in Eq 4.56 at Eb/No = 8 dB. As shown 

in Figure 4.12, the blind channel estimation performes well, and only a small number of 

iterations is required to estimate channel values for the given transversal filters, with a 

few more iterations necessary to estimate the remaining coefficients.

Frequency Response

<D -4

f(*)

Figure 4.13: Frequency response of the estimated channel parameters according to the 
number iterations (i = 1... 9)

Figure 4.13 shows the frequency response of the estimated channel filter corresponding 

to the number of iterations at Eb/N0 = 14 dB. In this simulation, the block size is set to 

1000 and the maximum number of iterations is 9.

In Figure 4.14, the BER performance of a known channel equaliser is compared to the
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*♦" Known Channel 
Unknown Channel

Eb/No [dB]

Figure 4.14: BER comparison of the MAP equaliser in a known and an unknown channel

equaliser using the EM channel estimator in an unknown channel. The plot clarifies 

that the same BER performance can be achieved with an EM channel estimator and an 

unknown channel as with a MAP equaliser in a known channel.

AWGN
-T- ISI+AWGN without EQ 

ISI+AWGN with MAP-EQ 
ISI+AWGN with LMS-EQ

Eb/No

MAP-EQ over ISI channel 
Blind MAP-EQ over ISI channel 

-^T- AWGN Channel

Eb/No [dB]

a. MAP equaliser using EM b. BER comparison

Figure 4.15: BER comparison between MAP equaliser and conventional LMS equaliser.

Figure 4.15 shows the BER performance of the MAP equaliser with EM channel 

estimation as well as a conventional LMS equaliser. The MAP equaliser using the EM 

algorithm is evidently superior to the conventional LMS equaliser.
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4.8.1 Equalisation of Binary Modulation

In this section, the performance of the proposed LMS equaliser and turbo equalisation 

are compared for binary modulation, and later for Msym-QAM modulation. The channel 

coefficients h2 defined in Eq. 4.56 are assumed as a transmission environment. Figure 

4.16 shows the BER performance of two different MAP and LMS equaliser systems over 

an ISI channel.

MAP and Linear Equalizer in ISI+AWGN channel

AWGN 
Non-EQ ISI 
MAP-EQ ISI 

-4- Turbo MAP-EQ ISI 
4 Turbo AWGN 

-4- LMS-EQ ISI

Eb/No

Figure 4.16: BER performance of the proposed equaliser (EQ)

where the dotted curves represent the AWGN case, and the solid curves denote the ISI 

channel.

Figure 4.17 illustrates a BER comparison of turbo equalisation for a known channel to 

MAP equalisation using the EM blind channel estimation for an unknown channel. For 

the iterative EM algorithm, the number of iterations is set to 10. For the turbo encoders, 

the generator polynomials g\(X) and g2(A) are 1 + X2 + X3 + X4 and 1 + X + X4, 

respectively. A random interleaver size of 1000 is used. In Figure 4.17-a, the curves 

marked with a filled circle indicate the BER performance obtained by turbo coding over 

an AWGN channel. A difference of about Eb/N0 1.3 dB betwee turbo coding over an
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AWGN channel and turbo equalisation over an ISI channel can be observed at probability 

of error of 104.

Turbo Equalization

lli AWGN

Eb/No [Coef: 0.670,0.500,0.387,0.316,0.223]

Turbo Equalization

Eb/No [Coef: 0.670,0.500,0.387,0.316,0.223]

a. Known channel b. Unknown channel

Figure 4.17: BER performance of turbo equalisation over a known and an unknown 
AWGN and ISI channel according to the number of iterations

Figure 4.17-b reveals that the performance of both turbo equalisation methods are nearly 

same. In other words, by using the EM algorithm in an unknown channel, the given 

system can attain a performance as good as in the known channel case after a few 

iterations.

4.8.2 Equalisation of M-QAM

In this section, the performance of TTCM equalisation with blind channel estimation 

based on EM is evaluated.

Figure 4.18 shows how the repeated estimation of the channel impulse coefficients 

converge with the EM algorithm in 16-QAM systems at Eb/N0 = 25 dB. Although the 

EM algorithm requires a relatively large computational complexity, the graphs show that 

it can be an effective method to estimate channel coefficients blindly in a non-binary 

modulation scheme.
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Frequency Response

f(7l)
10 15 20
Number of iterations

a. Frequency response b. Evolution

Figure 4.18: Blind channel estimation by EM algorithm for 16-QAM

RMS error of EM (L=3.16-QAM) RMS Error of EM (L=3,16-QAM)

B=100

B=150

B=200

0 15 20
Number of iterations

5.0 dB

7.5 dB

10.0 dB

15.0 dB

20.0 dB \
0 15 20
Number of iterations

a. Eb/N0 (Block size Ksym = 200) b. Block size (Eb/No=10 dB)

Figure 4.19: MSE of blind channel estimation by EM algorithm for 16-QAM
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Figure 4.19 illustrates the root mean square errors (RMSE) of EM algorithm iterations at 

different signal to noise ratios (a) and for different block sizes (b), where the RMSE is 

defined as

where af denotes the l-ih channel coefficient and af indicates the l-th estimated channel 

coefficient.

Subsequently, turbo equalisation techniques for high-order modulation are evaluated, 

which lead to large complexity in equalisation and turbo decoding. M-QAM with 

non-binary signals is employed as a bandwidth efficient modulation scheme using Gray 

mapping. In addition, the EM algorithm for non-binary symbols is used for blind channel 

estimation.

Figure 4.20 shows the BER performance of a blind MAP equaliser via the modified EM 

algorithm for 16-QAM over an ISI channel whose coefficients are defined as

Gray mapping is used for TCM, and the information symbol block size Ksym is set to 

100. The ISI channel has L = 3 paths, which results in (163) = 4096 states. A huge 

computational complexity is inevitable to obtain the simulation results with the symbol- 

by-symbol MAP algorithm. Thus, to reduce complexity, a suboptimal algorithm is used 

instead. However, Figure 4.20 reveals that the 16-QAM signal distorted by ISI fading 

is recovered well at the receiver by the MAP equaliser, and that the turbo coding gain 

depends on the channel and the BER performance of the MAP equalizer over a known 

channel is compared with that of the blind MAP equalizer in an unknown channel. For 

case of the blind MAP equalizer, the number of iterations i was 20. It is clearly shown that 

the BER performance of the proposed MAP equalizer in an unknown channel is nearly 

same as that of the MAP equalizer in a known channel.

RMSE = (4.57)

h = [0.8 + j’0.5, 0.2+.7O.7, 0.3 + j'0.5] (4.58)
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Ksym=100,L=3,16-QAM

Known channel 
Unknown channel 
AWGN channel

Eb/No [dB]

Figure 4.20: BER performance of the MAP Equaliser for 16-QAM over a multipath 
channel

Figure 4.21 shows the BER perfonnance of a 16-QAM system with convolutional coding 

that uses the MAP equaliser to compensate for ISI fading, where MAP-EQ represents 

MAP equalisation without channel coding, and MAP-EQ-CON means convolutional 

coding with MAP equalisation. For this simulation, two ISI channels are assumed with 

their respective coefficients 0.5, 0.7, 0.5 and 0.8, 0.5, 0.8. The encoder constraint length is 

set to 7 for convolutional coding. Also, the length of the symbol decoding sequence is set 

to 100. According to Figure 4.21, the convolutional decoder with the Viterbi Algorithm 

(VA) can improve the BER performance significantly by using the soft outputs from 

the modified MAP equaliser, and it achieves a better performance than in an (uncoded) 

AWGN channel without ISI fading for Eb/N0 > 8 dB.

Figure 4.22 illustrates the BER performance of TTCM equalisation for Gray mapped 16- 

QAM symbols over an ISI channel, whose coefficients are defined as

a0 = [-0.144578 - 0.061045z] 

ai = [0.204902 - 0.529733i]
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AWGN channel 
MAP-EQ (0.5,0.7,0 5) 
MAP-EQ (0.8,0.5,0 8) 
MAP-EQ-COW (0.5,0.7,0.5) 
MAP-EQ-CQN (0.8,0.5,0 8)

Eb/No

Figure 4.21: Improved BER performance after MAP equalisation through convolutional 
coding

<*2 = [-0.801489 - 0.101901*] (4.59)

for a known channel in the MAP equaliser case. The simulation results are obtained with 

a decoding block size Ksym = 200, a constraint length Kqon = 5 for the turbo encoders, 

and a data rate of R = 2 bits per symbol. The filled symbols in Figure 4.22 denote the 

BER performance of the TTCM equalisation according to the number of iterations over an 

ISI channel, while the BER performance of TTCM over an AWGN channel is represented 

by the outlined symbols. The turbo equalisation simulation results show a significantly 

improved performance, even with a small number of iterations and a small block size.

Next, Figure 4.23 shows BER comparison of TTCM equalisation estimated with the 

different numbers of iterations in a different channel filter whose coefficients are 

[0.477668 + j?0.147760, 0.693012 + jO.140480, 0.477668 + 0.147760],

Figure 4.24 shows BER comparison of TTCM equalisation estimated in different block 

sizes (Ksym =400, 800 and 1600) and BER performance of TTCM equalization is 

influenced by the block size.
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Kcon=5,L=3,16-QAMKsym=400,R=1/2

-e- Uncoded MAP-EQ 
TTCM-EQ(M) 

-T- TTCM-EQ(I=2) 
TTCM-EQ(I=5) 
TTCM AWGN(I=3)

Eb/No [dB]

Figure 4.22: BER performance of a TTCM equaliser for 16-QAM using Gray mapping 
over an ISI channel, 2 bits/symbol

Ksym=3Q0,L=3,16-QAM,R=1/2

l=2 \J=1

MAP equalsation 
TTCM equalisation

Eb/No [dB]

Figure 4.23: BER performance of a TTCM equaliser for 16-QAM over an ISI channel 
Ksym =800
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L=3, 16-QAM, R=1/2, l=3

Block size=400 
Block size=800 
Block size=1600

Eb/No [dB]

Figure 4.24: BER performance of a TTCM equaliser for 16-QAM over an ISI channel, 
Block Size (Ksym=400, 800 and 1600)

16-QAM R=1/2 Proakis B channel

Proposed TTCM-Equalisation 
Laot turbo equalisation 
MMSE turbo equalisation

Eb/No [dB]

Figure 4.25: BER comparison between the proposed approach and other’s approaches for 
TT CM-equalisation
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Figure 4.25 shows the proposed TTCM-equalisaiton with 16-QAM outperforms other 

approaches [76] [77] in terms of BER.

TTCM Equalization KSYM=100, L=3,16-QAM

Uncoded MAP-EQ 
Uncoded Blind MAP-EQ 
Blind TTCM-EQ l=2 
TTCM-EQ l=2 
Blind TTCM-EQ l=3 
TTCM-EQ l=3

Eb/No [dB]

Figure 4.26: BER comparison of TTCM equalisation between a known channel and an 
unknown channel

Finally, Figure 4.26 compares the BER performance of TTCM equalisation in a known 

channel and an unknown channel. The following setup is used to obtain these simulation 

results.

• TCM

• Block size

• Constraint length

• Data rate

• Modulation

• Multipath

• Number of iterations for channel estimation

Ungerboeck mapping 

100 

5

1/2

16-QAM

3

20

An ISI channel with the frequency response shown in Figure 4.18 is assumed, and the 

number of iterations to estimate the channel parameters blindly by the EM algorithm is
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fixed to 20. As apparent from the graph, the performance of the blind TTCM-equalisation 

in an unknown channel is very close to that of the TTCM equalisation in a known channel.

4.8.3 Summary of the simulations

The comparison of the introduced new LMS equaliser to a conventional LMS equaliser 

by computer simulation yields a superior performance of the new algorithm in terms of 

convergence rate and mean square error.

The performance of MAP equalisation for TCM is evaluated and compared to the binary 

case. Moreover, the EM based blind channel estimation for TCM is compared with 

the channel estimation for the binary case and the proposed blind MAP equaliser via 

EM algorithm is compared with a MAP equaliser in a known channel. From computer 

simulation, it is shown that the performance of the proposed blind MAP equaliser is same 

as a MAP equaliser in a known channel in terms of BER.

The chapter concludes with a performance evaluation of the proposed TTCM equalisation 

scheme is also extended to blind TTCM equalisation. The proposed TTCM-equalisation 

is compared with other techniques published recently and it is proven from computer 

simulation that the BER performance of the proposed approach is much better than others. 

However, the computational complexity should be reduced. Furthermore, even with 

initially unknown channel coefficients, the performance of the blind TTCM equalisation is 

close to that of TTCM equalisation in a known channel, which is confirmed by computer 

simulation.
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Chapter 5 

Conclusion

Multicarrier modulation systems such as orthogonal frequency division multiplexing 

(OFDM) and multicarrier code division multiple access (MC-CDMA) have attracted a 

lot of attention to multimedia and mobile communication systems due to their promising 

capabilities, such as high speed data rate, robustness to frequency selective fading 

channel, high spectral efficiency and frequency diversity. However, due to a large 

number of overlapping narrow subcarriers in order to increase spectral efficiency, a 

multicarrier signal is typically characterized by a high peak-to-average power ratio 

(PAPR), which decreases its performance significantly. Several techniques exist to 

minimise the nonlinearity caused by a high power amplifier (HPA). Amongst those 

techniques, predistortion is known to be the most promising method to cope with 

nonlinear distortion. In this thesis, the memory mapping predistorters has been proposed 

to reduce the large computational complexity associated with iterative FPI predistorters, 

and to make it suitable for implementation on a DSP or other processor systems. 

Simulations have confirmed that the performance of the proposed predistorters with only a 

small LUT size is very close to that of the iterative FPI predistorter, while computational 

complexity is significantly reduced. Moreover, an efficient addressing method for the 

RAM, in which the predistorted outputs corresponding to the amplitude of the inputs are 

stored, has been introduced in order to save memory. Furthermore, an adaptive memory 

mapping predistorter for slowly varying HPA characteristics was proposed, which has a
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relatively fast convergence rate. In order to trade off between LUT size and complexity, 

the amplitude mapping predistorter has been introduced, in which the LUT only contains 

predistorted amplitude components, and the phase components are calculated from the 

predistorted amplitudes. The two types of predistorters mentioned above have been 

compared to each other, and the findings are that they are equivalent in terms of BER 

performance.

Recently, coded OFDM systems have been standardised for digital audio broadcasting 

(DAB), digital video broadcasting (DVB) and wireless local area networks (WLAN). 

Coded multicarrier modulation schemes function very well in mitigating fading and the 

effects of non-Gaussian channels. Since high power amplifiers are employed in most 

communication systems, coded OFDM and MC-CDMA systems using Reed-Solomon, 

convolutional code and Turbo Trellis Coded Modulation (TTCM) have been analysed 

and compared under the effects of a nonlinear HPA and a multipath fading channel. 

Simulations have revealed that OFDM and MC-CDMA systems using TTCM require 

a predistorter to attain the desired coding gain. Moreover, by using the proposed 

predistorter, nearly the full turbo coding gain can be achieved even with a very low 

output backoff (OBO) level (2 dB). Due to high capacity demands in wireless mobile 

communications, it has become an obligation to also investigate multiuser detection in 

this thesis. The analysis is conducted for iterative detection in turbo TCM/MC-CDMA 

systems with high-order modulation schemes, such as M-QAM, in the presence of a HPA. 

In addition, multicode CDMA schemes with a higher processing gain than DS-CDMA 

systems have been involved in IMT 2000 for future mobile communication systems. Thus, 

the performance of multicode CDMA systems using TTCM outer coding and M-QAM 

over a multipath fading channel has also been studied and compared to convolutional 

coding in this thesis.

OFDM systems require a relatively simple equalisation in the frequency domain, for 

which LMS and proportional algorithms are commonly used. In this thesis, an improved 

LMS equalisation has been presented and its performance evaluated and compared to the



CHAPTER 5. CONCLUSION 158

conventional LMS equaliser. Simulations have compellingly proven that the modified 

LMS equaliser is able to achieve faster convergence and better BER performance than the 

conventional one. A modified MAP equaliser, which has been combined with a TTCM 

decoder to a TTCM equalisation scheme, is then presented, followed by the investigation 

of the EM algorithm for blind channel estimation in M-QAM systems. The proposed 

TTCM-equalisation technique was compared with recent raot’s method and MMSE turbo

equalisation. From computer simulation, it is confirmed that the proposed approach is 

better than the others in terms of BER. However, the computational complexity needs to 

be reduced. Then, together with the modified MAP equaliser and EM channel estimation, 

a blind TTCM equalisation scheme is introduced, and its performance is compared to the 

known channel case. Despite the fact that its computational complexity is quite immense, 

it may still be used as an optimum receiver due to its potential, but this crucially depends 

on advances in hardware development.
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