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Abstract

In this thesis, we examine the performance of adaptive linear. T'/2 fractionally spaced,
and decision feedback equalizers (LE, FSE and DFE) for digital communication sys-
tems over indoor wireless channels affected by frequency seleetive fading. The channel
is modeled as both fixed and time varying channels, and the data transmission rate is
10 Mbits/s. The simulation results show that, with differential encoding. the quadra-
ture phase shift keying (DQPSK) modulation scheme outperforms 4-state and S-state
8PSK-based trellis coded modulations (D3PTCM4 and DSPTCMS). when the DFE
with the least-mean-square (LMS) algorithm {DFELMS) is used. While DSPTCM4
has better BER performance than D8PTCMS8 with the DFELMS over time varying
channels, the reverse conclusion can be obtained over fixed channels. When the re-
cursive least-square (RLS) algorithm is applied instead of the LMS aigorithm, the
systems with the DFERLS can achieve slightly better bit error rate (BER) perfor-
mance than those with the DFELMS,
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Chapter 1

Introduction

1.1 Background

To meet the growing demand for mobile radio communications service, designers
of these systems have two principal goals, namely to increase the capacity of the
system and to provide simple operation. The current generation of cellular telephone
systems permit mobile wireless access to the public telephone network [Good91].
For .: purpose, a channel access technique, such as frequency division multiple
access (FDMA), time division multiple access (TDMA), or code division multiple
access (CDMA) is required. Currently, TDMA is being used for many digital cellular
systems. One of the key challenges facing cellular system designers is the efficient use
of the spectrum. With no new spectrum available to meet the demand for cellular
services, research in the area of spectrally efficient digital modulation/demodulation

techniques is very active.

Indoor wireless communications, which is an important form of mobile com-
munication, allows information (eg. voice, data, etc.) to be transferred within a
building, Since information signals are transmitted at higher frequencies (GHz) than
those for cellular communications, indoor wireless systems have a greater available
capacity. However, indoor wireless channels cause distortion similar to that found in

mobile radio communication channels due to the time varying multipath propagation



of signals. This distortion, which causes the transmitted symbols to be spread and
overlapped over successive time intervals, is referred to as intersymbol interference
(ISI). Indoor wireless communication systems require adaptive equalization at the
demodulator to combat the ISI. This form of equalization is particularly important

in order to provide a quality wireless high speed data transmission service.

There exists two types of equalization techniques for combatting the 1S] on
bandlimited time dispersive channels, namely. linear and nonlinear equalization. A
survey of adaptive equalization techniques is presented in [Proak91]. which provides
a thorough description of the performance characteristics and limitations for a wide
range of equalizers. It is widely believed that nonlinear equalizers perform better

than linear equalizers on channels with severe distortion, especially on channels with

spectral nulls.

There are three types of effective nonlinear equalization methods. The first
method is a symbol-by-symbol detection algorithm, developed by Abend and Fritch-
man in 1970 [Abend70]. The algorithm is optimum in the sense that it minimizes
the probability of a symbol error. It is based on the computation of a posterior:
probabilities. The second method is a sequence detection algorithm that is based
on the maximum-likelihood sequence estimation (MLSE) criterion. It is efficiently
implemented by means of the Viterbi algorithm [For73]. The symbol error rate of the
Viterbi algorithm is often much lower than those of the symbol-by-symbol detectors,
and thus the sequence detection algorithm gives quite good performance. However,
the total storage (complexity) of the algorithm is proportional to the number of states
of the trellis which grows exponentially with the channel memory length. Various ap-
proaches are described in [VermT4]{Eyu88][Duel89] to reduce the complexity of the
Viterbi algorithm by “shortening” the memory of the channel. These approaches
demonstrate the direct tradeoff between complexity and performance in digital com-

munications over ISI channels.

In this thesis, the performance of the decision feedback equalizer (DFE), which



is the third of three effective nonlinear equalization methods mentioned in [Good91], is
investigated. The influence of the DFE collaborating with both differential quadrature-
phase-shift keying (DQPSK) modulation and 8PSK-based trellis coded modulation
{DSPTCM) to combat the ISI is explored.

The DFE requires a “desired sequence” that can be obtained with a decision de-
vice at the output of the DFE. When the DFE operates over a channel with severe IS,
the “desired sequence” is not accurate and subsequently the feedback filter of the DFE
causes significant performance degradation. An improved DFE. which is presented
in [Evu83], can be used in coded modulation systems. An interleaver/deinterleaver
pair rearranges the order of received signals prior to decoding, in a manner such that

delayed reliable decisions (“desired sequence”) are used for the DFE.

1.2 Motivation

[Zig92] analyses the performance of the DFE combined with the 4-QAM modula-
tion scheme aver an indoor wireless channel. [Pai9l] investigates the performance of
DQPSK and DSPTCM over an indoor wireless channel. Both [Zig92] and [Pai91) used
a time invariant tapped delay line channel model. This channel model is a tapped de-
lay line model [Proak89)] formed by a channel impulse response generated according to
Saleh & Valenzuela’s channel model for indoor wireless channels {Sal87(2)]. However,
this model could only be used by ignoring the Doppler frequency effect caused by the
slow movement of a person in a building. In this thesis, we introduce a time varving
channel model. whose taps are based on the tapped delay line model and thus they
change with time. We suggest that this time varying model better represents the in-
door wireless transmission medium. Communication system performances with Lboth
DQPSK and DSPTCM modulations combined with various adaptive equalizers are
presented by means of computer simulation results. Simulations were performed on
both channel models to provide a comparison of the performance of different commu-

nication systems in both operating environments. Higher bit error rates are normally



found when operating over a time varying channel.

1.3 Outline

Chapter 2 of this thesis provides a description of indoor wircless channel models. This
chapter includes a review of the time invariant channel model presented by [Sals712)].
Next, the time variant channel model that we developed, which is based on the channel
impulse response of [Sal87(2)], is described. Three different time varying channels,

which are used for the simulations. are presented.

In Chapter 3, we present an overview of three types of adaptive equalizers
that are used to combat intersymbol interference in indoor wireless channels, Two
algorithms, namely least-mean-square (LMS) and recursive least-squares (RLS3). are
described. These algorithms are used in this thesis to optimize the performance of

the equalizers.

Chapter 4 provides a general description of the indoor wireless communication
systems that are analyzed in this thesis. The characteristics of the shaping filters are
detailed. The remainder of the chapter reviews two modulation schemes: differen-
tial quadrature-phase-shift keying (DQPSK) modulation and differential trellis coded
modulation (D8PTCM).

In Chapter 5, the simulation results are presented and discussed. First, the per-
formance of adaptive equalizers used with DQPSK modulation is presented. Then the
adaptive equalizers are evaluated for both 4-state and 8-state DS PTCM modulation
schemes. The convergence properties of decision feedback equalizers are analyzed for

least-mean-square and recursive least-squares algorithms.

Finally, conclusions and suggestions for further research are provided in Chapter



Chapter 2

Indoor Wireless Channel

The indoor wireless channel (IWC) model is a mathematical model used to represent
the multipath propagation characteristics, such as the fading behavior of an actual
indoor channel. This channel model can be vsed to analyze the performance of a

communication system operating in a wireless environment.

2.1 Indoor Wireless Channel Model

In radio communications a phenomena called multipath transmission is caused by
reflections on surrounding scatterers such as doors, walls, and buildings. A channel
model is required for examining the effects of the multipath channel on a transmitted

signal.
A transmitted signal can be expressed [Proak89] as
s(t) = Re {v(t)ejz"f“}, (2.1)

where f. is the carrier [requency and v(t) is the equivalent lowpass information-bearing

signal in the form

()= 3 lglt—nTi), (2.2)

n=-—0o



where I, represents the nth complex-valued information symbol with rate Ty, and g(t)

represents the shaped pulse. After transmitting s(¢). the reccived bandpass signal may

be given as
r(t) =3 an(t)s{t — 7a(t)]. (2.3)
n
where a,(t) and 7,(t) are the attenuation factor and the propagation delay for the

signal received on the nth path, respectively. Substituting s(¢t) from Equation{ 2.1)

into Equation( 2.3), we can obtain the equivalent lowpass received signal as
r(t) =3 an(t)e ¥ty — 7,(2), (2.4)
and the equivalent lowpass channel described by the time variant impulse response

h(t) = T on(t)e 2 lem§]t — 7. (2)) (2.
= Y an(t)edf§[t - 7, (1)),

184
e ]
S

where §(-) is the Dirac delta function, and 8,,(¢) = =27 f.r.(t). Because of dynamic
changes in the transmission medium, the parameters a,(t), #.(t) and 7,{t) are ran-
domly time varying functions. That is, A({) can be modeled as a random process. In
particular, when there is a large number of paths. A(¢) can be modeled as a complex-

valued Gaussian random process by using the Central Limit Theorem.

In this thesis, Saleh & Valenzuela's channel model is chosen to evaluate the
performance of the communication system. The indoor multipath channel is described
by multiple paths having different real positive gains. propagation delays and phase
shifts, caused by building walls, doors, etc. The complex, low-pass impulse response

of the indoor wireless channel is represented {Sal87(2)] by

At) = 33 B e 6(t = Ty = i), (26)

k=0

M3

-
1
=3

where {3y} represents amplitude gains which are statistically independent positive

random variables described by a Rayleigh distribution:

p(Bur) = (28u/BF) exp(— 331/ BE), (2.

[ R

-}
L—



where the phase shifts {0u} are statistically independent uniform random variables
over [0.2x). T; and i represent the cluster arrival times and the ray arrival times

within each cluster, respectively.

The cluster arrival times and the ray arrival times are modeled as two Poisson
arrival processes with fixed rates A and A, respectively. The arrival times for clus-
ters and rays can be expressed by the “interarrival” exponential probability density

funetions, individually
[J(T;lTi_l) =A ea:p[—.f\(T; - T}_.l)] forl >0 and, (28)

]J(Tk}lT(k_l)f) =\ ea:p[—-.\(rkg - T(k_”[)] fork > 0. (29)

The mean square values of the individual path gains {B—,":; = §2(T}, 7i)} monotonically

decrease according to the power-delay time constants T' and 7 for clusters and rays,

respectively, as shown by the following:
BZ = B(0,0) e/l e/ (2.10)

with 32(0,0) being the average power gain of the first ray in the first cluster. The

average power gain of the first path 3%(0.0) can be computed [Sal87(2)] by
3%0,0) = (M) 'G(1m)r7e, (2.11)

where a is a distance-power law exponent and G(1m) is the multipath power gain
when the antenna separation r equal to 1 m. G{lm) can be approximated by the
following

G(1m) = GtGr(io/47)%, (2.12)

where Gt and Gr are the gains of the transmitting and receiving antennas respectively,
and \g is the radio frequency (RF) wavelength. The discrete channel model is sketched
in Figure 2.1. The indoor wireless channel considered here is a time varying channel,
whose parameters change very slowly compared to the signaling rate considered here,

e, 5 Mbauds/s.
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Figure 2.1: The Saleh & Valenzuela discrete indoor wireless channel model.
2.2 Modeling of the Channel

The channel model is expressed mathematically in the last section. In this section, a
set of impulse responses of the IWC is presented by selecting different indoor channel

model parameters.

2.2.1 Channel Impulse Response

According to the model in [Sal87(2)]. the channel impulse response is generated with

the following parameter values:

Table 2.1: The IWC parameters

a | r | X |[G|Gr|YAI/AL v r

(m) | (m) (ns) | (ns) | (s) | (ns)
35|10 |02 |1.0y1.0[ 5 | 200 ]| 20 | 60

The parameter values in Table 2.1 were chosen so that the IWC model cor-
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Figure 2.2: Simulated IWC impulse response (rms delay-spread ¢ = 70.93 ns).

responds to impulse response measurements taken inside a medium size two-story
office building. The RF used here is 1.5 GHz. Parameter r is the maximum distance
between the transmitting and the receiving antennas. According to {Sal87(2}], the
cluster interarrival time (1/A) is roughly in the range from 200 ns to 300 ns. If a
cluster interarrival time (1/A) of 200 ns is used instead of 300 ns. the rms delay
spread is larger. The comparison of corresponding curnulative distribution of their
rms delay spreads will be given in next section. An impulse response of the channel
(Figure 2.2), is normalized by the maximum value of the set of voltage gains {8}
The impulse response of the channel (random number generator seed 55) has been
generated with 6 clusters and 300 rays within each cluster. When all rays that are
60 dB less than the ray with the maximum power gain are truncated, the resulting
multipath spread T., of the channel is 642.11 ns and the rms delay-spread o of the
channel is 70.93 ns. However, by using a cutoff of 100 dB instead of 60 dB, the
rms delay-spread ¢ and maximum multipath spread Trm are 70.94 ns and 844.43 ns,

respectively. Hence there is very little difference in the two rms delay-spread values
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Figure 2.3: The cumulative distribution function (CDF) of the normalized power

gain,

when truncating the impulse response k(t) at 100 dB and 60 dB. Since it has been
shown [Cox75] that the rms delay-spread is the dominant factor effecting the commu-
nication system performance, therefore, the impulse response of the channel with 60
dB truncation is suitable for system analysis and it is used in all simulation processes.

A detajled discussion of rms delay spread is provided in the next section.

The cumulative distribution functions (CDF) of the normalized channel power
gain ﬁ,f,/Ef; with 60 dB truncation or without truncation are respectively shown as
a solid line and a dotted line in Figure 2.3. The impulse response of the channel has
been given in Figure 2.2, The dashed line in Figure 2.3 represents the unity-mean

exponential cumulative distribution, which is expressed as
P(8}/8% > X] = exp(-X). (2.13)

It is shown that the solid line fits the dashed line quite well. Furthermore, the
exponential cumulative distribution for the path power gain is equivalent to a Rayleigh

distribution for the path voltage gain, as shown in Equation( 2.7).

10
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Figure 2.4: Simulated impulse response of the IWC (rms delay spread o = 54.11 ns).

Figure 2.4 and Figure 2.5 respectively show the simulated impulse response and
the cumnulative distribution function of the normalized power gain of a channel (seed
45). Both the rms delay spread (54.11 ns) and multipath spread (526.31 ns) values
of the channel are smaller than those of the channel obtained with seed 55. But
simulation results will show that the channel with seed 45 degrades communication
system performances more than the channel of seed 55. The dispersive path rays
with delay of about 600 ns Figure 2.2 cause the channel to have a larger rms delay
spread than that of Figure 2.4, As before, the solid line representing the CDF of the
normalized channel power' gain with 60 dB truncation in Figure 2.5 closely fits the
exponential cumulative distribution (dashed line). The dotted line is the CDF of the
normalized channel power gain without truncation. The impulse response of a channel
(seed 52) experiencing a small multipath delay T, of 404.45 ns is shown in Figure 2.6,
and this channel is considered to have relatively little multipath corruption. All three
channel impulse responses, which have been discussed in this section, will be used to

analyze communication systems in later chapters.

11
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Figure 2.5: CDF of the normalized power gain for the IWC (rms delay-spread ¢ =

54.11 ns).
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Figure 2.6: The impulse response of a channel with seed 52 (rms delay spread ¢ =

50.50 ns).
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Figure 2.7: CDF of the rms delay spread (2000 impulse responses).

2.2.2 RMS Delay Spread

Statistical characteristics, such as the cumulative distribution of the rms delay spread
of indoor wireless channels will now be discussed. Firstly, we introduce definitions
for the average delay and the root mean square (rms) delay spread. According to

[CoxT2]. the average delay 7 for the rays within clusters can be defined by

L1 k(T + ma))G(T) + T1t)
Sk G(Ti+a)

where G(T} + i) is the power delay profile of the kth ray of the Ith cluster. The rms

T =

(2.14)

delay spread is defined as

o= i Zk(T 4 7 = TRG(T1 + )
T2k G+ ) |

(2.15)

A set of 2,000 impulse responses has been generated with the parameter values
given in Table 2.1. A second set of impulse responses was created for a cluster
interarrival time 1/A of 300 ns. The cumulative distributions of the rms delay spread
of the two channel impulse response sets are presented in Figure 2.7. The values

of the rms delay spread range from 7.78 to 87.53 ns for the set of impulse responses

13
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Figure 2.8: CDF of the rms delay spread (with three sets of impulse responses).

generated with 1/A = 300ns (dotted line). For the set of impulse responses generated
with 1/A = 200ns, the rms delay spread values are from 8.29 to 101.10 ns (solid line).
The figure shows clearly that the rms delay spread for the channels with 1/A = 200ns
is consistently larger than those of the channels with 1/A = 300ns. Since channels
with larger rms delay values statistically cause worse system performance, therefore
all the impulse responses, used for analysis of communication system performance in
this thesis, are generated with 1/A = 200ns. This will help to provide performance
results which reflect how the communijcation systems perform under very difficult
channel conditions.

Figure 2.8 shows that the cumulative distribution of the rms delay spread
changes only slightly, if a set of 1,000 channel impulse responses (dotted line) is used
instead of a set of 2,000 channel impulse responses (solid line). Although the cumu-

lative distribution of the rms delay spread for a set of 100 channel impulse responses

14



(dashed line) deviates slightly from that for a set of 2,000 channel impulse responses,
it consistently follows the same distribution as a set of 2,000 channel impulse re-
sponses. Since this set of 100 channel impulse responses can accurately represent the
second-order statistical characteristics of the indoor wireless channel, it is used for

later simulations.

2.2.3 Tapped Delay Line Time Varying and Time invariant
Channel Models

Multipath propagation causes fading of the received signal given in Equation ( 2.4).
This fading phenomenon can be seen when the vector an(t)e’®(*) with randomly
time variant phases 8,(t) = —2r f.r,(t) add destructively yielding very small received
signals. At other times the received signal is large, since the vectors s (t)ef9 () add
constructively. This kind of amplitude variation in the received signal is called signal

fading, and it is caused by the time variant multipath characteristics of the channel.

The coherence bandwidth A f. and the coherence time At. can be used to an-
alvze the effects of signal characteristics on the choice of a channel model. The
spaced-frequency spaced-time correlation function ¢c(A f: At) of the channel, which
is the Fourier transform of the multipath intensity profile (also called the delay power
spectrum), is used to characterize time variant multipath channels. By assuming in-
door wireless channels are both uncorrelated scattering and wide sense stationary (i.e.
USWSS), dc(ASf; At) is dependent on frequency and observation time differences. By
setting At to zero, the coherence bandwidth |A f.| of the channel can be measured by
[Proaks9]

A S| = TLm (2.16)

where T, is the multipath spread (also called the maximum delay spread) of the
channel. A data rate of 10 Mbits/s (corresponding to a symbol rate of 5 Msymbols/s
for QPSK modulation scheme), with T,, = 400 ns for the IWC, yields |Af| = 2.5

M H=z. This means that the bandwidth of the transmitted signal is large in comparison

13



with the coherence bandwidth of the channel. Indoor wireless channels are thus said

to be frequency selective. Frequency selective channels can be modeled with the

tapped delay line model.

With Af of the correlation function set to zero, the Doppler spread B; of the

channel can be used to give the coherence time |{At,} of the channel. That is

1
/ o —, :_)” n

|Atc| or By can be used to characterize the rapidity of the channel fading, which is
another type of distortion evidenced as a variation in the received signal strength.
When the signaling interval T is smaller than the coherence time [At,| of a channel.
the channel is considered a slowly fading channel. The Doppler spread of indoor
wireless channels is found to be approximately 4 Hz in any fixed receiving location.
and the cumulative distribution of envelope fading corresponds to a Rician curve,
However, exceptions were found in some buildings where the envelope fading had a
Rayleigh distribution [Bult87]. For IWCs, the Doppler spread of the signal is about
7T Hz when a user walks at a speed of 5 km/h. Thus the IWCs are slowly fading

channels.

When the signaling bandwidth W is larger than the coherent bandwidth |Af|.
and the signaling interval T, is smaller than the coherent time |At| for the IWC,
the channel can be modeled using a tapped delay line model. The lowpass impulse
response for the channel can be described as

L-1
h(rity = 3 ha(t)6(r = nT,). (2.18)

n=0
{hn(t)} represent the tap-coefficients which are spaced by T,. The total number of
paths L is equal to (|Tn/T;) + 1). Figure 2.9 gives the tapped delay line model for

frequency selective channels.

An indoor wireless channel can be truncated at L paths. Figure 2.10 shows how

the channel time delay spread can be divided into L periods for a signaling rate of 5

16
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Figure 2.10: Divisions of time periods for the tap-coefficients.
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M symbol/s. The tap-coefficients for each path are created by vectorially adding the
channel responses over the fixed time periods which are 200 ns in duration (except
for the first path which represents the first 50 ns duration). For a time invariant IWC
(also called fixed IWC), all tap-coefficients do not change with time in the simulations.
Since an IWC is a slow fading channel, it can be considered a fixed IWC. Thus some

simulations [Pai91] [Zig92] use the fixed IWC model.

However, in order to provide a more realistic transmission channel model for the
communication system simulations, each tap of a tapped delay line channel model
should be time variant. The amplitudes of those complex tap-coefficients {h,1t)}
in the IWC model are functions of time, following a Rayleigh distribution, and the
corresponding phases are uniformly distributed over [0,2x). Figure 2.11 shows the
amplitude and phase of a Rayleigh fading signal created by [Jakes74]. When a user
walks at a regular pace of 5 km/h through a medium-size office building [SalS7i1)],
the Doppler spread of this Rayleigh signal is about 7 H= for a carrier frequency of
1.5 GH=.

Figure 2.12 shows a slow time varying IWC (with four paths). In the figure,
a set of hn(t) for n = 0,..., L at time t=0 correspond to the impuise response of the
IWC (with a random generator seed 43) generated by [Sal87(2)). Afterwards (¢ > 0),
{hn(t)} changes with time, and each hy(t) for n = 0,...,L i characterized both
by a different Rayleigh distributed amplitude and a distinct phase with a uniform
distribution over the interval [0,27). On the other hand, {h.(t)} for a fixed IWC

remain constant with time. In other words, {h,(f)} values are equal to {2,(0)} for

t20.

Two other time varying channel impulse responses at ¢ = 0 for seed 55 and seed
52 were presented earlier. The tap-coefficients for those two channels are shown in
Figure 2.13 and Figure 2.14, respectively. At t = 0, the amplitude of the first tap-
coefficient is smaller than that of the second tap-coefficient in Figure 2.13. However in

Figure 2.12, the amplitude value for the first tap-coefficient is almost the same as that

18
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Figure 2.11: A Rayleigh fading signal.
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Figure 2.12: A slow time varying indoor wireless channel (random generator seed 45)
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Figure 2.13: A slow time varying indoor wireless channel (random generator seed 53)

21



of the second tap-coefficient. The time varying channel with seed 52 (in Figure 2.13),
has only three taps. and the amplitude of the first tap-coefficient is larger than that
of the second tap-coefficient. Three different realizations of the time varying channel
(identified as *CHNL1", "CHNL2", and “*CHNL3"). with diflerent levels of intersym.
bol interference (ISI). are considered here: channel "CHNL2" represents a typical
time varying wireless channel with moderate ISI and “CHNL]"™ is a “better” chaunel
experiencing low ISI. Channel “CHNL3", which consists of four taps. is considered the
worst channel experiencing high ISI. Its free-delay tap (i.e.. first delay-line model tap)
and one-symbol-delay tap have almost identical amplitudes. Thus it has been shown
that the time variant channel model represents the frequency-selective slow Rayleigh
fading channel. The three channels (CHNL1, CHNL2 and CHNL3) that were in-
troduced are useful transmission medium models for indoor wireless communication

system and they are expected to provide realistic simulation results.



Figure 2.14; A slow time varying indoor wireless channel (random generator seed 52)
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Chapter 3

Equalization Techniques for

Indoor Wireless Channel

Adaptive equalization constitutes a useful method to combat the time varying inter-
symbol interference (ISI) caused by dispersion in the transmit filter. the transmission
medium, and the receive filter in an indoor wireless communication system. Adaptive
equalizers can provide precise control over the time response of time varying channels.
The objective of this chapter is to study three adaptive equalizers, whose structures
are transversal. These are linear, fractionally spaced and decision feedback equaliz-
ers. Two algorithms are considered to optimize the design of these equalizers. They
are the least-mean-square {LMS) algorithm and the recursive least-squares (RLS) al-
gorithm. The LMS algorithm is related to the stochastic gradient method which is
derived from the steepest descent algorithm, and the RLS algorithm is a special case

of the Kalman filter.

3.1 Linear Adaptive Equalizer with Algorithms

An adaptive linear equalizer can be implemented as a finite-duration impulse re-
sponse {FIR) filter with adjustable tap-weights. The (2M + 1) equalizer tap-weights

can adaptively be adjusted during the transmission of information by using the deci-
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Figure 3.1: An adaptive linear equalizer.

sions made at the output of the detector to form the error signal for adaptation, as
shown in Figure 3.1. A training sequence (i.e., a short known sequence of symbols} is
transmitted for the purpose of initial adjustment of the equalizer tap-weights. When
the average probability of symbol error is below 10 percent, the decisions made by the
receiver are accurate enough for estimating the error signal (see [Hay91]). The linear
cqualizer has a tapped-delay-line structure, and thus it is called the transversal filter.
The algorithms, which are employed to adaptively adjust the equalizer parameters

according to some specified performance criterion, will be discussed in next three

secLions.
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3.1.1 Steepest Descent Algorithm

The steepest descent algorithm is an iterative method of optimization which provides
a means for searching a multi-dimensional performance surface. The equalizer output
y(n) at discrete time instant n, shown in Figure 3.1, is represented by the linear

convolution sum:

2M
y(n) =3 wiu(n - k), n=0,12,.. i)
k=0
where the received sequence is u(n — k), and wy is the coefficient of the equalizer,

The asterisk * denotes complex conjugation. The estimation error e(n) is given by

e(n) = d(n) — y(n). 13.2)

The desired response d(n) can be obtained from the output I(n) of the decision device
at the receiving end. This method is referred to as the decision-directed method. For
symbol error rates below 10-!, the occasional errors made by the detector usually
have a negligible effect on the performance of the equalizer. For channels affected
with higher BERs, a training method will be used at the beginning period of the
adaptive process to obtain the desired response d(n), which is actually the known
transmitted sequence /(n) stored in the receiver. After this training period, a switch
is shifted so that d(n) is connected to the output of the detector which creates the
estimated transmission sequence [(n), as shown in Figure 3.1. The estimation error is
used to adjust the equalizer’s coeflicients to make an accurate decision at the receiving

end.

One popular method, for optimizing the design of the equalizer, is to minimize

the mean-square value of the estimation error, defined by

J(w) = E[le(n)I’] (3.3)
= E{|d(n) — w"u(n)]?),
where the superscript H denotes Hermitian transposition, w is the tap-weight column

vector of the equalizer, and u(n) is the tap input column vector. Another method is
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to minimize the sum of error squares, called the method of least squares, defined by

J(w,n) =L, |e(z)]? (3.4)
= Tiny () = whu(i)%.
Equation( 3.3) relies on ensemble averaging operations and Equation ( 3.4) depends

on time averaging operations.

The optimum equalization design consists therefore in determining the operating
conditions for which J or J attains its minimum value. In this section, we only discuss

the minimization of J: J will be explored in section 3.1.3.

To minimize J (also called the cost function), all the elements of the gradient

vector 7(J) must be simultaneously equal to zero, as shown by
v (@) =o. (3.5)
Consequently, the optimum tap-weight vector w, can be obtained by
w, = R 'p. (3.6)

This tap weight vector w, is known as the optimum Wiener solution. R denotes
the correlation matrix of the tap inputs of the equalizer, and p denotes the cross
correlation vector between the tap inputs of the equalizer and the desired response,
shown respectively by

R = Efu(n)u¥(n)] (3.7)
and

p = Elu(n)d"(n)]. (3.8)
When the tap inputs of the transversal filter and the desired response are jointly
stationary, the cost function J is precisely a second-order function of the tap weights
in the filter. Therefore, J can be viewed as a bowl-shaped surface with (2M + 1)
degrees of freedom represented by the tap weights of the filter. This surface, called

the error performance surface, is characterized by a unique minimum, defined as

Jml'n = 03 - prm (39) .
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where o3 is the variance of the desired response d(n).

However, the computation required for inverting R to the Wiener solution can be
quite difficult, especially when the input data rate is high and when the equalizer has
a large number of tap weights. Alternatively, the method of steepest descent, which
involves significantly less computation, can be used. It is an optimization technique
which is iterative in the sense that starting arbitrarily from some initial value for the
tap-weight vector, it improves with increased number of iterations. The reduction
in computational complexity is achieved by computing the gradient vector (J{(n))
to successivelly correct the tap-weight vector in the direction of the steepest descent
of the error performance surface. The final value being computed for the tap-weight
vector converges to the Wiener solution, and the cost function J approaches the
minimum mean-squared error Jm,. The tap-weight vector is recursively computed
by

win+1) = w(n) + zul~T(I(n) (3.10)

where g is the step size parameter which contrals the incremental correction for the

tap-weight vector. The gradient vector \7(J{n)) is given by
v(J(n)) = —2p + 2Rw(n). (3.11)

The stability of the steepest descent algorithm is highly sensitive to the step size

parameter g and the correlation matrix R of the tap inputs.

The method of steepest descent is a multiparameter closed-loop deterministie
control system that finds the minimum point of the ensemble averaged error per-
formance surface without knowledge of the surface itself. This method provides a
quantitative measure of the amount by which the final value of the mean-squared
error, averaged over an ensemble of equalizer data, deviates from the minimum mean-
squared error produced by the Wiener filter, to make the parameters converge to the

optimum Wiener solution for a stationary environment in some statistical sense, and



to track time variations in the statistics of the input data for a nonstationary environ-
ment. In the next section, the least-mean-square (LMS) algorithm, which can be used

to estimate the gradient vector 7(J(n)) instead of computing it, will be introduced.

3.1.2 Least-Mean-Square Algorithm
LMS Adaptation Algorithm

The least-mean-square (LMS) algorithm, devised by Widrow and Hoff [Wid60], is a
stuchastic gradient-based algorithm. The LMS algorithm can be used to estimate
the gradient vector for the operation of an adaptive equalizer instead of computing it
as in the steepest descent algorithm. Accordingly, the calculation of the correlation
matrix R of the tap input vector u(n) and the cross correlation vector p between the
tap input vector u(n) and the desired response d(n) are simplified to estimate them
for LMS instead of computing expectation values for the steepest descent algorithm,

as defined by, respectively,
R = E[u(n)uf(n)] = R(n) = u(n)uf(n) (3.12)
and
p = E{u(n)d*{n)] = p(n) = u(n)d*(n). (3.13)

The estimate (J(n)) of the gradient vector from Equation { 3.11) is simplified as
[Hay91]

7(I(n)) = =2u(n)d"(n) + 2u(r)uf (n)*(n). (3.14)

Therefore, from Equation ( 3.10), the updated tap-weight vector becomes

w(n +1) = W(n) + pu(n)d"(n} = u (n)W(n)] (3.15)
W(n) + pu(n)e*(n).

[

The tap weights wo(n), i(n), ..., wapr(n) form the elements of the (2M + 1)-by-1

tap-weight vector W(n).



The necessary and sufficient condition for convergence of the LMS algorithm. is

given [Wid71] by

0<p< : (3.16)

f\mur

where Anq: is the largest eigenvalue of the correlation matrix R. However, the eigen-
values \; are rarely known in practice, so tr[R] which is the trace of the correlation
matrix R is used instead of Amaz. tr[R] is equal to 220 A, (the total of input powers).

1=

and greater than Ama.. Thus, Equation ( 3.16) can be simplified into

0<p<§éﬁ? (3.17)
In Equation ( 3.13), the step size g which is the oﬁly adjustable parameter, controls
both the stability and the adaptation rate of the equalizer. The existence of only a
single adjustable parameter is a fundamental limitation which causes the convergence

rate of the LMS algorithm to be slow.

If the step size p is chosen using Equation ( 3.17), the tap-weights will relax
from their initial condition to the Wiener solution w,. Then the time constant 7, s

for the relaxation process can be determined [Wid76] as follows

1
TiLAMS = TR 0<:i<2M. (3.13)

'

When the adaptive process is convergent, the mean square error J undergoes a geo-
metric progression toward the minimum mean square error Jmin. The learning curve
is a plot of the mean square error versus the number of iterations. The mean square

error learning curve time constant is given [Wid76) by

1
Timae == '4_ .

, 0<i<2M. (3.19)
pA

Clearly, the convergence time is inversely proportional to the step size parameter p.

This simple LMS algorithm, which is highly popular and widely used in a variety
of applications, achieves satisfactory performance in most cases. The value of the

tap-weight vector w(n) calculated by the LMS algorithm is around the optimum
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solution since w(n) executes a random motion around the minimum point of the error
perforinance surface. Furthermore, the primary limitation of the LMS algorithm is
the relatively long convergence times for those modes of the input data sequence

which have small eigenvalues [Fri82], [Hay91].

Stability of the LMS Algorithm

An analysis of the performance of LMS algorithm should consider both the con-
vergence and misadjustment due to noise and parameter variation (also called lag).
Although the LMS algorithm is simple in implementation, particular attention must
be paid in carefully choosing the step-size parameter z. When the step-size parameter
st is chosen properly. the LMS algorithm converges in the mean (i.e. the expectation
of the tap-weight vector E{W(n)] approaches the Wiener solution w, as the number
of iterations n approaches infinity), The LMS algorithm also exhibits another form
of convergence, called convergence in the mean square, where the final value J(oo) of
the mean-squared error is finite and always greater than the minimum mean-squared
error Ju,i. that corresponds to the Wiener solution, as the number of iterations n
tends towards infinity. Since the LMS algorithm exhibits both of forms of conver-
genee, it is stable. The simplified necessary and sufficient conditions for convergence

of the LMS algorithm in the mean square can be given in Equation { 3.17).

When an adaptive equalizer operates in a nonstationary environment, the LMS
algorithin has the task of not only producing tap-weight vector estimates W(n) that
closely match the unknown value w,(n), but also of tracking the moving minimum
point of the error performance surface. The tap-weight error vector at the nth instant

may be expressed as

e(n) = W(n) — w,(n) (3.20)
= (W(n) - E[%(n)]) + (E[W(n)] - wo(n))
= el(n) + 82(1’1).

The weight vector noise e(n) is the difference between the individual tap-weight vec-
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tors of the equalizer and their ensemble. The weight vector lag ea(n) is the ditference
between the ensemble mean of the tap-weight vector and w,(n). The weight vector
lag is zero when the LMS algorithm is applied to a stationary environment. since
w,(n) assumes a constant value that equals E{w(n)]. The excess mean-squared error

can also be expressed as the following

Jez(n) = J(n) — Jmn (3.21)
= tr[RK(r)] + tr[RK2(n})),

where K, and K, are the correlation matrices of the weight vector noise e(n) and
the weight vector lag ez(n), respectively. The total excess mean-squared error of the
LMS adaptive equalizer, defined by Equation ( 3.21), is the sum of two components.
The two terms are respectively related to the weight vector noise e, and weight vector
lag e2. The misadjustment M can be used to provide a quantitative measure of the
deviation between the final mean-squared error value and the minimum mean-squared

error. The misadjustment .M is defined as

Fay Jer(oo)

ME (14.22)

Jimin
where J.p{o0) = J(20) — Jmin. Assuming that; (1): the tap input vector is uncorre-
lated over time (i.e., E[ujug) = 0, j # k). and (2): the step size p is small compared
t0 1/Amaz, if the weight vector w converges to the Wiener solution for the stationary

environment, then M can be expressed [Wid76] by
M =TI (3.23)
= (2M + 1) Ay,
where A,y is the average of the eigenvalues.
When a LMS adaptive equalizer operates in a nonstationary environment, the

misadjustment Me, due to the weight vector noise is equal to the value in Equation

( 3.23), and the excess mean-squared error Jeze, = pdmintr[R]. If the time constant



rw, 0f the nonstationary environment is assumed to be large, then the excess mean-

squared error due to the weight vector lag can be expressed [Wid76] by

(20 + 1)od,

[ = 4# (3.24)
The misadjustment Me, due to the lag is represented by
1 ((2M + 1)afy _
-'we; ~ - ((_.__)..._!}_) , Tw, > TiLMS. (323)
I 4Jl'ivn"n

where oy is the variance of the white noise. The total misadjustment is the sum of
the two misadjustment components Me, and M,,. The misadjustment caused by
the weight vector noise is proportional to the step size parameter g and the number
of tap weights. The misadjustment arising from the weight vector lag is proportional
to the number of tap weights but inversely proportional to the step size parameter u.
In order to minimize the total misadjustment, a value of ¢ must be chosen so that

4\/'“' - .we: [\N'idTG].

3.1.3 Recursive Least-Squares Algorithm
RLS Algorithm

The recursive least-squares (RLS) algorithm is different from the LMS algorithm,
since it involves the use of time averages instead of statistical averages in order to
minimize the square of the estimation error. The algorithm is commonly considered
to have a fast convergence speed and perform well in a time varying environment. In

the RLS algorithm, the estimation error at time i is defined as
e(i) = d(i) — wH (n)u(s). (3.26)

where d{2) and u(i) are the desired response and the tap-input vector at time i,
respectively. w(n) is the tap-weight vector at time n. The cost function to be

minimized for the RLS algorithm is represented as

T(n) =32 6" le(i), (3.27)

i=1
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where p"~* is an exponential weighting factor which has to satisfy the following in-
equalities:

0<p"t <. t=12..n (3.28)

The inverse of 1 — p is a measure of the memory of the algorithm. By using the matrix

inversion lemma. the RLS algorithm can be implemented according to the following

equations:
P(n) = p~'[P( n—l) k u) ”(n)P(n - 1) (3.3
a(n) = d(n) = ¥*(n — Du(n), (3.31)
w(n) = w(n - 1) + k(n)a"(n), {(3.82)

where k(n) is a gain vector. a(n) is an a priort estimation error. and P(n) is the

inverse of the correlation matrix ®(n) = £, p"~*u()uf(i).

The application of the RLS algorithm first requires an initialization of the re-

cursion in Equation ( 3.30) by setting the starting value P(0) as follows
P(0) = 671, (3.33)
where the positive constant § should satis{ly the following inequality:
§ < 0.01{variance of an input sample}. (3.34)

Secondly. the algorithm requires that the initial value of the tap-weight vector he vt
to zero {i.e., w(0) = 0).
Stability Analysis of RLS Algorithm

It was demonstrated in [Hay91)] that the estimated tap-weight vector is convergent
in the mean, and that both the tap-weight error vector and the a priori estimation

error are convergent in the mean square.
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An exponential weighting factor of p = 1 is well suited for the RLS algorithm
when operating in a stationary environment. However. when the RLS algorithm is
ased 1o nonstationary environment. the value of p is chosen to be less than unity.
As in the LMS algorithm shown early, the excess mean-squared error for the RLS
aleorith can also be expressed by two main sources of error. The first source of
error. called the weight vector noise ey, occurs when the estimated tap-weight vector
of an adaptive equalizer does not converge to its optimal setting. The second source
of error, called the veight vector lag e,. results from an inability to track time varying

input signals.

[Elex6] derived the following formulas to investigate the tracking properties and
steady-state performance of the RLS algorithm. When the value of p is approximately
I. the steady-state excess mean-squared error due to the tap-weight vector error can

be expressed as

1 —
Tezwy = L (2M + 1) T, (3.35)
lL+p
and the corresponding misadjustment is
1 —
My, = = z(_?..‘»!+1). (3.36)

Equation { 3.36) shows that decreasing p or increasing the number of tap-weights
results in a more noisy adaptation process. Assuming that the unknown tap-weights
ubey a first-order Markov process. the excess mean-squared error due to the weight
vector lag is derived as

o

Teziey = mir[R]. {3.37)

where ofj. is the variance of white noise. Thus, J,; e, is proportional to both the white
noise power and the tap input powers. The weight vector lag error is a geometric
converging process whose time constant is given by

1 .
TLRLS = = 0<i<2M. (3.38)
We note that the time constant is independent of the spread of eigenvalues from input

vector’s autocorrelation matrix. Furthermore, the time constant value is smaller than



that of the LMS algorithm. Hence. the tracking ability of the RLS algorithm is always
at least as good as that of the LMS algorithm. The total excess mean-squared error

is computed by

l--p 1
2.\ n + ————
l+p( !+ 1)J, T'Z(I—p)

The optimum exponential weighting factor for minimizing J.z aLs is

Jez.ALs = tr[R]aiy. (3.30)

1 —-¢
== (3,40
Iy pt 1 ':'C )
where s
¢ = LR (31
l jmm

with the constraint ¢ < 1. From Equations { 3.40) and ( 3.41). we can sce that p,p

is independent of the length (2.M -+ 1) of the adaptive equalizer.

The time constant of the geometrical converging tracking process of the RLS
algorithm is independent of the cigenvalues of the autocorrelation matrix R. Thus,
the tracking ability of the RLS algorithm is superior to that of the LMS algorithm for
the case of disparate eigenvalucs. {Ele86] also shows that the two algorithms have the
same steady-state performance, when we assume a first-order Markov time varying
model and white noise inputs. In this case. the step size g must satisfy the following

inequalities

D<pu< (3.42)

2M+ 1
For small equalizer lengths, the LMS algorithm is capable of providing tracking be-
havior similar to that of the RLS algorithm. Thus. the LMS algorithm should be used
when the equalizer length is small since it is less complex than the RLS algorithm.
However, for large equalizer lengths, the step size p will violate the stability hound

shown in Equation ( 3.42), if the LMS algorithm is used to such a way as to try to

provide the same tracking ability as the RLS algorithm.

Finally, the numerical properties of implementation of the RLS algorithm should

also be considered. Since roundoff errors can cause numerical instability for the RLS
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Figure 3.2: A T/2 fractionally spaced equalizer.

algorithm, they pose potential problems for implementation. [Lju85] investigated the
roundoll error propagation for the RLS algorithm, and proved that the algorithm
is exponentially stable with respect to errors when p < L. [Ele86] gives the restart

procedures for remedying the error caused by numerical roundoff.

3.2 Fractionally Spaced Linear Equalizer

The fractionally spaced equalizer (FSE), which is another type of digital transversal
equalizer. provides better performance results as compared to the adaptive linear
equalizer, The taps of the FSE are spaced closer than the reciprocal of twice the
signaling rate. The FSE can effectively compensate for channel delay distortion, and

its performance is unaffected by the receiver timing phase [Git81]. The T/2-spaced
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equalizer (see Figure 3.2) is the most widely used FSE. The output of the T/2-FSE

can be expressed as
AM 1

y(n) = Z w%ku(n - 3A'T,), {343

k=0 =
where T, is one symbol duration, wy, is the tap weight and u(n — 3AT}) is the tap
input. The number of taps for the T/2-FSE is almost double that of the T-spaced
equalizer. In general, if the transmitted signal is shaped by a raised cosine with a
rolloff factor a (0 < @ < 1), then the signal sampling rate should be (1 + @)/ T, At

this sampling rate, the equalizer tap are spaced by 7,/(1 + ).

For a conventional equalizer whose taps are spaced by 7. the Fourier transforms
of the tap-weights {w;} of the equalizer and the tap input {u(n)} are respectively
represented by

Wr(f) = Y we#1T (3.44)
i

and
Ur(f) = S UL = R)erti=Hre, (3.45)
k

where 7 is the initial sampling delay. Thus the Fourier transform of the T-F5E

output is given by
Yr(f) = Wr(NHUr(S). (3.16)

When |f| > 1/2T, then U(f) = 0, which means that the conventional equalizer can
not control the channel distortion inherent in U(f)e??™/™ over both sides of the rolloff

region about |f| = 1/2T.

For 2 KT/N-spaced equalizer with K < N, the frequency response of the FSE
is
Wp(f) = ane-f”m', (3.47)
and the equalized spectrum can be expressed by

Yp(f) = Wp(NUp(f) (3.48)
= W) EaUalf = N/ KT)eiU=mNINT,
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where 7° = KT/N and T < T/(1 + a). When |f| £ N/2KT, the above equation

can be presented as
Vplf) = Wl HU(f)e™ . 1] < 1/2T (3.49)

For an FSE receiver. although the equalizer input is sampled at a rate of T'. the
equalizer output is still sampled at a rate of T'. The output is used to make the correct
data decision at normal signal intervals. With respect to the output sampling rate of
1/T. Equation ( 3.49) shows that the T/2-FSE can use U(f)ef*™f™ to adjust Wp(f)
before aliasing. Thus Wi(f) can effectively compensate for the time phase and the
channel distortion in the received signal. Simulation results [Qur77] demonstrate that
a mean square T'/2-FSE has superior performance as compared with a conventional

T-spaced equalizer.

3.3 Decision Feedback Equalizer

The decision feedback equalizer (DFE) is one of the nonlinear equalizers, which are be-
lieved to be capable of eflectively removing the intersymbol interferences (15I) caused
by severe channel distortion. The DFE consists of a feedforward filter (FFF) and
a foedbackward filter (FBF). The main function of the DFE is not only to utilize
* the FFF to estimate and subtract the IS] from the present estimation caused by the
equalizer inputs, but also to utilize the FBF to estimate and subtract the ISI from
the present estimation caused by previously detected symbols [Aus67] [Mon71]. A

DFE is shown in Figure 3.3. Its output can be represented as

N Ny -
y(n) = > weu(n — kT,) + > wa ekl (n — kT), (3.50)
k=0 k=1
FFF FBF

where {w;} are the DFE’s tap-weights, {u(n)} are the inputs of the FFF. which inherit
the 181, and {/(n)} are the detected symbol sequence used for the inputs of the FBF.

The length of the FFF is normally chosen to be one longer than the length of the FBF

39



Input  u(n) u(n-1) u(n-Ny) Tn-1) Tn-N)

—_— | Ty Ts | e Ts Ts sese—d Ty
g X X ese
Wo W Wi Wit

—

ly(n) » QOutput

Aduptive e(n)
Algorithm

Detector

o«e—— Training Sequence 1(n)

Figure 3.3: A decision feedback equalizer.

(i.e., Ny > N2), so that the DFE can achieve better performance. It has been shown
[Mon70] that if correct decisions are made by the detector, a DFE operating over a
slow fading channel has superior performance as compared with a linear cqualizer,
Furthermore, when the channel exhibits a deep selective fade approaching a null.
the DFE with correct decisions greatly outperforms the linear equalizer. However.
when the decisions are not accurate, the DFE can propagate thesc errors through the
inputs of the FBF causing even worse performance than that of the linear equalizer
[Mon74]. Decision errors reduce equalizer performance in two ways. Firstly, they can
affect the adaptation process for determining the ideal equalizer tap-weight settings.
Secondly, they represent additional errors in the signal path going through the FBF.
which results in error propagation. In chapter 3, we will provide simulation resuis
showing the DFE performance. The effects of error propagation can be clearly scen

from those results.
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Chapter 4

Communication System

Description

In this chapter, the block diagram of an indoor wireless communication system used
in the simulations is presented. This is followed by a detailed description of each com-
ponent in the block diagram except for the equalizers and the chanpel. Equalization
techniques were presented in the previous chapter, and indoor wireless channel models
were reviewed in Chapter 2. The shaping characteristics of the transmit and receive
filters are discussed first. Then, differential quadrature-phase-shift keying (DQPSK)
modulation and differential SPSK-based trellis coded modulation (DSPTCM) are dis-

cussed.

4.1 System Model

Figure 4.1 shows the block diagram of an indoor wireless radio system. The data
source generates binary information data (a; and a») with equal probability p(a;) =
p(az) = 1/2. At the modulator, the information data are mapped into the signal
constellation by an encoder, such as an M-ary PSK or a trellis encoder. Then the
signal passes through the differential encoder. After being shaped by the transmit

filter, the signal is sent through the communication channel. This signal arrives at the
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Figure 4.1: Communication system model.

receiving end, after being propagated through the indoor wireless channel, and having
white Gaussian noise added to it. In order to combat the intersymbol interference
caused by the multipath propagation, an adaptive equalizer is used to process the
signal after passing through the receiving filter. An automatic gain control (AGC)
device is used in front of the equalizer to amplify the received signal so that it can be
restored to its unfaded power level. At the demodulator, the signal is differentially
decoded and then further demodulated in an attempt to recenstruct the original
signal from the source. The Viterbi decoding technique is employed for the trellis

coded signals.

4.2 ‘Transmit and Receive Filters

The digital communication channel is characterized as a band-limited channel. To
transmit signals with a symbol duration of T through this channel without inter-

symbol interference, a square root raised cosine filter is used for symbol shaping. Its



frequency response has the following form [Proak89):

vT o</l
G =9 E{1 —sin[rZ(|f] - F)]} Lo <|fl < b2 (4.1)
0 Ifl > %=,

where a is the raised-cosine roll-off factor whose value is between 0 and 1. The roll-off
factor is chosen to be 0.35 in our simulations. The square root raised cosine filter can

alternately be shown [Chen91] in terms of its impulse response g(t) expressed as:

1 —a+48 t=0

at) =14 % [(1 + Zsin(Z) + (1 - %)cos(%)] t = +T/4a (4.2)
sin[7(1~a}p]+da 4 cos[z{1+a) 5]
rr(l=(dag)?]

for all other &

Figure 4.2 shows the frequency response and time impulse response of a square root
raised cosine filter. The time axis is normalized to the value of the symbol duration

T, and the frequency axis is normalized to the sampling rate 1/T.

Tlhe transmit and receive filters both use the same square root raised cosine
filter. The overall transfer function Hre(f) of the two square root raised cosine filters

has a raised cosine spectrum:

T 0 <1f1 < (1 - a)/(2T)
Hre(f) =4 Z[1—sinnT(|f| - &)}e], H(l-a)<flSHF(1+a) (43)
0 1f] > (1 + a).

The time impulse corresponding to this spectrum is;

b (t)_sinm&/T cosant/T
YT 3T 1 —d4a?t/TY

(4.4)

which meets the Nyquist criteria for zero intersymbol interference [Proak89] (i.e.,
heo(t) = 0 for t = nT'). The time impulse response of a raised cosine filter with

a = 0.35 is shown in Figure 4.3. The time is normalized by the symbol duration T.

After being shaped by the transmit filter, the signal is transmitted through

an indoor wireless multipath channel and white Gaussian noise is added to it. At
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Figure 4.3: Time impulse response of a raised cosine filter (roll-off factor & = 0.35).

the receiving end, the signal-to-noise ratio (SNR) which is used in the simulation to
caleulate the power of the AWGN, is defined as
E,

E.’

where E, is the received signal power for each symbol with k information bits, and

SNR = (4.5)

[£, is the power of the AWGN. E, is expressed as

L
E,=EY &2 (1.6)
=0

where E is the transmitted signal power per symbol. and & represents the complex
channel tap coefficients. Since £, consists of the signal (Eh2) and the set of interfer-
ences (E Tk, h}), SNR is sometime referred to as the signal plus interference to noise
ratio (S+1)/N. However, we will simply use the term SNR instead of (S+I)/N. The
average power of the lowpass white noise, with a spectral density of N for |f| < W/2,
can be calculated by

. +W/2 ]
%=jwq%ﬂ=hm (4.7)

where 1V is the bandwidth of the bandlimited white noise. W is equal to the reciprocal

of twice the signal duration T,. In the simulations, T, is set to 1, and therefore
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o2 = Np/2, which is equal to the variance given in [Proak89] for each clement of
the AWGN. Each element of the AWGN is individually added to the corresponding
component of the received signal for the simulations. The complex received signal
r(t) can be expressed as

r(t) = T'[(t) +j7"q(£). [18]

Thus, the expression for the AWGN, z(t), can also be written as

z(t) = ns(t) + jnolt). (1.9)

Since the power of each component (ns(t) or ng(t)) of the noise is g3 = No/2. the
total power of AWGN is E, = 202 = No. By modifying Equation ( 1.5), o5 can be

expressed as
o2 = E 2{;0 hl.
n QE_, /IVQ

If we use the bit energy E, to represent the k-bit information symbol energy, Equation

( 4.10) can be medified to

(1. 10)

0,2 = E zlL=0 h' .
" 2kEy Ny
In this thesis, the bit error rate (BER) is plotted against the SNR (per bit) in d/3 for

(1.11)

the performance evaluations.

4.3 Differential Quadrature Phase Shift Keying
Modulation

4.3.1 DQPSK in Additive White Gaussian Channels

M-ary phase-shift keying (MPSK) is a bandwidth-efficient digital signaling technique.
The data rate can increase logarithmically with an increase in the number of signal
waveforms, although higher SNRs per bit are needed to maintain the same error rate.

The MPSK signal waveforms can be represented [Proak89] as:

T

s = Re{g(t) exp[j(2r fet + 77

(k—1)+A}, k=1,2.,M, 0<t<T, (412)
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where the pulse g(2) has a square root raised cosine spectrum. and A is equal to 0 or

m/+ for QPSK, and 0 or /8 for 8PSK.

Using the Gray encoding method, one of M = 2* combinations of k-bit infor-
mation data can be mapped onto one of M-ary phase signals. This mapping ensures
that adjacent signal phases differ by exactly one binary digit. The QPSK signal

constellation with A = x/4 is given in Figure 4.4.

There are two main demodulation schemes: coherent demodulation and nonco-
herent demodulation. The former requires a complex carrier synchronization tech-
nique for estimating a carrier phase in order to compensate for the channel phase shift.
On the other hand, the later does not require estimation of the carrier phase during
demodulation of the received signal. With coherent demodulation, a system with
QPSK modulation is referred to as a CQPSK system. However, if the system uses
noucoherent demodulation, the QPSK signal must be differentially encoded at the
transmitting end: this system is called a DQPSK system. In this thesis, noncoherent

demodulation is used for communication system analysis.

The following is a description of a simple differential encoder. In contrast with
absolute phase encoding, differential encoders utilize phase differences between suc-
cessive signal transmissions to encode a signal. For a QPSK signal, if the signal
bearing information data 00 is transmitted by a zero phase shift relative to the pre-

vious signal phase, then the relative phase shifts between successive signals are 90°,
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Figure 4.6: Block diagram of a differential decoder.

180°, and —90° corresponding to the signals with the information data 01, 11, and 10,
respectively. The implementation of a differential decader can be realized simply by
multiplying the present signal with the complex conjugate of the previous signal. The
resulting phase difference can be used to reconstruct the absolute phase of the original
signal. Differential encoder and decoder block diagrams are shown in Figure 4.5 and

Figure 4.6, respectively.

The average bit error probability for CQPSK is expressed {Proak89] as:

Pqrsk = Q (\/QEb/NO) : (4.13)

where Ey/Np is the signal-to-noise ratio (SNR) per bit. For a DQPSK system, the

average bit error probability is given [Ha90] as:

T

2By, . ,
o~ hatond.) Z 4.
P.pgrsk = Q ( No (?Sm 8)) ) (4.14)
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nel.

where Q(x) is the Gaussian integral function (Markum function) and is equal to:

I

Qlz) = %erfc (\/5) . (4.15)

Noncoherent demodulation is considered in this thesis for communication system
analysis. The results of a simulation for a DQPSK system over the AWGN channel
are shown in Figure 4.7. Since these results indicate that the performance is well fitted
to the theoretical curve as given in Equation ( 4.14), therefore the system is properly
calibrated. Furthermore, the figure shows that at error probabilities of P. <1078,
the difference in SNR between coherent QPSK and noncoherent QPSK is larger than
2 dB. As expected, the DQPSK system with its relatively simple implementation has

warse performance as compared to CQPSK.
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4.3.2 DQPSK in Indoor Wireless Channels

The BER performance of a DQPSK system changes with different indoor wireless
channel realizations, since the channels have different power profiles that determine
distinct maximum delay spreads and rms delay spreads. in this section, it will bhe
shown that the rms delay spread of the channel is one of the main factors affecting

the BER performance, as mentioned in [Cox73].

A set of 1000 constant channel impulse responses is used to evaluate BER per-
formance versus rms delay spread (Figure 4.8). The chanvels are divided into several
groups according to their rms delay spreads (in ns). The average BER of cach rms
delay spread group is calculated by summing the BERs and then dividing by the total
number of the channels in the group. Each group covers a range of 5 ns; the first
group begins at 12.5 ns and the last group begins at 82.5 ns. The average BER is
plotted at the center of each group (i.e. 15 ns, 20 ns ,..., 85 ns). Figure 4.8 shows how
the average BER performance at SNR = 6 dB is affected by the rms delay spreads
of indoor wireless channels. The BER tends to increase with the rms delay spread,
although there are some irregularities on the curve. Since the rms delay spread is not
the only factor that affects the BER performance, the curve exhibits non-monotonic

behavior.

4.4 Trellis Coded Modulation

In digital communications, error control coding techniques are widely used to provide
efficient and reliable signal transmission. If blocks of &-bit information are encoded
into blocks of n-bit coded symbols (n > k), the code rate is defined as the ratio
R, = k/n. For a binary digital information transmission rate of R bits/s, the coded
bit rate must be B/R. bits/s in order for the coded system to maintain the same
information transmission rate as the uncoded system. In other words, the coded

system requites bandwidth expansion by a factor of 1/, to have the same speed of
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information transmission as the uncoded system. Trellis coded modulation (TCM),
which was introduced by [Ung82], improves error performance without sacrificing
data rate or requiring more bandwidth. In this thesis, i-state and 8-state SPSK-
based TCMs are both used as the coded modulation schemes for communication

system performance analysis.

The TCMs use the coded 8PSK waveform that carries the same number of in-
formation bits as the 4PSK uncoded waveform without requiring more bandwidth.
The innovative aspect of TCM is the concept that convolutional encoding and mod-
ulation should not be treated as separate entities, but rather, as a unique operation
[Big91]. The TCMI system shown in Figure 4.9 is a 1-state 8PSK Ungerboeck code.
The information data X7X, is encoded into the coded data Y3Y2Y:. This code con-
sists of a linear rate 2/3 convolutional encoder (see Figure 4.9(a)) with v = 2 binary

storages representing 2¥ possible states §)57. The 8PSK signal mapping is shown in
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Figure 4.9: Four-state Ungerboeck code. (2) Encoder; (b) Mapping; (c) Trellis.
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Figure 1.9(b) and the trellis diagram is presented in Figure 4.9(c). The parameter v
is also called the code constraint length. For a TCM convolutional encoder with a
rate of k/n, the number of possible transitions from each state to a successor state
is 2% in the trellis structure. The 4-state TCM code, which has the trellis structure
of parallel transitions shown in Figure 4.9(a), was demonstrated by [Paifl] to have
better performance than the 4-state Ungerboeck code with distinct transitions over
both AWGN and dispersive channels. Thus, only 4-state SPSK TCM with parallel
transitions is used to evaluate system performance. The §-state 8PSK trellis code
with distinct transitions is shown in Figure 4.10. Figure 4.10 (a) and (b) show a 2/3
convolutional encoder with three storage cells (v = 3) representing 2 states and its

trellis strueture.

The optimization of the TCM design is based on Euclidean distances rather than
on llamming distances which is the minimum distance between any two code words.
TCM increases the free Euclidean distance dj,.. by doubling the coded signals, so
that the redundancy enlarges the Euclidean distance d(an,a,) between coded signals

{an} and {a,}. The free Euclidean distance is denoted [Ung82] by

{ﬂn}?é{a:\} n

TCM uses the “set partitioning” rule to map coded signals in order to maximize dy...

1/2
djree = min [Zdz(a,_.a;)] (4.16)

The asymptotic coding gain of TCM can be computed as

_ Gl E
1= 2L E

] . . .
where E and E are the average energies spent for transmission of coded and uncoded

(4.17)

syiibols respectively. In [Ung82], coherent 4-state and 8-state 8PSK TCMs achieve
gains of 3 dB and 3.6 dB respectively as compared to the uncoded QPSK modulation

scheme over a band-limited AWGN channel.

The purpose of maximum likelihood soft decoding, which is used for the TCMs
decoding process, is to find the most likely signal sequence corresponding to the orig-

inal unaltered information sequence. This decoding process is implemented with the

53



YaiYzYr 8515283
atkT

0,4,2.6

1,5,3,7

4,0,6,2

5,1,7.3

2,6,0,4

3,7,1,5

6,2,4,0

7,3,5,1

000

010

100

110

001

011

101 &

111

St

S2

(b)

S18283
at (k+DT

000

010

100

110

00l

011

101

Figure 4.10: Eight-state Ungerboeck code. (a) Encoder; (b) Trellis.
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Viterbi algorithm. The Viterbi decoding algorithm {For73] computes minimum dis-
tance metrics, which are optimum metrics for AWGN channels, but are sub-optimum
metrics for fading channels [Big21]. Although some work has been done [Zeh92] to
explore the optimum metrics for fading channels, we use the sub-optimum metric
computation in our simulations for indoor wireless fading channels, since they are

casier to implement. The Viterbi algorithm can be summarized as follows:

1. For any state ! of 2" states, 2¥ branch metrics are computed by Euclidean
distances between a received signal r; and each possible set of transmitted

signals vii, (1 <& < 2%) at time j, expressed as

d(l‘J,V“J‘) = \/ll‘j -V“J'lz, 1 < : S 'Zk, 1 _<_ l S 2%, (4.18)

2. Choose only a survivor branch with the minimum cumulative metric at each

state by
N = min{d(r;, vi)) + Ag-ne}  1Si<2%, 1L, (419)

where A;_1)¢ (equal to zero when (j — 1) < 0) is the cumulative metric at the
previous state £ {rom which the survivor branch connects to the current working

state.

3. Considering a decoding depth D = 6v, the decoding sequence decision can be
made at time (j — D) for j > D, by choosing the path with the minimum

cumulative metric of mim{A;} at time j.

The decoding depth D = 6v is used for simulations (it was shown in [Pai91] that this

value yields a reliable performance).

As for the QPSK modulation scheme, differential demodulation can be used’
with 8PSK TCM in order to simplify the implementation by ignoring carrier phase
estimation. A differential encoder is thus provided following the SPSK TCM encoder

in our communication systems. The simulation results of BER performance over an
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AWGN channel for both 4-state and 8-state 8PSK TCMs with differential demodula-
tion (DSPTCM and DSPTCMS), are shown in Figure 4.11. The figure demonstrates
that both DSPTCM4 and D8PTCMS systems give better BER performances as com-
pared with the DQPSK system when SNRs are greater than 3 dB. When SNRs are
greater than 8 dB, the DSPTCM4 system outperforms the CQPSK system, and the
D3PTCMS system also outperforms the CQPSK system when SNRs are greater than
6 dB.

4.5 Conclusion

In this chapter. each component in our communication system block diagram was
described. Then, the BER performances for DQPSK and DSPTCM modulation
schemes operating over AWGN channels were discussed. It was shown that the rms
delay spread causes a significant degradation of the BER performance of indoor wire-
less communication systems. Finally, it was shown that DSPTCMS8 outperforms

DSPTCM4, DQPSK, and CQPSK for large SNRs.
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Chapter 5

Simulation Results and Discussion

The computer simulation models for the communication systems with quadrature
phase shift keying (DQPSK), and 4-state and 8-state 8PSK trellis coded modulations
(DSPTCM4, DSPTCMS) using differential encoding have been described in the pre-
vious chapter. The performance results of the DQPSK and DSPTCM modulations

over both fixed and time varying channels are presented in this chapter.

Three different types of adaptive equalizers (linear equalizer (LE). T/2 fraction-
ally spaced linear equalizer (FSE), and decision feedback equalizer (DFL)) are applied
to the DQPSK system. For DSPTCM schemes, the performance of both LE and DFE
equalizers are investigated. Two algorithms are used for optimizing the tap-weights
of equalizers, namely the least-mean-square (LMS} algorithm for all three types of
equalizers and the recursive least-squares (RLS) algorithm only for the DFE. The
effects of the different equalizers on the two communication systems, DQPSK and
DSPTCM, are determined from a comparison of the simulation performance results.
Lastly, the convergence properties of the equalizers are examined. In order to obtain
reasonable confidence in the results, the simulations run until at least 200 errors have

been detected.

Here, we use confidence intervals to describe the accuracy of our simulation

results. According to the normal approximation in {Jer92], the total number of the
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transinitted bits should be 10"/ £, n = 1, 2, 3, ... In the following example, n = 2. For
a given signal-to-noise-ratio with a bit error probability P of 1074, the total number
of bits sent should be at least 10° in order to achieve a 35% confidence interval of
about (0.85;,1.25P,). However, if n = 1, then the total number of bits sent is 10°,
and the resulting 95% confidence interval is about (0.555;,1.8F;) for the same bit
error probability as in the previous example. Since the total number of bits sent for
the DQPSK modulation scheme is 107, and for the DSPTCM muodulation schemes,
2 % 10° bits are sent, a 95% cr better confidence interval of (0.8, 1.25F,) is achieved

for P, = 107,

This analysis provides only approximate confidence intervals because errors did
not occur randomly in our simulations. For a more accurate set of confidence intervals,

correlated error estimation should be used.

5.1 Performance of DQPSK with Adaptive Equal-
izers

The adaptive linear equalizer, the T/2 fractionally spaced equalizer and the deci-
sion feedback equalizer are used in the simulations to determine their effectiveness
in negating the intersymbol interference (ISI) in the DQPSK communication system.
The simulations include both the fixed and time varving channels. Generated accord-
ing to Saleh & Valenzuela's channel model [Sal87(2)} with different random generator
seeds. the impulse responses of the channel are truncated to the tapped delay line
channel. The tap-coefficients for the fixed channel do not change during the simula-
tion. For the time varying channel, the amplitudes of the tap-coefficients change as
a function of time and follow a Rayleigh distribution. The corresponding phases are

uniformly distributed.
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The bit error rate (BER) for the simulation is computed by

P = total number of received bits in error
€T total number of sent bits

(3.1)

Two methods can be used to count the total number of bit errors during the simu-
lations. For the first method, the program terminates for each chosen signal-to-naise
ratio, when the total number of bit error events being counted at the output of the
equalizer reaches 200. Obviously, the total number of bits sent at the transmitting
end for each SNR is different, since higher SNRs require more transmitted bits to
obtain the same number of receiving end errors as for the case of lower SNRs. For the
second method, the total number of bits that are sent for each SNR is identical. Thus,
simulations that use the second method will not be stopped until all the transmitted
bits have passed through each stage of the simulation. The first method is used for
the simulation of fixed channels, since it greatly reduces the simulation time for low
SNRs while yielding simulation results that are almost identical to those produced
by the second method. On the other hand, the time varying channel requires the
second method so that the simulation process can cover at least one whole fade of
the channel. These two simulation methods are compared further using simulation

results in Section 5.1.1.

5.1.1 DQPSK Performance with Adaptive Linear Equaliz-

ers

Figure 5.1 shows BER versus SNR (per bit) of the DQPSK modulation system using
the adaptive linear equalizer (LE) with the LMS algorithm over three fixed channels
with channel seeds: 52, 55 and 45; as well as the corresponding time varying channels.
The notation DQPSK_LE7_F4(55) is used to represent a communication system in
which DQPSK is the modulation scheme, LE7 is a linear equalizer with seven taps,
and F4 or T4 indicates the presence of either a fixed channel or a time varying channel,
respectively, with four taps. The channel seed appears inside the parentheses. The

channel seed, the rms (root mean square) delay spread o, and the maximum delay
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Figure 5.1: Performance of the DQPSK system with the LE (a) (c) (e) over fixed

channels and (b) (d) (f) over the corresponding time varying channels (the dashed and

solid lines represent the performance with and without the equalizer, respectively).



spread for each channel are individually represented as seed, rms.delay and mar_delay
in the figure. The total number of the transmitted bits for the simulation over the

time varying channels is 107,

The channel having the seed 32 yields the best performance results as compared
to the two other channels with different seeds regardless of the presence of the adap-
tive LE. In contrast, the systems with a channel seed of 45 consistently show the
worst performance. Without using an LE, the channels with seeds of 55 and 45 are
unacceptable since the BERs for these channels are about 0.3. The results for the
time varying channels shown in Figures 5.1 (b), (d) and (f) are consistly worse than

the corresponding fixed channels given in Figures 5.1 (a), (c) and (e).

In Figures 5.1 (e) and (f), we notice that the BER for the system with an LE is
worse than that for the system without an LE over the time varying channel at lower
SNRs, but not for the fixed channel. The main reason for this result is that the LE
using the LMS algorithm cannot track the changes of the time varying channel, even if
the value of step size is changed. This inability to track the changes results in the large
error floors in Figures 5.1 (b), (d) and (f)). The number of equalizer taps is equal to
the number of channel taps plus two in order to obtain the best performances. Since
the time varying channel model more accurately represents the practical transmission
medium than the fixed channel model for indoor wireless communications, therefore
the simulation results shown in Figure 5.1 (b), (d) and (f) are considered to be more

accurate than those of Figure 5.1 (a), (c) and (e) for indoor wireless communications.

As mentioned earlier, simulations for the fixed channel use the first simulation
method, whereas the time varying channel uses the second method; in the first sim-
ulation method, named SM1, simulations are stopped when the number of errors is
greater or equal to 200, while the second method SM2 allows simulations to con-
tinue until all of the transmitted bits are received and detected after the equalizer.
Figures 5.2, 5.3 and 5.4 compare the simulation results of both methods for each

channel and equalizer combination. For SM2, the total number of transmitted bits
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Figure 5.2: Performance of the DQPSK system with the LE for two kinds of simulation

methods SM1 (solid line) and SM2 (dashed line) over (a) a fixed channel and (b) the

corresponding time varying channel.
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Figure 5.3: Performance of the DQPSK system with the FSE for two kinds of sim-
ulation methods SM1 and SM2 (dashed line) over (a) a fixed channel and {b) the

corresponding time varying channel.
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(a) DQPSK_DFES_F3(52) for SM1 and SM2 Processes
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Figure 5.4: Performance of the DQPSK system with the DFE for two kinds of simu-
lation methods SM1 (solid line) and SM2 (dashed line) over (a) a fixed channel and

(b) the corresponding time varying channel.
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is 107.

When we consider a user walking at a regular pace of 5 km/h, the Doppler
frequency is about 7 Hz for DQPSK/DS8PTCM systems at carrier frequency of 1.5
GH:z. In other words, the total number of fades encountered during the simulation
process is only seven using the SM2 method. In this thesis. the minimum value for
the number of transmitted bits in SM2 has been chosen so that the simulation process

covers at least one whole channel fade.

Figure 5.2 shows the results of DQPSK with LE over the (a) fixed channel and
(b) time varying channel. Little difference exists between the results from SM1 and
SM2 over the fixed channel. On the other hand, large differences can be seen for the
results from the corresponding time varying channel. Figures 5.3 and 5.4 show the
results for a T'/2 fractionally spaced equalizer (FSE) and a decision feedback equalizer
(DFE), respectively. Again both simulation methods show almost identical results
for the fixed channel and results that do not match for the time varying channel.
Based on these findings, simulations over a fixed channel are carried out with the

first method SM1 and simulations over a time varying channel are carried out with

the second method SM2,

5.1.2 DQPSK Performance with T/2 Fractionally Spaced

Linear Equalizers

In Section 3.2, it was mentioned that a T'/2 fractionally spaced lincar equalizer (FSE)
leads to better performances than a conventional linear equalizer (LE}, since the F5E
can eliminate phase distortion. Another advantage obtained by using the FSE is
that data transmission can begin with an arbitrary sampling phase, since the 'Sk

synthesizes the correct delay during adaptation.

Figure 5.5 shows the performance of the DQPSK system with the FSE over
three different fixed channels (with seeds 52, 55 and 45) and their corresponding
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time varying channels. The channel parameters are also shown in the figure. The
total number of transmitted bits is 107 for the SM2 process. DQPSK_FSE7_F3(52)
represents the DQPSK modulation system with a 7-tap FSE simulated over a fixed
(F) channel with three taps and the seed 52. The conventional LE taps are spaced
at the symbol rate, and those of the T/2 FSE are spaced at half the symbol period.
In general, il the number of LE taps is 2L+1, then the number of FSE taps is 2 x
(2L +1) = 1. In order to have better performance, we can add either two or four more
taps to the total calculated number of taps for the FSE depending on the practical

situition,

Figure 5.6 shows the performance of the DQPSK system with different numbers
of taps for the FSE. The simulations are executed using the SM2 process. In general,
the equalizer with the largest number of taps yields the best performance. However,
this is not always true; equalizers with too many taps may contribute noise causing

the equalizers performance to degrade.

Figure 5.7 provides a performance conparison of the DQPSK system with the
LE and the FSE over three different fixed channels (seeds of 52, 55 and 45) and their
related time varying channels. LE7/FSE13.F4(35) represents an LE with 7 taps and
an FSE with 13 taps those performances are being compared over a fixed channel (F)
having four paths and a seed of 55. As shown in the figure, the FSE outperforms the
symbol rate equalizer LE in each channel (especially in the worst channel with seed
15). This result is due to the FSE, which is not sensitive to the choice of sampling
phase. and therefore it can compensate for channel distortion in the received signal

before the effects of aliasing. However, the FSE requires about twice as many taps as

the LE.
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Figure 5.5: Performance of the DQPSK system with the FSE (a) (c) (e) over fixed

channels and (b) (d) (f) over the corresponding time varying channels (dashed and

solid lines represent the performance with and without the equalizer, respectively).
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Figure 5.7: Performance comparison of the DQPSK system with the LE and the FSE
(2) {c) (e) over fixed channels and (b) (d) (f) over the corresponding time varying
channels (solid, dashed and dotted lines for the performance with no equalizer, LE

and FSE respectively).
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5.1.3 DQPSK System Performance with Decision Feedback
Equalizers

With the feedforward and especially the feedback filters, the DFE can have much
better performance than the other two equalizers (LE and FSE) since the feedback
filter of the DFE can eliminate the intersymbol interference from the current estimate

caused by previously detected symbols.

For the three fixed channels {seeds 52, 55 and 43) and the corresponding time
varying channels. the BER performances of the DQPSK system with the DFE are
shown in Figure 5.8. The total number of transmitted bits is 107 for the SM2 pro-
cess. DQPSK.DFE7.T4(55) represents a DQPSK system with a 7-tap DFE that is
simulated over the time varying channel (T) with seed 55 consisting of four taps. For
Figure 5.8, the structure of the DFE with 2L + 1 taps consists of an (L + 1)-tap
feedforward filter and an L-tap feedback filter. The curves shown in Figure 5.8 (b),
(d) and (f} for the time varying channels have worse performance when the SNR is
low. In Figure 3.8, the result from each simulation is yielded with the same equalizer
step size p that is used to adjust convergence of the iterative procedure. In fact,
the step size ¢ must be adjusted slightly depending on the SNR to provide optimum

performance over the whole SNR range (0 to 18 dB).

By changing the number of taps between the feedforward and feedback filters, we
will see that the best structure for the DFE, in order to achieve optimum performance,
las a feedforward filter with one more tap than the feedback filter for the equalizer
structure of 2L + 1 taps. The performance comparison of the DQPSK system with
the DFE by changing the feedforward and feedback filter tap numbers is given in
Figure 5.9. The channel seed is 55 and the number of channel taps is four. Figure 5.10
shows a similar performance comparison for the channel with seed 45. The results
of Figure 5.9 and Figure 5.10 are simulated through the SM1 process for the fixed

channels, and SM2 for the time varying channels. The notation of F3B4 means that
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Figure 5.8: Performance of the DQPSK system with the DFE (a) (c) (e) over fixed
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solid lines represent the performance with and without the equalizer, respectively).
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(a) Effects on a Fixed Channel
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seed 45 and (b) the corresponding time varying channel.
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the DFE consists of a 3-tap feedforward filter and a 4-tap feedback filter. The figures
show that the DFE with the F4B3 structure has the best performance compared to
the other structures (F3B4 and F2B5). The BER performance curve of the DFE with
F5B2 is not shown because it exhibits worse performance than the DFEs with F3B4

and F2B3.

From Figure 5.11 to Figure 5.13, the LE, FSE and DFE performances are com-
pared for the DQPSK system over three fixed channels of seeds 52, 53 and 45 and
the corresponding time varying channels. The results illustrates the superiority of
the DFE over the FSE and the LE. The DFE yields a significant improvement in
performance relative to the LE having the same number of taps and the FSE having
about twice as many taps. However, the results indicate that there is still a significant
degradation in performance for the DFE due to the residual intersymbol interference
(IS1), especially on charnels with severe distortion. Another phenomena of DFEs
having error propagation can be observed in Figure 5.13. The FSE shows better per-
formance than the DFE for low SNRs. The crosspoint for the two BER curves occurs
at SNR = 6dB. The feedback filter of the DFE not only removes the part of the ISI
from the present estimate caused by previously detected symbols, but also enhances
the ISI from it. When the pre-detected symbols are not accurate, the errors from
them are fed back through the DFE feedback filter, causing worse performance than
for the FSE. With lower SNRs, pre-detected symbols have high probability of being
invalid. Thus the feedback filter of the DFE actually propagates the errors. But the
DFE still shows its strong capability of combatting the ISI for higher SNRs.

5.2 Performance Analysis of DEPTCM with Adap-
tive Equalizers

The advantage of using trellis coded modulation (TCM) is that a performance gain

is desired without expanding the signal bandwidth. As shown in Chapter 4, BER
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(a) Performance Comparison of LE/FSE/DFE over a Fixed Channel
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(a) Performance Comparison of LE/FSE/DFE over a Fixed Channel
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performance improvement has been achieved over the AWGN channel. In this section,
the performances of 4-state and 8-state DSPTCM systems using differential encoding
with LE and DFE are examined over both fixed and time varying indoor wireless
channels (IWC). The performance comparison of two different DSPTCM with the
equalizers is presented. Both DQPSK and DSPTCM systems with different equalizers

are compared to determine their effectiveness over the IWC.

5.2.1 Performance of 4-State DSPTCM with Adaptive Equal-

1Zers

The 4-state DSPTCM named DSPTCM4, which has parallel transitions, is used to
evaluate adaptive linear equalizers (LE) and decision [eedback equalizers (DFE). The
Viterbi decoding technique is applied to decode the trellis coded modulation symbols
in the simulation, due to its simplicity. Although the Viterbi algorithm which com-
putes the Euclidean distance metric to decode the coded symbols is optimum for the
AWGN channel, it is not the case for fading channels. An optimum decoding method

for fading channels was explored in [Chev89].

The simulation results of DSPTCM4 with both the LE and DFE over fixed and
time varying channels are shown in Figure 5.14. For the fixed channels, the sim-
ulation method SM1 is used. The simulation method SM2 is applied to the time
varying channels. The total number of sent bits in SM2 is 2x10%. The notation of
LE7/DFE7.T4(43) means that both LE with 7 taps and DFE with 7 taps are evalu-
ated over a d-tap time varying channel (T) with a seed 45. Again F is used instead of
T for a fixed channel. The simulation resuits with the DFE has not much difference
from that with the LE for fixed channels. For the time varying indoor wireless chan-
nels, the DFE shows its better capability of tracking a time variant channel than the
LE. It is also noticed that the BER performance of DSPTCM4 with the LE is slightly
better than that of DSPTCM4 with the DFE shown in Figure 5.14(e). As mentioned
earlier, the DFE will yield worse BER performance than the LE, if pre-detected sym-
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bols for the DFE are not accurate due to noisy transmission medium or low SNRs.
Thus, the channel with a seed 45 is corrupted severely due to multipath propagation
(first two paths having almost same amplitude). When the channel (seed 45) is sim-
ulated as a time invariant channel, it represents a worse transmission medium than
one as a time variant channel. Since the amplitudes of first two paths for the time
varying channel gradually change with time, and they become different. But those
for the fixed channel do not change during whole simulation. Therefore, the BER
performance shown in Figure 5.14(f) is better than that shown in Figure 5.14(e). For
the time varying channels with seeds 55 and 45, the BERs of the system with both
the LE and the DFE are in order of 10~2 for SNR greater than 8dB. Although the
performance improvement of the DFE can be seen, it still cannot compensate the
severe intersymbol interference. When SNR is greater than 10dB, the DFE outper-
forms the LE by one order of magnitude (10~* vs. 1073) for the channel with a sced

32. The channel is believed to be not severely distorted.

5.2.2 Performance of 8-State DSPTCM with Adaptive Equal-
izers

The performances of a 8-state DSPTCM (D8PTCM8) with both LE and DFE are eval-
uated in this section. The results are compared to those from the 4-state DSPTCM
with both the LE and the DFE. The performance effectiveness between the D8PTCM
and the DQPSK modulation systems combined with the DFE are then examined.

First, the simulation results of a DSPTCM8 with the LE and the DFE are
compared to those of the DSPTCM4 with the LE and the DFE over a fixed channel
of a seed 52 and the corresponding time varying channel in Figure 5.15. Without the
equalizer, DSPTCM4 has better performance than D8PTCMS over the fixed channel,
when SNR is less or equal to 8 dB. But when SNR is greater than 8 dB, the DEPTCM8
appears to provide better performances than the DSPTCM4. The D8PTCM systems
with the LE and the DFE have the same behavior as without the equalizers, But the

81



(a) Over a Fixed Channel

10 I I ' T ] ¥ L E
—o&— D8PTCMS8 no equalizei
F o+~ DBPTCMS with DFES -
T ~ -+~ DBPTCMB with LES ]
% “F —— D8PTCM4 no equalizet
T | . % DBPTCM4 with DFE5 |
€10° RN - %- DBPTCM4 with LE5 4
Lt E \\x 3
©  fseed=52 Q',\,\ :
N\
10" -max_delay = 404.5ns '\i\ 3
Erms_delay = 50.5ns "l.\\\ ]
10'5 i [l 1 1 « 1 1 1
0 2 4 6 8 10 12 14 16 18
SNR(dB)/per bit

(b) Over the corresponding time varying channel

[  — — — —
= % % £ 2
|
-5;10 ——6— D8PTCM8 no eq Itz‘énk >~
ﬁ L - T e - .
© |0 DBPTCMB with DFES ‘Q.‘,-_-.._l'*“"‘-?x*'-:: Zosg---
£ 10‘35— +— DBPTCMS8 with LES >°<9
& —-x-—— D8PTCM4 no equalizer seed =52 U Reses, Qe
10k - x .- DBPTCM4 with DFES max_delay = 404.5ns '
f~ % - DBPTCM4 with LES rms_delay = 50.5ns
-5
10 L 1 ] ] 1 1 1 1
0 2 4 6 8 10 12 14 16 18
SNR(dB)/per bit

Figure 5.15: Performances comparison of the DSPTCM4 and DSPTCMS systems with
the LE and the DFE over a fixed channel (seed 52) in (a) and over the corresponding

time varying chanuel in (b).
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equivalent point moves from 8 dB to 4 dB.

For the time varying channel, the performances of the DSPTCM4 with and
without both the LE and the DFE are better than those of the DSPTCMS respec-
tively in the range of SNRs from 0 dB to 18 dB. The D3PTCM systems with the
DFE outperform the systems with the LE by about one order of magnitude. Fig-
ure 5.16 and Figure 3.17 show the simulation results over both fixed and time varying
channels of seeds 53 and 45. Again the results show that the performances of the
DSPTC)\4 system, without the equalizers and with both the LE and the DFE, are
respectively better than those of the DSPTCMS system with the same combination

as the DSPTCM4 system over the time varying channels.

The DFE exhibits the best performances in all channels in the simulations. The
performance comparison of the DQPSK and DSPTCM modulations with the DFE
over both fixed and time varying channels with seeds 52, 55 and 45 are given in Fig-
ures 5.18, 5.19 and 5.20 respectively. The number of DFE taps used for different
modulation schemes in those three figures are the same, and two more taps than that
for the channel models to enhance the capability of combatting the intersymbol inter-
ference. In Figure 5.18(2) the DQPSK modulation scheme has the best performance
among three modulation schemes when SNRs are less than 8 dB. The DSPTCM8
individually shows better performance than the DQPSK for SNRs greater than 8 dB
and the DSPTCM4 for SNRs greater than 9 dB. With DFE, D8PTCMS respectively
provides better performance than D§PTCM4 for the critical point of SNR = 4 dB and

the DQPSK for SNR = 8 dB. DSPTCM4 has better performance than the DQPSK
when SNR > 10 dB.

On the other hand, the DQPSK with/without the DFE significantly outperforms
the DS8PTCM4 and the D8PTCMS8 with/without the DFE over the time varying
channel in Figure 5.18(b). In Figures 5.19 and 5.20, the same conclusion is reached

for the two other time varying channels.
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Figure 5.16: Performances comparison of the DSPTCM4 and D8PTCMS8 systems with
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Figure 5.17: Performances comparison of the DEPTCM4 and D8PTCM8 systems with
the LE and the DFE over a fixed channel (seed 43) in (a) and over the corresponding
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Figure 5.19: Performances comparison of the DQPSK/DS8PTCM4/D8PTCMS8 sys-
tem with the DFE over a fixed channel (seed 55 and 5 taps) in (a) and over the

corresponding time varying channel in (b).
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Figure 5.20: Performances comparison of the DQPSK/D8PTCM4/DSPTCMS sys-
tem with the DFE over a fixed channel (seed 45 and 5 taps) in (a) and over the

corresponding time varying channel in (b).
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5.3 Performance Comparison of DFE with LMS
and RLS for DQPSK and DS8PTCM

Figure 5.21 presents the BER performance comparison of the LMS and RLS algo-
rithms applied to the DFE for DQPSK, DSPTCM4, and DSPTCMS communica-
tion systems over a time varying channel (TCHNL2). It is clearly shown that the
DQPSK modulation schemes with the DFE (7 taps) of both the LMS and RLS algo-
rithms, named DQPSK_LMS and DQPSK.RLS, have better BER performance than
DSPTCM4 and DSPTCMS with the same equalizer combinations. The RLS algo-
rithm slightly improves the BER performance of the DFE as compared with the LMS
algorithm. As mentioned in {Ele86], the LMS algorithm is capable of providing track-
ing behavior similar to that of the RLS algorithm only for small equalizer lengths.
Thus. the LMS algorithm should be used when the equalizer length is small since it

is less complex than the RLS algorithm.
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Figure 5.21: Performance comparison of DFE with LMS and RLS algorithms for

DSPTCMs and DQPSK modulation schemes over a time varying channel (CHNL2).
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5.4 Convergence Analysis of DFELMS and DFERLS

In this section, the transient behaviors of the mean-squared error (MSE) of adaptive
decision feedback equalizers (DFE) with the least-mean-squared (LMS) and the re-
cursive least-square (RLS) algorithms are discussed and compared for both DQPSK
and DSPTCM4 modulation schemes. The convergence speeds of DFEs with both
algorithms (DFELMS and DFERLS) are also presented. All simulations are run over

time varying channels. The influence of different channels on both DFELMS and

DFERLS is also explored.

A common and obvious measure of performance for a digital communication sys-
tem is the bit error rate for a given signal-to-noise ratio (SNR): the BER is measured
at the output of the receiver decision device. In addition, the mean-squared error
(MSE) at the output of equalizer, but before the decision device, is also a good mea-
sure of the convergence rate of different receivers. Since the measurement locations
of the MSE and BER measurements are separated by a nonlinear decision device, the
relationship between the MSE and BER is highly nonlinear. Despite their non-trivial
relationship, the MSE and BER are sufficiently correlated so that the MSE can also

provide a somewhat indirect, but meaningful, measure of system performance.

In Section 3.1.2, we discussed the LMS algorithm (gradient estimation process)
and the RLS algorithm. Both algorithms introduce noise into a tap-weight vector
of an equalizer. The second noise source, which also causes an additional misadjust-
ment of the tap-weight vector, occurs when the equalizer cannol accurately track a
nonstationary channel. This noise is caused by the difference between the ensemble
mean of the tap-weight vector and unknown optimum solution w,(n). In this section,
we will show that the MSE in DFELMS and DFERLS is affected by the algorithm

parameters and .the type of channel.
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Figure 5.22: Transient behavior of MSE in DFELMS with different step sizes p for
D8PTCM4 modulation scheme over a time varying channel (CHNL1).

5.4.1 Transient behavior of MSE in DFELMS for D8PTCM4
and DQPSK

The computer simulation learning curves of DFELMS, which represent the MSE in
DFELMS over a time varying channel of seed 52 (CHNL1), are given in Figure 5.22.
Three curves are shown in the figure representing three values (step size parameter
= 0.07, 0.007 and 0.0007). The differential 4-state trellis coded modulation scheme
(DSPTCAM4) is used for the digital communication system. The corresponding plots
of the mean-squared error are obtained by ensemble averaging over 100 independent
trials of the experiment. For each trial, a different computer realization of the input
data and noise is used, but the time varying channel is kept the same. The simulation
results show that transient behavior of the DFELMS is highly sensitive to variations

in the step size parameter u. For large step size values, the DFELMS converges
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quickly and the MSE stays in a steady state after 150 iterations. As mentioned in
section 3.1.2, the convergence time is inversely proportional to the step size parameter
#t- On the other hand, the steady state value of the MSE increases with #. This
steady state value can also be affected by the training sequence. In most of the
simulations, the total number of training sequence bits used is 100. For a properly
chosen step size p, the steady state value of the MSE will not increase significantly
after the training sequence is stopped, unless the channel is severely corrupted by
intersymbol interference (ISI). In Figure 5.22, the value of the MSE for the learning
curve of ¢ = 0.07 increases after a training sequence of 200, but the learning curve
with g = 0.007 does not have obvious changes. In order to clearly show the influence
of varying step size p on learning curves, a training sequence of 200 is used instead
of 100. Figure 5.23 gives the MSE learning curves of different step sizes for DQPSK
modulation scheme over the same channel as Figure 5.22. Again, the value of the
MSE with step size z = 0.007 is the smallest. After a training sequence of 200, the
learning curves continue to converge without increasing as was the case for p=0.07

in Figure 5.22.

From these ensemble statistics, a useful measure of equalizer performance is
computed as the average MSE. The average MSE performance criteria can be used

to select a near-optimum value for the simulation parameter p (step size) that gives

the smallest value of the MSE in the DFELMS.

5.4.2 Comparison of MSE in DFELMS and DFERLS for
D8PTCM4

In section 3.1.3, the characteristics of the recursive least-squares (RLS) algorithm are
discussed. The main advantage of the algorithm is that it makes the DFE converge
quickly. On the other hand, the RLS algorithm mﬁy give the DFE better tracking
ability over a time varying channel. In this section, we will compare the MSE of both

the RLS and LMS algorithms for DFE, to determine the better of the two algorithms
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Figure 5.24: Transient behavior of MSE in DFELMS and DFERLS for DSPTCM4

modulation scheme over a time varying channel (CHNL2).

for the DFE in D8PTCM4 system.

Figure 5.24 shows the comparison of the transient behavior of the MSE between
the DFELMS and DFERLS for the DSPTCM4 modulation scheme over the time
varying channel of seed 55 (CHNL2). The MSE of the corresponding curves are
calculated individually by averaging over 300 independent trials. The SNR is 12 dB,
and the exponential weighting factor p is 0,995, It is obviously shown that the DFE
with the RLS algorithm has a faster convergence speed than the DFELMS. In order
to compare the learning curves of the MSE over both fixed channel and time varying
channels, Figure 5.25 shows the transient behavior of MSE in DFELMS and DFERLS
over a fixed channel. Figure 5.24 and Figure 5.25 are similar in that the plot of the
MSE in the DFERLS converges faster than that in the DFELMS, and the values of
the MSE in steady state are almost identical for both the DFELMS and DFERLS in
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each figure.

However, the plots of the MSE for the DFERLS in both figures are very noisy,
even though the DFERLS plots are obtained by ensemble averaging over 300 inde-
pendent trials. But the curve for the DFERLS over the fixed channel in Figure 5.25
is less noisy than that over the time varying channel in Figure 5.24. The most likely
reason for this behavior is that the RLS algorithm uses time averages, but the LMS
algorithm uses a statistical average. The estimates of equalizer tap weights for the
RLS algorithm are updated on a sample-by-sample basis, so the value of the MSE
changes throughout these estimates. The amount of change in the MSE value is based
on a specific channel. It is expected that a channel with high ISI will have an MSE
value that experiences greater fluctuations than the MSE value for a channel with

lower ISI.

The number of training sequence bits used for both Figures 5.24 and 5.25 is
300, and thus an increase of the MSE value can clearly be seen after the training
sequence has ended. Since CHNL? is severely corrupted by ISI, both the DFELMS
and DFERLS provide an inaccurate desired response that causes a large estimation
error during temporary decision making in the equalizer. Thus, there is an increase

in the MSE value on both curves at the 300th iteration.

5.4.3 MSE in DFELMS and DFERLS for DQPSK Modu-
lation Scheme
In this section, we will discuss the performance (MSE) difference between DFELMS

and DFERLS, when they are used with different modulation schemes (DQPSK and
D3PTCM4).

Figure 5.26 gives the learning curves of MSE in DFELMS and DFERLS for the
DQPSK modulation scheme over a time varying channel (CHNL2). The figure shows
two clear plots of the MSE in the DFELMS and the DFERLS for the DQPSK modu-
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lation scheme as compared to those for the DSPTCM4 modulation scheme shown in
Figure 5.24. The MSE in the DFERLS takes no more than 30 iterations to converge
10 a steady state value less than 0.1, but for the DFELMS. more than 300 iterations
are required to approach this value. Time constants are used to express how fast an
equalizer converges. The time constant is the time required for each tap-weight of
an equalizer to approach its optimum value by decaying to 1/e of its initial value,
which is the difference between the tap-weight and its optimum value. As discussed
in Section 3.1.2, the time constant for the DFELMS given in Equation 3.18 is larger
than that for the DFERLS shown in Equation 3.38.

It is also shown that the MSE curves for both the DFELMS and DFERLS
eventually overlap, which means that the DFERLS has almost the same tracking
ability as the DFELMS over the time varying channel (CHNL2). As proven by [Ele86),
for a small equalizer length, the LMS algorithm is able to provide almost the same
tracking behavior as that of the RLS algorithm. A detailed discussion is provided in
Section 3.1.3.

In the nonstationary case, an algorithm used for optimizing an equalizer must
continuously follow (track) the time varying statistics of the input. Hence, the adap-
tive algorithm must pass from a transient mode of operation (convergence) to a steady
state mode with permanent adjustment. [Ele86] suggests that the RLS algorithm be
used for an equalizer at the beginning of the tracking process, so as to fully take ad-
vantage of the high convergence speed of the RLS algorithm. Thus, after the equalizer
reaches its steady state mode, the RLS algorithm can be replaced by the LMS al-
gorithm. In doing so, the complex computation of the RLS algorithm for the DFE
can be avoided without reducing performance. For relatively short equalizers, where
the LMS step size g that guarantees similar tracking behavior does not violate the
stability bound of Equation 3.42, there is no tracking advantage in using the more

complex RLS algorithm.

Thus, the MSE provides as good a measure of system performance as the BER,
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and it shows that a system with the DQPSK modulation scheme combined with
DFERLS gives better performance than the DSPTCM4 modulation scheme combined

with the same equalizer.

5.5 Conclusion

In this chapter, the simulation results for various indoor wireless communication sys-
tems were presented. Three modulation schemes (DQPSK, D8PTCM4, and DSPTCMS).
two types of channels (fixed and time varying), and three equalizers (LE, FSE, and
DFE) were used for the simulations. Table 5.1 summarizes the required SNR to
achieve a BER of 1072 for each modulation scheme with a DFE over the three time

varying channels each having a different level of ISI. The effects of two equalizer opti-

Table 5.1: SNRs for BER = 102 over three time varying channels
low ISI | medium ISI | high ISI

seed 52 55 45
SNR| DQPSK 4.5 6 6 BER=10"?
(dB) | DSPTCM4 6.3 - -
DSPTCM8 | 6.7 - -

mization algorithms (RLS and LMS) were also discussed. It was shown that the RLS
algorithm exhibits slightly better tracking ability than the LMS algorithm. However,
RLS involves a higher degree of complexity than LMS. For a small equalizer length,
the performance of LMS approaches that of RLS.
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Chapter 6

Conclusions

6.1 Summary of Thesis

In this chapter, we provide a summary of the thesis. The results of the simulations are

highlighted, and some suggestions for further research are enumerated and explained.

The purpose of this thesis is to study the performance of LE, FSE, and DFE
equalizers used in conjunction with DQPSK, DSPTCM4 and DS§PTCMS8 modulation
schemes for fixed and time varying indoor wireless channels. Performance results
were obtained from the output of our computer simulations. For these simulations,
software modules representing each part of an indoor wireless communication system

(including the channel) were developed.

In Chapter 2, two indoor wireless channel models are described, namely the
fixed and time varying channe! models. Since the time varying channel is the more
realistic of the two models for representing indoor wireless communications, therefore,
three realizations of the time varying channel, which are used in the simulations, are

presented. The three channels have different levels of 1SI.

Chapter 3 provides a review of LE, FSE and DFE equalizers. The least-mean-
square (LMS) and the recursive least-square (RLS) algorithms, which guide the equal-

izers in combatting ISI, have also been described. While the RLS algorithm involves
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a higher degree of complexity, it provides better performance.

In Chapter 4, a general description of the components of an indoor wireless com-
munication system is presented. After detailing the characteristics of the shaping fil-

ters, three modulation schemes are considered: DQPSK, DSPTCM4 and D8PTCMS.

Chapter 5 presents the simulation results for the various indoor wireless commu-
nication system configurations. The simulation results show that, for a fixed channel.
DSPTCM4 and DSPTCMS8 with DFE perform better than DQPSK with DFE only
when IS] is low. For time varying .channels, DQPSK modulation with the DFE leads
to better BER performances than both the DSPTCM4 and DSPTCMS with the DFE
under both mild and severe ISI conditions. The LMS algorithm provides adequate
channel tracking capability, compared with the RLS algorithm, when the equalizer

length is small.

6.2 Contribution

[n this thesis, we present a time varying indoor wireless channel. As shown, time vary-
ing channels are better than fixed channels for comparing the tracking performance

of equalizers.

While most of the research in the area of equalizer performance evaluation in
indoor wireless communications has been done with fixed channels, we have used
the time varying channel in our simulations to compare the adaptive linear, T/2

fractionally spaced, and decision feedback equalizers.

We have also presented our simulation results to evaluate the performance of two
modulation schemes, namely DQPSK and D8PTCM, under the same time varying
IWC conditions.
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6.3 Suggestions for Further Research

The simulation results obtained for the DFE combined with the DQPSK and DSPTCM
modulation schemes leave many profitable arcas for continuing research. Attention
should be focused on providing more accurate decoding and more reliable temporary

decision making for the DFE.

In order to provide effective detection with the Viterbi algorithm for TCM, mod-
ified branch metrics for fading channels should be used instead of minimum metrics
that are optimal only for the AWGN channel. Modifying branch metrics is achieved
by a Viterbi decoder operating on both the combined ISI and code trellis. Then the
metric that takes into account the ISI due to past symbols is minimized. In [Chev89j,
this method is incorporated into the maximum likelihood estimation. Similar research
has been conducted [Eyu88] to simplify the Viterbi algorithm by modifying branch

metrics with reduced state sequence estimation.

To efficiently improve DFE performance over indoor wireless channels, tempo-
rary decisions made in the DFE. which are used to adjust the DFE's tap weights, have
to be made more accurately. Similar work has been done [Eyu88] by using decision

feedback noise prediction with interleaving.

Lastly, diversity can also be considered a good research subject. Diversity is
used to provide the DFE with a better signal that has less deep fades. In [Char92),
space diversity is introduced as a compound strategy by combining it with coding

and equalization, to eliminate dispersive fading. ISI, and co-channel interference.
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