FREQUENCY-DOMAIN EQUALIZATION OF SINGLE
CARRIER TRANSMISSIONS OVER DOUBLY
SELECTIVE CHANNELS

DISSERTATION

Presented in Partial Fulfillment of the Requirements for

the Degree Doctor of Philosophy in the

Graduate School of The Ohio State University
By

Hong Liu, B.Sc., M.Sc.

* ok ok ok k
The Ohio State University

2007

Dissertation Committee: Approved by

Prof. Philip Schniter, Adviser

Prof. Hesham El Gamal
Adviser

Graduate Program in
Electrical and Computer
Engineering

Prof. Randolph L. Moses



ABSTRACT

Wireless communication systems targeting at broadband and mobile transmissions
commonly face the challenge of fading channels that are both time and frequency
selective. Therefore, design of effective equalization and estimation algorithms for
such channels becomes a fundamental problem. Although multi-carrier transmissions
demonstrate prominent potential to combat doubly selective fading, several factors
may retard their applications, such as: high peak-to-average power ratio, sensitivity
to phase noise, etc. Meanwhile, single-carrier transmission is a conventional approach
and has important applications, such as HDTV broadcasting, underwater acoustic
communication. In this dissertation, we focus on receiver design for single-carrier
transmissions. Our goal is to design and develop a group of channel estimation
and equalization algorithms in the frequency-domain, which enable high performance
and low complexity reception of single-carrier transmissions through doubly selective
channels.

For single-carrier transmissions over moderately fast fading channels with long-
delay spread, we present an improved iterative frequency-domain equalization (IFDE)
algorithm based on soft-interference-cancellation (SIC) and propose a novel adaptive
frequency-domain channel estimation (AFDCE) based on soft-input Kalman filter,
where soft information feedback from the IFDE can be exploited in the channel
estimator. Simulation results show that, compared to other existing schemes, the
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proposed scheme offers lower MSE in channel prediction, lower BER after decoding,
and robustness to non-stationary channels.

We extend the IFDE/AFDCE scheme to accommodate the application of dig-
ital television (DTV) signal reception. Compared with the traditional joint deci-
sion feedback equalization (DFE) /decoding plus frequency-domain least-mean-square
(FDLMS) channel estimation approach, the proposed scheme achieves better perfor-
mance at a fraction of the implementation cost.

For very fast fading large-delay-spread channels, traditional FDE methods fail,
because channel variation within a FFT block induces significant off-main-diagonal
coefficients in the frequency domain. To conquer the problem, we apply Doppler
channel shortening to shape the energy distribution of those coefficients and derive a
pilot-aided MMSE estimator to estimate them for SIC. We also propose a novel IFDE
by leveraging both the sparse structure of shortened channel and finite-alphabet prop-
erty of transmitted symbols. Numerical results show that the proposed scheme has
advantages over the well-known FIR-MMSE-DFE/RLS-CE scheme in both perfor-

mance and complexity.
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CHAPTER 1

INTRODUCTION

1.1 Motivation

In mobile wireless and digital television (DTV) transmission, time-varying multi-
path phenomenon is generally induced by the randomly changing propagation charac-
teristics as well as the reflection, diffraction and scattering of the transmitted signals
from the buildings, large moving vehicles, mountains, etc. Such phenomenon distorts
received signals and poses critical challenges in the design of communication systems
for high-rate and high-mobility wireless communication applications. High rate in-
formation symbols, after transmitting through multipath channel, often spread into
neighboring symbol periods, and cause serious inter-symbol interference (ISI) at the
receiver side. In addition, relative mobility between the transmitter and receiver lead-
ing to fast channel variations, along with oscillator drifts and phase noise, gives rise
to time selectivity. The combined time-frequency selectivity induces Doppler-delay
spreading, which significantly affects communication system performance. Therefore,
the design of effective equalization and estimation algorithms for such channels be-

comes a fundamental problem of communication systems.



In order to implement commercially competitive communication systems, low-
complexity and low-cost systems are highly desirable. Among various proposed can-
didates for the new system design, the diversity reception with multiple transmitter
and receiver antennas [3,4] and the multi-carrier transmission [5] combined with ad-
vanced signal processing algorithms to estimate and equalize the dynamic channels
are considered to be the most promising. However, the introduction of multiple an-
tennas demands dedicated amplifiers in all configurations. Multi-carrier transmission
exhibits very high peak-to-average-power ratio (PAPR) and utilizes a combination of
highly linear power amplifiers, amplitude clipping and amplifier backoff to mitigate
the problem [6]. Since a big portion of the cost of terminals in communication sys-
tems is due to the transmitter power amplifier, single-carrier (SC) modulation system
is a favorable alternative for commercial success. In addition, in some applications
such as HDTV transmission, the transmitter is standardized to adopt SC modulation,
which also motivates the receiver design for SC transmission systems.

This dissertation considers receiver design for effective and efficient reception of
single-carrier transmission through time-varying multipath channels. Our goal is to
design and develop a group of channel estimation and equalization algorithms in the
frequency domain, which enable high performance reception of SC transmission with

low computational complexity.



1.2 Background

1.2.1 Doubly Selective Channels

Wireless communications operate through electromagnetic radiation from the trans-
mitter to the receiver. The communication medium, commonly referred as the chan-
nel, usually distorts the signal based on its propagation characteristics. Two impor-
tant factors which characterize the distortion effects of the channel are multipath
fading and Doppler effect. Multipath fading is the phenomenon in which the trans-
mitted signal arrives at the receiver via multiple propagation paths at different delays
due to reflection, diffraction and scattering of the radio waves. It results in a wide
variation of the received signal strength, since the multiple signals arriving at the
receiver may add up constructively or destructively. The Doppler effect, named af-
ter Christian Doppler, is the change in frequency and wavelength of a wave that is
perceived by an observer moving relative to the source of the waves [7]. In mobile
wireless communication scenario, Doppler effect is attributed to the relative move-
ment of the surrounding objects as well as the transmitter and receiver. It leads to
fast phase oscillation of the received signals on multiple paths, thus accelerates the
time variation of the channel distortion.

Future wireless communication services featuring high-data-rate and high-mobility
can aggravate the multipath and Doppler effect. In digital communication systems,
for most of the channels, the discrete information bearing symbols are modulated with
a continuous pulse shape and transmitted across the channel [8]. In most cases, the
pulse shapes are localized in time and frequency so that transmission of each symbol
consumes a small tile in the time-frequency plane. For high data rate transmission,

the duration of the pulse becomes small and comparable to the multipath delay, thus
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ISI occurs and the channel distortion is called frequency-selective. In high-mobility
scenarios, the channel response varies significantly in the signaling duration due to
Doppler effect, thus the channel distortion becomes time-selective within a single
processing block. Channels whose response are both time and frequency selective are
commonly referred as doubly-selective channels.

Theoretically, the doubly selective channel can be modeled as a linear time-varying
system [9]. When the surrounding objects are stationary, the input and output rela-
tionship between transmitter and receiver can be represented as a linear time-invariant

system with the impulse response

Ny

o(r) =) _ad(t — ), (1.1)

(=1

where ¢, and 7, are the attenuation and propagation delay of the /-th path respec-
tively. This model is widely adopted for description of multipath frequency-selective
channel. When there is relative movement between the surrounding objects including
transmitter and receiver, the attenuation and delay of the /-th path vary with time.

Therefore the impulse response of the channel becomes

Ny

c(t,7) =Y a(t)d(r - ml(t)). (1.2)

(=1

This is the continuous time model for a doubly selective channel.
Doppler spread and delay spread are two important quantities that measure the

time selectivity and frequency selectivity of the channel respectively. The Doppler

shift of the ¢-th path is defined as fcdzy), where f. is the carrier frequency. The

Doppler spread f; is defined as the largest difference between the Doppler shift of all

paths.

fa = max f, (1.3)

Z?]

dTZ(t> . de(t)'
dt dt
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Larger f; implies that the channel varies more rapidly in time. The delay spread (or
multipath spread) is defined as the difference in the propagation time between the

longest and shortest path. Thus,
Ty := max |7(t) — 75(t)] (1.4)
Z?]

When Ty is larger, the multipath effect is more evident.

1.2.2 System Model

Sn

= aw : et ) H@* (=) [ Equalizer |———

| h

) Channel
Estimator

Figure 1.1: Base band transmission system model.

The continuous time transmission system model is depicted in Fig. 1.1, where the
information signal is first modulated by a pulse shaping filter (PSF) a(t) and then
transmitted through time-varying frequency-selective channel c(¢, 7), the received sig-
nal is distorted by AWGN noise pu(t) and then passes through matched PSF a*(t).
The base-band transmitted symbol sequence and modulated signal waveform of data

rate 1/7 symbols/sec depicted in Fig. 1.1 are given by

sr(t) =Y sib(t — kT), (1.5)
k
s(t) = sp(t) x a(t) = Y _ spalt — kT), (1.6)

where {s;} are the transmitted symbols.



To include the transmitter PSF a(t) and receiver PSF a*(—t), the composite

channel impulse response can be defined as

h(t,7) = a(r) *xc(t,7) * a*(—7) = c(t, 7) * b(7) (1.7)
= c(t)b(r — 7(t)), (1.8)

where b(1) = a(7) * a*(—7). As implied by (1.3), when f; < f., we can assume

7¢(t) = 7, for a long time period (approximately proportional to where f; is the

2f f ’
sampling frequency). In this case, we can rewrite (1.8) as
Ny
h(t,7) =) al(t)b(r — 7). (1.9)
=1

In general, the received signal () is defined as

r(t) = h(t,7)*sp(t) +v(t) = /Z co(t)b(T — T4(1)) Z sp0(t — 7 — KT)d71 + v(t)
=1 k
(1.10)

:Zski@ Jo(t — KT = 7(t)) + (1), (1.11)
k (=1

where v(t) = u(t) x a*(—t) and u(t) is the AWGN noise. Sampling r(t) with period

T, we obtain

=> s Z (nT)b(nT — kT — 74(nT)) + v(nT) (1.12)
= Sl Z co(nT)o(IT — 74(nT)) + v(nT) (1.13)

Define 7, = r(nT'), v, = v(nT') and h,; = Zé\[z‘l co(nT)o(IT — 74(nT)), then discrete

time system model is given by:

L
rp = Z Sp—iPni + Un, (1.14)



where we assume h,,; has finite support [0 L]. Generally, the PSF is assumed to be a
Nyquist filter of bandwidth f,, therefore {v,} can be treated as AWGN noise. While
for North America terrestrial digital TV transmission, the PSF is a root raised cosine
filter of bandwidth f,/2, therefore {v,} is a colored noise. However in this thesis we
would still treat it as AWGN similar as in [10,11], and extension to the colored noise

case can be done with a little bit more efforts.
1.2.3 Channel Equalization

In this section, we give a brief retrospection on channel equalization schemes.
First, we consider channel equalization schemes for moderately fast-fading channels,
where the channel can be viewed as static within one processing block and varying
across blocks, then we move on to discuss channel equalization algorithms for vary
fast-fading channels, where the channel’s time-variation within a single block can not
be ignored.

In traditional low-mobility communication applications, the dominant factors which
degrade the performance of communication systems are the multipath fading and
noise. A conventional anti-multipath approach, which was pioneered in voiceband
telephone modems, is to transmit a single carrier modulated by data symbols and a
time-domain equalizer is applied at the receiver to compensate for ISI [12]. Various
equalization methods, ranging from optimal approaches such as maximum a posteriori
probability (MAP) symbol detection, maximum-likelihood (ML) sequence detection
to suboptimal linear equalization such as zero-forcing (ZF), minimum mean square
error (MMSE) symbol estimation, and nonlinear minimum mean square error decision

feedback equalization (MMSE-DFE) have been proposed and researched in various



ways of trading of complexity for performance. However for severe multipath chan-
nels, which is more evident in wireless high-data-rate transmission, all these single
carrier time-domain equalization (SC-TDE) schemes suffer from heavy computation
complexity due to the long delay spread.

Multi-carrier modulation with frequency-domain equalization (FDE) techniques
are proposed as alternative anti-multipath approaches for such kind of channels, and
orthogonal frequency division multiplexing modulation (OFDM) with FDE system
can be viewed as a successful example. OFDM transmits symbols through a large
number of closely-spaced orthogonal sub-carriers, which is essentially using many
slowly-modulated narrow band signals rather than one rapidly-modulated wide-band
signal [13], therefore it transfers a severe frequency-selective channel into an parallel
array of frequency-flat channels on each sub-carrier. As a favorable result, the channel
equalization is simplified to a channel inversion operation on each sub-carrier, and
the computational complexity of OFDM-FDE is approximately proportional to the
logarithm of delay spread per symbol, which is much lower than the SC-TDE schemes.
However, the transmitted OFDM signal is the sum of a large number of modulated
sub-carriers, so OFDM suffers from high PAPR. This drawback increases the cost of
power amplifiers. In addition, OFDM can be sensitive to carrier frequency offset and
phase noise [6].

Single carrier FDE (SC-FDE) schemes are proposed as a promising alternatives
to solve the high PAPR issue associated with OFDM [1]. SC-FDE transfers the FFT
module from transmitter to receiver, thus avoids the high PAPR, but still inherits
the low complexity advantage attributed to frequency-domain signal processing. In

addition, it has some merits not shared by OFDM system. For example, coding,



while desirable, is not necessary for combating frequency selectivity, as it is in OFDM.
Meanwhile, SC modulation is a well-proven technology in many existing wireless and
wireline applications, and its radio frequency (RF) system linearity requirements are
well known [1]. As shown in table 1.1, SC-FDE scheme possesses attractive features
and especially fits applications with constraints on PAPR and power. Furthermore,
SC-FDE shares a number of common signal processing functions with OFDE-FDE,
thus SC and OFDM modems can easily be configured to coexist. In this dissertation,
we conduct investigation of new equalization schemes to combat the doubly selective

channels in the framework of SC-FDE.

Table 1.1: A Comparison of Anti-multipath Schemes [1].

OFDM | SC-FDE | SC-TDE
Signal PAPR High Low Low
Computational Complexity | Low Low High
Coding Requirement Strict | Flexible | Flexible

With the increasing application/deployment of high-mobility and high-rate wire-
less communication, Doppler spread becomes an important factor in the system de-
sign. When the channel varies significantly within one OFDM symbol duration,
sub-carriers are no longer perfectly orthogonal, severe ICI will degrade system per-
formance substantially. The same dilemma also plagues SC-FDE schemes, since the
resulting frequency-domain (FD) channel matrix is not diagonal any more, there-
fore the simple one-tap equalizer is not viable. Effective equalization for rapid time-

varying frequency-selective channels is a challenging problem. In recent years, various

approaches to suppress ICI for multi-carrier systems are investigated. Choi proposes
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a MMSE successive detection algorithm [14] to cancel ICI, but the computation com-
plexity is too high if the number of subcarrier is large. Assuming that some “small”
ICI coefficients can be directly ignored, several ICI suppression algorithms with lower
complexity are proposed in [15-17]. However, such assumption may not be valid
as shown in [18], where a maximizing signal to noise plus interference ratio (SINR)
window is derived to restrict ICI influence and then an iterative MMSE estimator is
applied to cancel ICI as well as estimate finite-alphabet frequency-domain symbols.
Rugini applies banded LDL factorization [19] to further reduce the complexity of
estimation step in [18]. Besides, some parametric models are adopted to describe the
doubly selective channel, various equalization algorithms based on those models are
explored. Gorokhov [20] uses Taylor series expansion to linearly approximate time-
domain channel variations and achieves low complexity channel equalization based
on the structural property of data model. Barhumi proposes a frequency-domain per-
tone equalizer based on complex exponential basis expansion model (CE-BEM) [21].
Motivated by the low-complexity ICI suppression scheme for OFDM systems in [18],
we studied the FDE with analogous ICI suppression for SC systems and proposed
iterative FDE schemes for both cyclic prefixed (CP) and non-cyclic prefixed (NCP)

SC systems with the desired logarithmic per-symbol processing complexity.
1.2.4 Turbo Equalization

Turbo codes are first introduced by Berrou, Glavieux and Thitimajshima in [22].
They present stunning results that performance near the theoretical limits of shan-

non can be achieved with relatively simple code structure and decoding algorithm.
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The magic comes from the decoding algorithm: iterative exchanging soft information
between two simple constituent codes.

Inspired by the success of turbo decoding, researchers start investigating the ap-
plication of such iterative soft information exchanging algorithms, which is termed
“turbo principle”, to solve other problems. Ever since then, turbo equalization be-
comes an active research direction. The idea of turbo equalization is first introduced
in [23], where a soft-output Viterbi algorithm (SOVA) is applied for soft-in-soft-out
channel equalization and decoding. A soft multi-user interference cancellation algo-
rithm is proposed for code division multiple access (CDMA) system in [24]. Such
idea is applied to turbo equalization in [25-27], and various techniques to reduce
the computational cost required to compute the equalizer coefficients are discussed.
Frequency-domain approaches for MMSE turbo equalization are proposed in [28-30]
and [31] for single-input-single-output and multiple-input-multiple-output systems,
respectively.

The key philosophy behind turbo equalization is to incorporate “soft information”
into the equalization and decoding tasks. Traditionally, the equalizer estimates the
symbols, makes a hard decision, and then feeds them to a decoder. This approach
actually destroys information pertaining to how likely each of the possible data sym-
bols might have be. However, this additional “soft” information can be converted
into probabilities that a optimal decoding algorithm (such as BCJR algorithm [32])
can exploit for better performance.

Another key characteristic of turbo equalization is its iterative treatment. In turbo
equalization, once the decoder processes the soft information it can, in turn, generate

its own soft information indicating the relative likelihood of each transmitted bit. This
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soft information from the decoder is fed back to the equalizer to aid symbol estimation.
This process is often termed “belief propagation”or “message passing” [33,34] and has
connections to methods in artificial intelligence, statistical inference, and graphical
learning theory.

A closely related research topic with Turbo equalization is iterative channel esti-
mation. For coherent detection (detecting transmitted symbols from received signal
using an estimated channel impulse response (CIR)), channel estimator plays an im-
portant role. A number of researches consider exploiting the soft output information
of turbo equalizer to improve the accuracy of channel estimation. Iterative CIR esti-
mators based on least mean square (LMS), recursive least square (RLS) and Kalman
filter are proposed in [35] and [36] respectively, which take soft information of data
symbol estimates from equalizer as input and update filter coefficients accordingly.
Application of iterative detection and channel estimation techniques in global sys-
tems for mobile communications (GSM) and enhanced data rates for global evolution
(EDGE) shows a significant performance enhancement in [37]. In this dissertation, we
also consider fitting soft input channel estimation into the turbo equalization frame-
work, giving a receiver with iterative channel estimation, equalization, and decoding.

The most relevant references to our work are [25, 28,29, 36].

1.2.5 Channel Estimation

Channel estimation (CE) for doubly selective channel is a challenging and interest-
ing problem. Generally speaking, CE schemes can be divided into two big families,
one is training based CE (TB-CE) or decision directed CE (DD-CE) schemes, the

other is blind CE schemes. For doubly selective channel, TB-CE and DD-CE are
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more common, which can be roughly categorized into three classes: finite paramet-
ric model based CE schemes, statistical model based CE schemes and adaptive CE
schemes.

Finite parametric model based CE schemes assume that the time variation of
each independent channel coefficient can be captured by a linear combination of
limited number of basis functions, thus CIR over a time interval can be attained by
estimating those basis expansion parameters. Such models are commonly adopted
for estimating very fast fading channels over a block duration. Various CE schemes
have been researched for difference parametric models. Kalman filter, MMSE and LS
channel estimator based on basis expansion model (BEM), Slepian basis, kernels for
Rayleigh fading are investigated in [38-42]. A Taylor expansion based channel model
is proposed in [43] to facilitate the design of ICI cancellation filter.

Statistical model based CE schemes assume the second-order statistics informa-
tion of the channel is either known or available through estimation, thus CIR can
be obtained by exploiting the correlation between received signal and priori known
pilot symbols/ detected symbols. For very fast fading channels, pilot-aided channel
estimation for multicarrier modulation are investigated in [44, 45]. For moderately
fast fading channels, various frequency-domain channel estimation (FDCE) schemes
have been proposed to track and predict wireless channels for OFDM systems, with
or without pilot symbols, and with or without knowledge of channel statistics [46-48].
For SC systems, time-domain channel estimation is the typical approach [30, 36, 49],
though a few pilot-aided FDCE schemes have been proposed [50-52]. A survey about

linear channel estimation for systems with multiple antennas is presented in [53].
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Adaptive CE schemes apply an adaptive filter to track channel variation in time,
while both pilot symbols and detected data symbols can be used to update the filter
coefficients. For rapid time-varying channels, adaptive filters are adopted to estimate
the model parameters with low computational complexity for a BEM and polynomial
basis in [54] and [55] respectively. Iterative CIR estimators based on LMS and RLS
filter is investigated in [35]. For modest time-varying channels, a frequency-domain
adaptive algorithm is proposed in [56] to track channels for SC transmission systems.

Blind CE schemes are adopted in communication system where training symbols
are not available or not sufficient to initialize channel estimates. Various blind equal-
ization methods have been proposed during the last ten years. These methods include
higher-order statistical approaches [57], constant modulus algorithm (CMA) [58], sub-
space method based on second-order statistics [59], etc. In adaptive CE schemes, blind
CE can serve as initialization step.

In this dissertation, we focus on FDCE algorithms and develop adaptive Kalman
filter based per-tone channel estimator to track and predict channels for SC systems.

the most relevant references with our work are [36, 39, 52].

1.3 Contribution and Outline

In the sequel, we give the dissertation outline and its main contributions.

In Chapter 2, we consider the receiver design for single carrier transmission sys-
tems over moderately fast-fading frequency-selective channels [60,61]. Particularly we
investigate iterative frequency-domain equalization (IFDE) with explicit frequency-

domain channel estimation (FDCE). First, an improved IFDE algorithm is presented
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based on soft iterative interference-cancellation. Second, soft-decision-directed chan-
nel estimation algorithms are derived and analyzed both in time and frequency do-
main. As it turns out, frequency-domain approach is more computational efficient
than time-domain approach. Therefore a new adaptive FDCE (AFDCE) algorithm
based on per-tone Kalman filtering is proposed to track and predict the frequency-
domain channel coefficients. The AFDCE algorithm employs across-tone noise reduc-
tion, exploits temporal correlation between successive blocks, and adaptively updates
the auto-regressive model coefficients, bypassing the need for prior knowledge of chan-
nel statistics. Finally, a block overlapping idea is proposed which facilitates the joint
operation of IFDE and AFDCE. Simulation results show that, compared to other
existing IFDE and adaptive channel estimation schemes, the proposed schemes offer
lower mean-square error (MSE) in channel prediction, lower BER after decoding, and
robustness to non-stationary channels.

In Chapter 3, we consider a frequency-domain turbo equalization and adaptive
frequency-domain channel estimation (FDTE/AFDCE) scheme for the reception of
transmissions that employ trellis coded vestigial sideband (TCVSB) modulation, as
specified by the ATSC North American terrestrial digital television (DTV) stan-
dard [62,63]. The proposed FDTE/AFDCE scheme enables low-cost and high-
performance reception of highly impaired DTV signals. Through numerical simu-
lation, we demonstrate that our FDTE/CE scheme outperforms the traditional joint
DFE/decoding plus frequency-domain least-mean-square (FDLMS) channel estima-

tion approach at a fraction of the implementation cost.
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In Chapter 4, we consider the receiver design for single carrier transmission sys-
tems over very fast fading frequency-selective channels [64-66]. In these quickly vary-
ing large-delay-spread channels, the traditional FDE methods fail when the channel
response varies significantly over the FFT analysis window. Here we propose a novel
FDE that is based on Doppler channel shortening, soft iterative interference cancella-
tion, and block decision feedback. In addition, we derive a MMSE channel estimator
for the pilot-aided estimation of significant channel coefficients in frequency domain,
which are necessary for FDE. Numerical simulations show that the proposed scheme
has advantages over the well-known FIR-MMSE-DFE plus RLS based CE scheme in
both performance and complexity.

Finally in Chapter 5, we offer some concluding remarks and indicate future re-
search possibilities.

To enhance the flow of the dissertation, we collect all detailed derivations in the

appendices of each chapter.

1.4 Notation and Abbreviations

Matrices (column vectors) are denoted by upper (lower) bold face letters. Conju-
gate, transpose, Hermitian transpose, and inverse of A are denoted by A*, AT, A#
and A™!, respectively. The Frobenius norm and I, norm are denoted by || - || and
| - ||, respectively. The expectation, Kronecker delta, Kronecker product, modulo-N
and integer ceiling operations are denoted by E[-], §(+), ®, < - >y, [-], respectively.
The N x N identity matrix and unitary discrete Fourier transform (DFT) matrix are
denoted by Inxn and F iy, 2, for the nth column of I. C(a) denotes the circulant

matrix with first column a, and D(a) is the diagonal matrix with diagonal elements
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a. Re(+) denotes the real part, and diag(A) is the vector formed from the diagonal el-
ements of square matrix A. Finally, CN(u, ¥) denotes the multi-dimensional circular

Gaussian distribution with mean vector pu and covariance matrix 3.
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AWGN
AFDCE
APPLE
AR
ATCR
BER
BPSK
CE
CIR
CMA
CP
CPR
CSI
CWGN
DFE
DTV
FDCE
FDE
FDLMS
FDTE
FFT
FIR
IBI
ICI
IFDE
iid.
IS
LMS
LS
MAP
MF
ML
MMSE
MMSE-DFE
MSE
OFDM
PAPR
QPSK
RLS
SC
SCCP

Table 1.2: Abbreviations

Additive White Gaussian Noise
Adaptive Frequency-Domain Channel Estimation
Approximate Linear Estimation
Auto-regressive

Across Tone Channel Refinement

Bit Error Rate

Binary PSK (2-PSK)

Channel Estimation

Channel Impulse Response

Constant Modulus Algorithm

Cyclic Prefix

Cyclic Prefix Reconstruction

Channel State Information

Circular White Gaussian Noise
Decision Feedback Equalizer

Digital Television

Frequency-Domain Channel Estimation
Frequency-Domain Equalization
Frequency-Domain Least Mean Square
Frequency-Domain Turbo Equalization
Fast Fourier Transform

Finite Impulse Response

Interblock Interference

InterCarrier Interference

Iterative Frequency-Domain Equalization
independent and identically distributed
InterSymbol Interference

Least Mean Square

Least Square

Maximum a Posterior

Match filter

Maximum Likelihood

Minimum Mean Square Error
Minimum Mean Square Error Decision Feedback Equalization
Mean Squared Error

Orthogonal Frequency Division Multiplexing
Peak-to-Average-Power Ratio
Quaternary PSK (4-PSK)

Recursive Least Squares

Single Carrier

Single Carrier Cyclic Prefix
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SC-FDE
SC-TDE
SDD-CE
SDD-TDCE
SDD-FDCE
SER

SISO

SNR

TE

TCVSB
VSB
WSSUS

ZF

Single Carrier Frequency-Domain E