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Digital communication techniques have been developed and improved
to provide high rate data transmission as well as transmission reliability. High
rate data transmission necessitates communication over broadband frequency
selective channels. Multi-carrier modulation systems such as orthogonal fre-
quency division multiplexing (OFDM) have become very popular for broad-
band communication due in part to computationally efficient multi-carreir
generation using the fast Fourier transform (FFT) and simple one-tap equal-
ization. Examples of wireless Internet standards employing OFDM are IEEE
802.11a/g wireless LANs and IEEE 802.16a fixed wireless networks.

Recently, transmit diversity technique such as the Alamouti space-time
block code involving multiple transmit antennas and possible multiple receive
antennas has emerged as a promising method to improve transmission reliabil-

ity. OFDM combined with transmit diversity is a promising means of achieving

viil



high rate data transmission with transmission reliability. A main assumption
of OFDM systems with space-time block codes such as the Alamouti code is a
quasi-static channel, i.e., wireless channels do not change over two consecutive
OFDM symbol periods. Unfortunately, wireless channels become time-variant
due to Doppler spread when a mobile receiver moves, resulting in severe com-

munications performance degradation.

This dissertation proposes three novel signal detection methods for
OFDM systems with transmit diversity when the channels are time-variant:
a decision directed receiver, a sequence estimation receiver, and a frequency
domain block linear filtering receiver. Computer simulations demonstrate the
computational efficiency of the proposed methods, comparing with previous

approaches.

This dissertation also proposes an OFDM transmission method without
cyclic prefix. Since cyclic prefix in OFDM systems is redundancy, bandwidth
efficiency increases as the redundancy is eliminated. It is also shown that the
equalization technique for OFDM systems without cyclic prefix can also be
used for timing error correction in non-synchronized sampling discrete multi-

tone (DMT) systems, a wireline counterpart of OFDM.
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Chapter 1

Introduction

In addition to the existing tremendous amount of information on the
Internet, digital data is generated by many personal devices such as digital
cameras, digital camcorders, personal computers, scanners, and even mobile
cell phones. Although the already huge amount of information is still growing,
storage devices seem to be good enough. The examples of storage devices
are computer hard discs, magnetic tape, compact disc (CD), CD recordable
(CDR), CD rewritable (CDRW), digital versatile disc (DVD), DVD recordable
(DVDR), DVD rewritable (DVDRW), universal serial bus (USB) 2.0 memory
stick. Digital communication techniques have been developed and improved
to move the above mentioned data from one place to another to be stored in a
local storage device. With the growing amount of information to be accessed
by people, however, it seems that the current data transmission techniques
need to be more enhanced in terms of transmission reliability, transmission

rate, power/bandwidth efficiency, and low complexity.

In this dissertation, multicarrier communication systems, in particular,
orthogonal frequency division multiplexing (OFDM) systems, are addressed.

OFDM systems utilize multiple complex exponentials as multiple carriers. The



idea of multichannel data transmission without inter-symbol interference and
inter-channel interference was first conceived by Chang [1]. The performance
of the idea was analyzed by Saltzberg [2]. An OFDM system was first imple-
mented using analog oscillators and low pass filters in the 1960s by Porter,
Zimmerman, and Kirsh [3]|[4]. However, its attractive features were not fully
revealed until an all-digital implementation using the fast Fourier transform
(FFT) was used by Weinstein, Ebert, and Bingham [5][6]. The idea of the
cyclic prefix to eliminate the interference between consecutive OFDM sym-
bols was proposed by Peled and Ruiz [7]. It was shown by Hirosaki [8] that
orthogonally multiplexed QAM signals can be successfully transmitted using
the discrete Fourier transform (DFT). The advantages of OFDM systems are

summarized as follows

1. The use of the IFFT/FFT enables the computationally efficient
generation of exactly orthogonal complex exponentials to be used as carriers,

without using multiple analog oscillators.

2. Compared to previous FDM systems, OFDM systems achieve higher
spectral efficiency because its subchannels are allowed to overlap without in-

terference.

3. Compared to single carrier modulation systems in which the imple-
mentation complexity is dominated by equalization [9], OFDM equalization is
simpler because a frequency selective channel is treated as a set of flat fading

subchannels (one-tap equalization per subchannel).



4. Adaptive modulation according to the subchannel signal-to-noise

ratio (SNR) is possible in relatively slow time-varying channels [9].

5. OFDM is robust against narrowband interference, because such

interference affects only a small percentage of the subcarriers [9].

Due to these attractive features, OFDM or its wireline counterpart

discrete multitone (DMT) modulation has been used for
1. Digital audio/video broadcasting (DAB/DVB) [10][11][12][9][13][14][15]
2. Asymmetric and very high-speed digital subscriber line (DSL) modems
[16][17][18]
3. Digital cable television systems [19]
4. Local area mobile networks such as IEEE 802.11a and the HIPER-
LAN/2 [20][21][22][23][24].
It is also likely to be used for

1. Ultra wideband (UWB) communication [25][26]

2. Future generation mobile cellular systems with an aid of multiple

transmit and receive antennas [27].

The remainder of this chapter is organized as follows. Since various
OFDM systems are addressed in the dissertation, conventional OFDM system
with single transmit and single receive antenna is described in Sectionl.1. I also
point out major assumptions in conventional OFDM systems. Various OFDM

systems are described in appropriate chapters. In Section 1.2, I describe my



contributions and the organization of the dissertation. Section 1.3 presents

the notation that the dissertation uses.

1.1 Orthogonal Frequency Division Multiplexing Sys-
tems
A block diagram of baseband equivalent OFDM systems is shown in
Fig. 1.1. A information bit stream is mapped into a complex symbol streams.
A block of complex symbols is converted from serial to parallel (S/P) to be
used as input to the inverse fast Fourier transform (IFFT). The modulated

OFDM signal to be transmitted over a channel is expressed as

N-—1
X;[k]es2mkn/N (1.1)
0

xzn—\/ﬁ

where z;[n], 0 < n < N — 1, stands for the n-th sample in the i-th OFDM

=
Il

symbol and X;[k], 0 < k < N — 1, is the transmitted complex data on the
k-th subchannel during the ¢-th symbol period. The parameter N represents
the number of subchannels. A cyclic extension is applied to the time domain

symbol before transmission as
Ziln] =zilin+ N —v)y],-v<n<N-1 (1.2)

where (n)y is n modulo N. That is, a cyclic prefix of v samples in prepended
to the symbol. Transmit signal right before the transmit low pass filter can be

represented in continuous time as

oo

w(t) =Y 2 Zi(nTy)o(t — (N + v)i 4 n)Ty) (1.3)

1=—00 n=—V
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Figure 1.1: Block diagram of baseband equivalent OFDM systems.

where z;(nTy) 2 1 [n], Ty is the sampling period, and d(¢) is the Dirac Delta

function.

The received signal after passing through an equivalent channel is ex-
pressed as
o0
y(t) = / h(T)x(r — t)dr

o
oo

= Y i Fi(mT)h(t — (N +v)i +m)Ty). (1.4)

i=—00 m=—V
I assume that the equivalent channel impulse response including the transmit
filter, wireless channel impulse response, and the receive filter, has a finite

length, i.e., h(t) =0for t <0 ort¢t> (M — 1)T.

Sampled at the receiver, the :-th OFDM symbol after having the cyclic

prefix removed is expressed as

yiln] = i h[m)z;[(n — m)y] +win], 0<n < N —1 (1.5)



where h[m] 2 h(mTs) and w;[n] is the additive white Gaussian noise during

the i-th OFDM symbol period. In (1.5), it is assumed that M — 1 < v.

The received signal is converted into the frequency domain via a de-

modulating FFT :

N—-1
1 )
Yilk] = —= Y wiln]e ™V 0 <k <N - 1. (1.6)
N n=0

Since the received signal in (1.5) is the circular convolution of the transmitted
signal and the channel impulse response, the frequency domain signal can also

be expressed as
Yilk] = Xilk] - H[k] + Wilk], 0< k<N -1 (1.7)

where H[k] and W;[k| are the FFT result of h[n] and w;[n], respectively.

Using the above relationship of the transmitted and the received signals
in the frequency domain, the compensation for the channel distortion is per-
formed by a one-tap equalizer for each tone, which estimates the transmitted
symbols. Tones can be seen as independent of each other, which leads to an
equivalent system illustrated in Fig. 1.2. Fig. 1.3 shows a set of subchannels
in the frequency domain. It can be seen that the subchannels are overlapped

in a bandwidth efficient manner.

Major Assumptions: The above conventional OFDM system assumes the

following:

1. A linear time invariant (LTI) channel. If the channels are linear

time variant (LTV), then the orthogonality between the subchannels is broken,
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Figure 1.2: Equivalent parallel system for OFDM.

thereby degrading performance. The dissertation concerns OFDM systems

with transmit diversity when the channel is LTV.

2. A cyclic extension that is longer than the channel impulse response
to guarantee that there is no interference between OFDM symbols. However,
a long cyclic prefix incurs bandwidth efficiency reduction because the cyclic
extension is redundant. Therefore, this dissertation deals with OFDM systems
without cyclic extension in an effort to increase the bandwidth efficiency in

indoor wireless channels.

3. Perfect sampling time synchronization between the transmitter and
the receiver. If sampling time is not correct at the receiver, the error needs
to be corrected. The dissertation deals with timing error correction in non-

synchronized sampling DMT systems.



(k-1)-th k-th subcarrier
\ / (k+1)-th

(k-2)-th

N
N

(k+2)-th

Figure 1.3: The amplitude of subcarriers in the frequency domain. The effect
of time domain rectangular windowing due to finite OFDM symbol period can
be observed. The subcarriers in OFDM systems are overlapped in a bandwidth
efficient way.

1.2 Contributions and Organization of the Dissertation
My contributions are the following:

e | propose three types of receivers for OFDM systems with transmit diversity
in fast fading channels, a decision directed receiver (Chapter 3), sequence
estimation receivers (Chapter 4), and a frequency domain block-linear filtering

receiver (Chapter 5) to mitigate the degrading effect of time variant channels.

e | show that the idea of subsymbol equalization can be successfully applied

to OFDM transmission without cyclic prefix (Chapter 6) and timing error



correction in non-synchronized sampling OFDM (DMT) systems (Chapter 7).
The dissertation is organized as follows:

Chapter 2 motivates the need of new receivers for OFDM systems with
transmit diversity when the channels are fast fading. Two previous signal
detection methods are also described: the Alamouti decoding and time domain

block linear filtering approach.

Chapter 3 proposes a new decision directed receiver for OFDM sys-
tems with transmit diversity in fast fading channels by assuming ideal channel
state information (CSI) at the receiver. The new decision directed receiver

compensates for the ICI using intermediate decisions.

Chapter 4 first formulates a maximum likelihood sequence estimation
(MLSE) method and show that its complexity is quite high for OFDM systems
with transmit diversity in fast fading channels. Then I show that sequential
decision feedback sequence estimation (SDFSE) with an adaptive threshold
(AT) offers a good trade-off between computational complexity and error per-
formance. To further decrease the average complexity of the SDFSE with
an AT, I propose an adaptive effort sequence estimation (AESE). The AESE
is motivated by the observation that instantaneous channel variation is not

always significant even when the normalized Doppler frequency is high.

Chapter 5 proposes a new frequency domain block linear filter (FDBLF)
approach for the signal detection in OFDM systems with transmit diversity.

The FDBLF is based on the observation that the system matrix in the fre-



quency domain is quite sparse.

Chapter 6 proposes a new bandwidth efficient OFDM systems without
cyclic prefix. I describe a previous iterative method briefly. I then compare

the two schemes under indoor wireless channel environments.

Chapter 7 applies the idea of subsymbol equalization, a technique used
for OFDM without cyclic prefix in chapter 6, to non-synchronized sampling
DMT systems. In non-synchronized sampling systems, a free running crystal
is used for sampling time generation without feedback from the digital domain.
Timing error caused by the crystal is corrected in the digital domain. It is
shown that the idea of subsymbol equalization can also be successfully used

for the timing error correction.

1.3 Notation

In general, a bold face letter stands for a matrix or a vector as is clear
from context. The operation wrev(-) reverses the order of elements in the
argument vector; {-} \ {-} denotes the set minus; (-)7 stands for the matrix
transpose; (+)* denotes the complex conjugate; Diag(-) represents an N x N
diagonal matrix whose diagonal entries correspond to the N x 1 argument

vector entries; (+) y denotes the modulo operation; I, denotes M x M identity

matrix; ()7 denotes hermitian transpose; | - | denotes absolute value; || - ||
denotes L, norm of a matrix or a vector; if o 2 (a,b,---,z) is a sequence,
o\a=(bc--,z); the notation (X[m]|m € X), where X is a set, denotes

a sequence whose element indices are increasingly ordered; [-]; denotes the

10



k-th element of the argument vector; []x, denotes the (k,m)-th entry of the

argument matrix.
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Chapter 2

Previous Signal Detection Methods for OFDM
Systems with Transmit Diversity

This chapter describes two previous signal detection methods for OFDM
systems with transmit diversity in fast fading channels. Sec.2.1 introduces the
signal detection in OFDM systems with transmit diversity. Note that Sec.2.1
is the introduction to Chapters 2 through 5. Sec.2.2 describes MIMO OFDM
systems in detail. Then two previous signal detection methods are described
in Sec.2.3 and Sec.2.4. The performance of the time domain block linear filter

will be presented in chapters 4 and 5.

2.1 Introduction

In recent years, transmit diversity techniques have received attention
because they increase transmission reliability over wireless fading channels
without penalty in bandwidth efficiency [28][29]. Space-time coding at the
transmitter does not require channel state information (CSI), thus no feed-
back from the receiver to the transmitter is necessary[30][31][32]. One popular
and practical transmit diversity technique is the Alamouti scheme [33], in

which maximum-likelihood decoding naturally decouples the signals transmit-

12



ted from different antennas. The simple Alamouti decoding scheme works well
when channels are flat fading and time-invariant over an Alamouti codeword

period.

Unfortunately, high data rate applications necessitate data transmis-
sion over broadband frequency selective channels, which cause severe inter-
symbol interference (ISI). However, a frequency selective channel can be di-
vided into a set of parallel flat fading channels by combining the Alamouti
technique with orthogonal frequency division multiplexing (OFDM) modula-
tion method [34]-[35]. In these Alamouti coded OFDM systems, the simple
Alamouti decoding at each subchannel requires that channels be constant over
two OFDM symbol periods. When the quasi-static channel condition is met
and an appropriate cyclic prefix (CP) is used, the simple Alamouti decoding

works well.

The combination of Alamouti technique and OFDM modulation, how-
ever, makes the degrading time-varying channel effects more severe. Since
OFDM systems have a much longer symbol duration than single carrier sys-
tems, a channel that is quasi-static for single carrier systems may not be quasi-
static for OFDM systems. Consequently, rapidly changing channels cause more
severe performance degradation in the Alamouti coded OFDM systems than in
Alamouti coded single carrier systems. When the channel is fast fading, chan-
nel variation within an OFDM symbol gives rise to inter-channel interference
(ICI) or coupling between the symbols in different codewords (inter-codeword

coupling). In addition, the channel variation between two consecutive OFDM

13



symbols causes coupling between symbols in a codeword at each subchannel
(intra-codeword coupling). With the two coupling effects lowering the effec-
tive signal-to-noise ratio (SNR) at the receiver, as will be shown in Sec. 2.3.3,
the Alamouti decoding performance is degraded significantly in a fast fading
channel environment. The severe performance degradation motivates the need

for a decoding scheme that improves the performance at moderate complexity.

The effect of fast fading channel on BER performance of OFDM systems
was analyzed in [36], however, no transmit diversity technique was considered
in [36]. Performance degradation due to fast fading channels in systems with
transmit diversity using the Alamouti code was considered in [37]. Since a
single carrier system was considered in [37], however, ICI was not included as
a performance degrading factor. In [38], a new model of signal to interference
plus noise ratio (SINR) in multiple input multiple output (MIMO) OFDM
system, including the impact of time-varying channel was proposed. In this
chapter, I separate the impact of time-varying channel into the inter-codeword
and intra-codeword coupling (both are defined in Sec. 2.3.2), and use them to

analyze the effect of channel variation within an OFDM symbol period.

Various decoding schemes for space-time coded systems have been pro-
posed. In [39], it was reported that transmit diversity exploiting the Alamouti
code and its simple decoding can be used for a single carrier system even
when channels are not quasi-static. This is possible due in part to a relatively
short symbol period of single carrier systems when compared with OFDM

systems. In [40], a simplified maximum likelihood (ML) decoder for space-
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time block coded single carrier system was proposed when channels are time-
selective. A decoding matrix was proposed in an effort to make the resultant
matrix (channel matrix multiplied by the decoding matrix) diagonal, elimi-
nating inter-antenna interference. An adaptive frequency domain equalization
scheme was also proposed for single carrier systems in [41] to track channel
variations within a transmission block. The previous approaches [39]-[41] con-
sider single carrier systems, where interchannel interference is not applicable,

thus these approaches do not apply to OFDM systems.

Decoding schemes in OFDM systems with transmit diversity were re-
ported in [38][42][43]. A time domain filtering approach was proposed in [38]
for MIMO OFDM systems in fast fading channels. I compare our proposed
approaches mainly with this previous approach. In [38], a time-variant filter is
designed in the time domain so that SINR including channel variation effect is
maximized. As will be shown in detail later, however, the design process as well
as filtering process is computationally expensive for some system parameters.
In [42], a space-frequency encoding/decoding scheme for wideband OFDM
system was proposed to improve performance, concatenating space-time block
coding with trellis coded modulation (thereby increasing complexity). How-
ever, [42] assumes a slow-fading channel, which is not the case I consider in the
Chapters 2-5. OFDM systems with ICI and ISI were considered in [43] and
a decision feedback equalization (DFE) structured equalizer was developed.
But the ICI considered in [43] is due to insufficient CP length rather than fast

fading channels.
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A differential space-time block coding (STBC) scheme was developed
based on the Alamouti scheme in [44], eliminating the need for channel esti-
mation. The differential scheme becomes relatively more bandwidth efficient
(when compared with a coherent scheme) in fast fading channels because no
training symbol is required to estimate the channels. The differential scheme,
however, assumes that the channels do not change over two Alamouti code-
word periods, i.e., four OFDM symbol periods, which is not true under the
fast fading channels under consideration. Therefore, the fast time variation of
the channels is likely to have a more severe impact on performance of differ-
ential space-time block coded systems than on coherent systems. I compare
the performance of the proposed receivers with the differentially coded system
through simulations at a high Doppler and show the advantages of coherent
approaches in Sec. 4.5. Although more thorough comparison could be made
considering different Doppler frequencies and different CSI estimation schemes,

I consider only a fixed high Doppler frequency and one CSI estimation scheme.

In this chapter, I analyze the inter-codeword and intra-codeword cou-
pling effects and demonstrate their severity via simulation. The previous time

domain MMSE receiver is described in detail.

In Chapter 3, a decision directed receiver is proposed to mitigate the
performance degradation due to fast fading channels. In the decision directed
receiver, intermediate decisions are made to be used for interference cancella-

tion between subchannels.

In Chapter 4, I use sequence estimation schemes [45]-[46] that are tra-
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ditionally single carrier equalization techniques to alleviate the performance
degradation due to the coupling effects. First, I formulate a maximum-likelihood
sequence estimation (MLSE) scheme in the frequency domain. In [47], it was
argued that small normalized Doppler frequency (the product of the Doppler
frequency and symbol period) implies that ICI is from only a few nearest sub-
channels. In the MLSE formulation, I take advantage of an observation that
even when the normalized Doppler frequency is somewhat large, I need to
compensate for ICI from only a few nearest subchannels because of channel
estimation error as well as less significance of ICI from far away subchannels.
Second, a sequential decision feedback sequence estimation (SDFSE) scheme
is described as a suboptimal scheme that reduces the high computational com-
plexity of the MLSE. The complexity of the SDFSE scheme is again reduced by
using an adaptive threshold (AT). Twice the inter-codeword coupling, which
will be defined later, is used as a threshold value. The SDFSE scheme with
an AT is composed of candidate selection step and sequence estimation step.
The applicability of the AT idea is based on the observation that the inter-
codeword coupling is much weaker than the intra-codeword coupling. The

relatively small inter-codeword coupling keeps the number of candidates small

to make efficient the SDFSE with an AT.

To further reduce the average complexity of the SDFSE with an AT, I
propose an adaptive effort symbol estimation (AESE) scheme. Basically, the
simple Alamouti decoding scheme is selected when the instantaneous chan-

nel variation is negligible, and the SDFSE scheme with an AT is used when
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the channel variation is significant. The degree of the channel variation is
measured in terms of intra-codeword coupling which is defined later. When
the intra-codeword coupling is larger than a certain threshold, instantaneous
channel variation is considered as significant, and vice versa. The threshold
value in the AESE is set from simulation experiments. The AESE scheme is
motivated by the observation that a high Doppler frequency does not neces-
sarily mean an instantaneous significant channel variation. Therefore, even
when the Doppler frequency is very high, transmitted symbols are estimated
via the Alamouti decoding when the instantaneous channel variation is neg-
ligible. The Alamouti decoding, the SDFSE with an AT, the AESE, and the
time domain MMSE filter approach are compared in terms of complexity and
performance via simulation. Since each signal estimation scheme may react
differently to channel estimation errors, I consider both cases with and with-
out ideal CSI. I use the channel estimation technique involving pilot tones and

interpolation in [38] to estimate CSI.

The main drawbacks of the sequence estimation, however, are that the
complexity is time-variant that is not amenable to hardware implementation,

and that the complexity is dependent on the constellation size.

In Chapter 5, a frequency domain block-linear filter (FDBLF) is pro-
posed whose length is much shorter than the previous TDBLF, thereby achiev-
ing a significant complexity reduction in filter design as well as filtering process.
The proposed FDBLF complexity is neither time-variant nor depends on con-

stellation size. First, I extend the block diagonal approximation of system
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matrix of single-input single-output (SISO) systems [47] to MIMO cases. [
then use the extended block diagonal approximation to divide a large system
equation into a set of small system equations. Then I formulate an optimiza-
tion problem that is similar to [38] for each small system equation. It is shown
that the FDBLF is computationally much more efficient than the previous
TDBLEF. The two approaches are also compared in terms of error performance
versus signal-to-noise ratio (SNR). Monte Carlo simulations suggest that the
proposed FDBLF shows a negligible performance degradation while requiring
much less computations, compared with the previous TDBLEF. It is also shown
that the error performance gap between the two schemes becomes even smaller

when CSI estimation error is included.

It is also shown that the simple Alamouti decoding might be a preferred
choice even in very fast fading channels, depending on target BER, the cost of
an additional radio frequency (RF) chain, and computational complexity. At
BER of 1073, the simple Alamouti decoding (employing two transmit and two
receive antenna) requires about 5.5dB less SNR than the quite complex time

domain filtering approach (employing two transmit and one receive antenna).

2.2 OFDM with Transmit Diversity

In Chapters 2-5, T consider an OFDM system with transmit diver-
sity as illustrated in Fig. 2.1. The bandwidth (B = %) is divided into
N equally spaced subcarriers at frequencies kEAf, £ = 0,1,---, N — 1 with

Af = B/N and T; is the sampling interval. At the transmitter, information
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bits are grouped and mapped into complex symbols. In the Chapters 2-5,
quaternary phase-shift keying (QPSK) with constellation Cypgx is assumed
for the symbol mapping. According to the Alamouti code, [X;[k] Xs[k]] are
transmitted from the two antennnas simultaneously during the first symbol
period (I = 1) for each k£ € K. During the second symbol period (I = 2),
[—X5[k] X[[k]] are transmitted from the two antennas for each k£ € K. The
set K 2 {%, e ,% — 1} is the set of data carrying subcarrier indices;
N, is the number of subcarriers carrying data; N is the fast Fourier transform
(FFT) size; and consequently the number of virtual carriers is N — N,. T as-
sume half of the virtual carriers are on both ends of the spectral band. The
IFFT converts each N x 1 complex vector into a time domain signal and the
copy of the last D samples are appended as prefix (cyclic prefix). Thus the
length of an OFDM symbol is (N + D)T;. The time domain transmitted sig-
nals from antenna i during the [-th symbol period z;;[n],0 <n < N+ D —1,

i€ {1,2}, 1€ {1,2} are expressed as
wig[n] =) Sy[k)el*mHn=PIN (2.1)

keX
where S; ;[k] denotes a complex symbol transmitted from the i-th antenna dur-
ing the [-th symbol period in an Alamouti codeword over the k-th subchannel.

The index for the Alamouti codeword is omitted to keep the notation simple.

The signals from the two transmit antennas go through independent

channels.

Wireless Channels: The baseband wireless mobile channel impulse response
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Figure 2.1: OFDM system with transmit diversity.

(CIR) can be expressed as [48]
hit,7) =Y wt)e(r =) (2:2)

where 7, is the delay of the p-th path, 7,(¢) is the corresponding complex
amplitude, and ¢(t) is the pulse shaping filter. The frequency response of the

CIR at time t is

H(t, f) 2 / h h(t, 7)e 27 dr (2.3)
= C(f) ) _plt)e I (2.4)

where
c(f) 2 / soc(r)e=7 17 . (2.5)

The frequency response of the shaping filter is usually a square-root raised-
cosine Nyquist filter. From the property of Nyquist filter, ¢(7 —7,) = §(1 —73)

if 7, is a multiple of T;. Therefore, discrete time equivalent channel impulse
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response is

hln, 1) 2 (T, 1Ty) = > y,[n]dll — 7] (2.6)
where v, [n] 2 vp(nT;) and 6]l — 7] 2 o(ITs — 7).

When 7, is not a multiple of T}, however, ¢(r —7,) # 6(7 — 7). Hence,
hln, (] =) ylnlell = 7,]. (2.7)
p

Note that TI; is not an integer and c[l — 7';,] # 0 for all [. The amplitude of
c[l — TI;] decreases as || — 7';,| increases. For an extreme case, I consider a single
path channel, i.e., h[n, ] = v,[n]c[l — TI;]. Even when there exist a single path,
its discrete time equivalent CIR can have multiple significant taps. This is
important when CIR is estimated in the time domain, because the number
of taps to be estimated needs to be decided prior to the estimation process.

Channel estimation considering multipaths arriving at non-integer multiples

of the symbol period is addressed in section V in[49].

Since I am focusing on signal detection rather than channel estimation,
multipaths are assumed to arrive at multiples of the symbol period for simula-
tion simplicity in the dissertation. Then the wireless channel can be described
as L resolved multipath components p € {0,1,---, L — 1}, each characterized
by an amplitude h;;[n,p] and a delay pT}, where h; [n, p] stands for the p-th
resolved multi-path component amplitude between the i-th transmit antenna
and the receive antenna at time n (sample index) during the [-th symbol pe-
riod. The maximum delay spread of the two channels is assumed to be the

same and equal to (L — 1)T5.
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The received signals during an Alamouti codeword period are

2 L-1

] = higln, plaian — pl + zln], 1€ {1,2} (2.8)

i=1 p=0

where z;[n] is a circularly symmetric zero-mean white complex Gaussian ran-
dom process. In (2.8), I assume the followings

e Exact carrier frequency synchronization between the transmitter and the
receiver is assumed.

e Exact sampling time synchronization is assumed. The effect of receive filter,
usually a raised cosine filter, needs to be included when sampling time is not
exact.

e Exact frame synchronization is assumed for OFDM demodulation block.

e Cyclic prefix length is assumed to be longer than the channel impulse re-
sponse.

e No power control, therefore, equal power allocation among subchannels is
assumed. Note that it is difficult to feedback CSI to transmitter under the
fast fading channel channel environments.

e Multipath components are assumed to arrive with delays of multiple of sym-
bol periods. Thus, no power leakage is assumed due to multi-paths arriving

at a fraction of the symbol period.

It can be observed that the received signals are a superposition of signals
from the two transmit antennas. If the CP length D is longer than L — 1, the
received signals (2.8) (after removing the prefix) can be considered as the

circular convolution result of the transmitted signals (2.1) and the channel.
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Consequently, the demodulated signals in the frequency domain via the FF'T

are expressed as

2
Vitk = 32 Sufmlailk, m] + Z[K], 1€ {1,2} (2.9)
i=1 meX
where
L—1
ailk,m) £ 3" Higylk — mle 32mme/N (2.10)
p=0
1 N—-1
Higplk —m] 2 N > higln, plei2rtmmn /N, (2.11)
n=0

The notation H;;,[k — m| represents the FFT of the p-th multipath
component between the i-th transmit antenna and the receive antenna during
the [-th symbol period. Note that a;;[k, m],m # k denotes the ICI from the
m-th subchannel to the k-th subchannel for each transmit antenna index i €
{1,2} and symbol period | € {1,2}. Additional interpretation of H;;,[k — m]

and a; [k, m] is provided in [47].

The input output relationship (2.9) can also be cast into a matrix form

as follows

Y H,Qf H, Q"] [X Z
1 Z e [FuQT H21Q 1y |2 (2.12)
Y2 H22Q _H12 X Z2
SN~ ~ ~~ N~ =
Sy °H 2x 2z
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where X; £ [X;(0) X;(1) --- X;(N—1)]T, i=1,2
Y, 2 [Yi(0) Yy(1) --- YN - 1)), 1=1,2
72200 (1) - Z(N-1]", 1=1,2
Q") £ Diag(Q, Q")

hi,l(O; 0) 0 s hi,l(O; L — 1) .- hi,l(O; 1)

>

H;, : : " - : :
0 -+ hiy(N—-1;L—-1) hii (N —1;0)

The Toeplitz channel matrix H;; describes the channel between the i-th trans-
mit antenna and the receive antenna during the [-th symbol period. The
matrix Q is the N x N FFT matrix whose the (m,n)-th entry is Q(m,n) =
\/Lﬁe*ﬂ”m”m, 0 <m,n < N — 1. The symbol X;(k) is the complex symbol

transmitted over the k-th subchannel from the ¢-th transmit antenna during

the first OFDM symbol period.

If the channels are quasi-static, the following is true

[QPIH], ~0 if (k)y # (m)n (2.14)

where () denotes the modulo operation. Consequently, space-time decoding
can be performed for each subchannel separately, using the simple Alamouti

decoding.

When the channels are fast fading, however, the approximation (2.14)
does not hold, leading to severe performance degradation of the Almouti decod-
ing. In the following sections, signal detection methods in fast fading channels

are discussed.
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Extension to more than one receive antenna system is straight forward
where an appropriate combining scheme at the receiver would be necessary

that is considered in Sec.5.3.

2.3 The Alamouti Decoding Scheme

In this section, the Alamouti decoding scheme is briefly reviewed under
the assumption of a quasi-static channel. Then the performance degradation
of the scheme in a fast fading channel is both analyzed and demonstrated via

computer simulations.

2.3.1 Signal Detection in Slow Fading Channels

If the channel is slow fading, the ICI terms are not significant as de-
scribed in [50] and

As a result, the received signal (2.9) is expressed as a set of simultaneous

equations

Y[k] = Alk, k| X[k] + Z[k], ke X (2.16)
where

é al,l[k,m] ag,l[kz,m]
Alksm] = | o em] —al ol m)

for k,m e X (2.17)

YK = Mk YR XK S [Xlk] Xo[k])T, and Z[K] = [Zi0k] Zs[K))"
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Via the assumption that the channels do not change over an Alam-
outi codeword period, i.e., a1k, k] = aialk, k] = ai[k] and ag.[k, k] =
a2k, k] = as[k], space-time decoding is performed by multiplying both sides
of (2.16) with A”[k, k] to estimate the transmitted symbols X[k] = (| [k]|> +
| [E]|?)X[k] + AT [k, )WK]. Note that the two symbols in X[k] are decou-
pled from each other. The final decisions are made independently )A(l[k] =

. ol . . A
arg minx ecgps, | Xilk] — plk]XI|, i € {1, 2} with p[k] = |aa [k]]* + |az[K]*.

2.3.2 Signal Detection in Fast Fading Channels

When the channel is fast fading, however, the approximation (2.15) is

no longer valid and the received signal (2.9) is split into N, equations as follows

Y[k] = Ak, kXK + Y Alk,m)X[m] + Z[k], k € K. (2.18)
meX\k
If T define A[k] 2 [Zjﬁ ! E k] where oy [k] = ara[k, k], aslk] =

a9 1[]€ k] then AH[k']A =p k]IQ

The following equation for each £ € K can be derived from (2.18), using
the above identity
Y[k] = plkIX[K] + Crvrralk]X[K] + Y Crvreslk, m]X[m] +Z[k] (2.19)
meX\k
where
Y[k 2 AU[K]Y[K] (2.20)

A~

Cinrralk] = AT[E]AA[K] (2.21)
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C]NTE'R[k',m] = AH[k]A[k,m] (222)
Z[k] £ AH[k|Z[k] (2.23)
An[k] 2 Alk, k] — A[k] (2.24)

It can be observed that the second and the third terms on the right side
of (2.19) show the effects of a time-variant channel. The second term shows
the coupling effect between symbols in a codeword (intra-codeword coupling)
and the third term shows the coupling effect between symbols in different
codewords (inter-codeword coupling) or ICI. These two coupling effects create
interference that lower the effective SNR at each subchannel, thereby degrad-

ing the performance.

To show the relative significance of the two coupling effects, the follow-

ing two statistics and a coupling function are defined as,

Cinrra = ZE{ |Cinrralk]|| } (2.25)
~ 1
OINTER[kO é ZE{ |CINTER[k k'—"k'()]H } (226)
¢ kex

[k, ko 2 { Civrralk] i ko =0 (2.27)

CINTER[ka k + ko] otherwise.
From (2.25), (2.26), and (2.27), the following statistic is obtained

Blko) £ — ZE{H\IIk w7} = { Cinrra if k=0 (2.28)

Cinterlko] otherwise.

The statistic ¥[0] shows the average intra-codeword coupling degree. When
ko # 0,¥[ko] is the average inter-codeword coupling amount from a subchannel

which is k¢ times subcarrier spacing away from an observed subchannel.
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2.3.3 Numerical Examples

In this section, the two coupling effects and performance degradation
due to the coupling effects are demonstrated via simulation. A two transmit
antenna and one receive antenna OFDM system is simulated. Exact channel
estimation at the receiver is assumed. The bandwidth B = 400k H z, the FFT
size N = 128, the CP length D = 32, the number of data carrying subchan-
nels N, = 120, consequently the number of virtual carriers is N — N, = 8§,
and the OFDM symbol period (N + D)Ts; = 400us. Four subchannels on
both ends of the spectrum are not used for data transmission. Each subcarrier
is modulated by QPSK symbols. The performance criterion is the bit error
rate (BER) versus SNR at the receiver. The total signal power from the two
transmit antennas is used for the calculation of the SNR. The mobile channel
used for simulation is a two path channel with equal power and delays of 0
and 47} respectively with each path experiencing independent Rayleigh fad-
ing. Jakes’ model was used for the Ralyeigh fading channel simulation [51].
Doppler frequency considered is 297H z which results in more severe channel
variation than the scenario in [38]. For the statistic (2.28) and the BER mea-
surement, 1,000 OFDM symbols (500 Alamouti codewords) are transmitted

and estimated.
Fig. 2.2 shows an empirical ¥[ko]/®[0], ko € {0,%1,--+, 410} when
fp = 297H z. The simulation result suggests that the intra-codeword coupling

is much stronger than inter-codeword coupling. Fig. 2.3 displays BER vs.

SNR for Doppler frequencies of 50 and 297H z, and shows the performance
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Figure 2.2: The relative significance of the two couplings caused by the time-
variant channel, 10log1o(®[ko]/¥[0]) vs. ko, for fp = 297Hz.

degradation in fast fading channels when the standard Alamouti decoding
scheme is used. As the Doppler frequency increases from 50H z to 297H z, the
error performance is degraded significantly, especially for high SNR, (> 15dB)
channel environment. Given the relative significance of the two coupling effects
in Fig. 2.2, it can be said that the performance degradation is mainly due to
the intra-codeword coupling effect rather than the inter-codeword coupling
effect. The performance degradation motivates a novel symbol estimation
scheme which compensates for the coupling effects at a moderate complexity.
In the next section, symbol estimation schemes are described that improve the

performance under a fast fading channel environment.
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Figure 2.3: The BER performance vs. SNR of the Alamouti decoding scheme
for fp=>50 and 297Hz.

2.4 Time Domain Block Linear Filter

Stamoulis et. al. proposed a TDBLF to mitigate the channel variation
effect [38] where MIMO OFDM case was not described clearly. Therefore, I
review the previous work briefly in this section. When two transmit antenna
and one receive antenna are involved, a 2N x 2N time domain block-linear
filter is inserted right before the demodulating FFT, resulting in the following
composite matrix

G, £ QW H. (2.29)

The off-diagonal entries of G, are viewed as interference and the following
signal to interference plus noise ratio SIN R;(k) is defined

A E.|lef’Ge;|?

o2 ~ ’
]”Vtr(Wth{) + EI Zm#k |e£IG’tem|2

2

SINR,(k)

(2.30)
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I desire that the time domain block-linear filter maximizes the above SINRy(k), k =
0,1,---,2N — 1. It was shown [38] that an optimization problem can be for-

mulated as

For each £k =0,1,--- ;2N — 1

max w; hyhy wy (2.31)

Wi

2
subject to Wf(%IQN +Ry)w, =1

where wy, = W/ qy, g = Qe hy, = Hey, and Ry = ZIy+HH" —h;hf!.
If no power control is adopted, the transmit power is equally divided, i.e.,
E[|X;(k)|?] = E, for all i and k. The vector ey, is the unit norm column vector

of length 2N with the k-th entry of 1.

The above optimization problem is solved as

For each £k =0,1,--- ;2N — 1
w; = R 'h, (2.32)
Wiopt = Wi/ |[Wg| (2.33)
A o2
where R = HH" + 7L

Note that only one matrix inversion is necessary in the filter design pro-
cess. I also note that the normalization (2.33) is not required in the optimiza-
tion process. The normalization is equivalent to scaling both the numerator
and the denominator in (2.35). However, the normalization prevents overflow
or underflow error that might happen in fixed point hardware/software imple-

mentation. From the above filter design procedure, I can obtain the following
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2N x 2N time domain block-linear filter

Wt = Q(Rx)H [WO,opt Wiopt " W2N71,opt] g (234)
Finally, transmitted signals are estimated using the above filter
A (Rz)W,Y
X(k):[Q_—t]’f, k=0,1,---,2N —1 (2.35)
Gy(k, k)

where X (k) is the estimated symbol of X (k). Note that the (k+ N)-th entry
of X is the k-th entry of X,.

However, the filter design process and filtering process of the time do-
main block linear filter is computationally quite expensive. Detailed com-
plexity evaluation will be done in Sec.5.4. Therefore, Chapters 3-5 propose

computationally efficient signal detection methods.
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Chapter 3

Decision Directed Receiver

This chapter proposes a decision directed receiver for OFDM systems
with transmit diversity in fast fading channels [52][53]. The proposed deci-
sion directed receiver is based on the observation that when the normalized
Doppler frequency is small, the inter-channel interfere (ICI) is from only a
few nearest subchannels. Sec.3.1 proposes a decision directed receiver. Sec.3.2

demonstrate the error performance improvement by the proposed scheme.

3.1 Decision Directed Receiver

If the channels are time-variant over two symbol periods, however, the

estimated symbols are expressed as

X[k] = HI[EHAKX[E] + I [EHA k) X[k]
+ ) " H KAk, m]X[m] + F7[k]Z[k] (3.1)
m#£k
where
A 0 0
Halh] = [ K = a3, k] —af, [k + aw] (32)
S P R =
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= A (ani[k] aglk]
Hlk = {az,l[kl —ail[kl}' (34)

When (3.1) is compared with (2.16), it can be observed that the second
term on the right side of (3.1) shows the undesired component due to channel
variation between consecutive OFDM symbols and the third term represents
the ICI impairment. When the channel does not change over an Alamouti
codeword period, H[k] = H[k], Ha[k] = 05, and A[k, m] = 0,, Vm # k, where
05 is 2 x 2 null matrix. Consequently, the two estimated signal expressions,
(3.1) and (2.16) become identical. Thus when the channel is time-variant, the
proposed approach improves the performance. With the time varying channel

effect considered, the following decision directed technique is proposed.

Step#1) Initial Symbol Estimation

le't[k] = I:IH[k]Y[k] (3.5)

Step#2) Intermediate Decisions

X[k] = Decision [X;mt[k]] (3.6)

Step#3) Estimated Symbol Update

X[k = Xpuaelk] — H[K](Ha[HX[K] (3.7)

+ > Alk,m]X[m])

m—q,m#k

Step#4) Final Decisions

X[k] = Decision [X[k]] (3.8)
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If not satisfactory, go back to Step#3.

In step#3, I am using the result in [47] that ICT is due to only a few
nearest adjacent subchannels (2¢) when the Doppler frequency and the symbol

period product is small (< 0.1).

3.2 Simulation Results

In this section, simulation experiments are conducted to demonstrate
the efficacy of the proposed decoding scheme. A two transmit antenna and
one receive antenna system with OFDM modulation is simulated. Exact chan-
nel estimation at the receiver is assumed. The entire bandwidth of 800k H z
is divided into 128 subchannels. Four subchannels on each end are not used
for data transmission. Each subcarrier is modulated by QPSK symbols. The
guard interval is 40ps. The performance criterion is bit error rate (BER) vs.
signal-to-noise power ratio (SNR). The mobile channel used for simulation
is a two path channel with equal power, each path experiencing independent
Rayleigh fading. Considered Doppler frequencies are 50, 100, and 200H z. The
total signal power from the two transmit antennas is used for the calculation
of SNR. To measure the BER, 10,000 OFDM blocks are transmitted and es-
timated. The parameter ¢ = 1 is used for the proposed decoding scheme.

[teration number I = 1,2 are considered in the proposed scheme.

Fig.3.1-3.3 show the BER performance vs SNR for the Alamouti de-

coding scheme and the proposed decision directed decoding scheme when the
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Doppler frequency is 50, 100, and 200H z in respect. As the Doppler frequency
increases the BER performance of the Alamouti decoding scheme degrades
severely because higher Doppler frequency means more rapid change of the
channels. As can be observed in the figures, the proposed decision directed
space-time decoding scheme improves the BER performance significantly for
all considered Doppler frequencies. When the Doppler frequency is 200, 100,
and 50H z, the proposed decision directed scheme improves the BER perfor-
mance over a broad SNR range starting at 10, 15, and 20dB, respectively.
Note that more than one iteration for the proposed scheme does not improve
the performance significantly, in that the decision directed (I = 1) curves are

very close to the (I =2) curves.
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Figure 3.1: BER performance of the Alamouti decoding scheme and the pro-

posed decision directed decoding scheme with I = 1,2 when the Doppler

frequency is 50H z.
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Figure 3.2: BER performance of the Alamouti decoding scheme and the pro-
posed decision directed decoding scheme with I = 1,2 when the Doppler
frequency is 100H z.

3.3 Conclusions

In this chapter, an OFDM system with transmit diversity obtained us-
ing the Alamouti space-time code was considered. To better accommodate
time-variant channels, a new decision directed space-time decoding scheme
that extends the Alamouti decoding technique is proposed. Simulation exper-
iments show that the proposed decision directed technique improves the BER
performance with a moderate complexity increase when the channel is time-
variant. However, the performance improvement is quite limited because the
proposed receiver was developed under the assumption of correct intermediate

decisions.
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Figure 3.3: BER performance of the Alamouti decoding scheme and the pro-
posed decision directed decoding scheme with I = 1,2 when the Doppler
frequency is 200H z.
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Chapter 4

Sequence Estimation Receivers

In this chapter, sequence estimation receivers are proposed in the pres-
ence of the couplings discussed in Sec. 2.3.2 [54][55]. In Sec. 4.1, an MLSE
approach is formulated for the system under consideration. In Sec. 4.2, an
SDFSE with an AT is described as a suboptimal scheme reducing the com-
plexity of the MLSE. Section 4.3 describes the AESE scheme. Section 4.4
considers the required computational complexity, especially comparing with

the MMSE approach.

4.1 An MLSE Formulation

In this section, an MLSE scheme at the receiver is formulated. In this
dissertation, the Alamouti coded OFDM system is considered while a trellis-
based space time code was considered in previous work [34][35]. When the
channel is fast fading, the two coupling effects described in section ITII.B need
to be compensated. It was argued that if the normalized Doppler frequency
is small, I can assume that ICI is from only a few nearest subchannels [47]. I
argue that even when the normalized Doppler frequency is pretty large, I have

only to consider ICI from a few nearest subchannels due to channel estimation
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error as well as less significance of ICI from far away subchannels. By this
assumption, the received signal (2.18) is simplified into
Y[k] = Alk, k]X[k]
min(k+q,(N+Ne)/2—1)

+ > Alk, m]X[m] + Z[k] (4.1)

m=maz(k—q,(N—N¢)/2),m#k
where 2¢q is the number of subchannels considered as causing inter-codeword

couplings.

It can be observed in (4.1) that the received signal is composed of the

attenuated desired signal, ICI from 2¢q other subchannels, and additive noise.

Let
P (Yl,l € {1,2}| X, = X;,i € {1, 2}) (4.2)

denote the conditional probability that Y;, [ € {1,2} are received under the
assumption that the X;,i € {1,2} are transmitted. In the MLSE scheme,
I estimate the transmitted sequence to be the sequence that maximizes the
likelihood in (4.2). Since W{k| in (4.1) is a white complex Gaussian random
process, I can show that the MLSE scheme amounts to computing [45]
(X[m]|m € K) = arg ZfMLSE (4.3)
|me9< keX

where
min(k+q,(N+N¢)/2—1)

Emrselk] = || Y[k] — > Alk, m]X[m]|| . (4.4)

m=maz(k—q,(N—N.)/2)
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After a simple modification of the coupling function (2.27), the follow-

ing function is defined

plk|Ly + O[k, ko] if kg =0
Wk, ko) if kg € {£1,£2,--- +q} (4.5)
0 else.

yAN
lIlimp[ka kO] =

If the above function is used, an equivalent metric to (4.4) can be written as

min(k+q,(N+N:)/2—1)

Enrnspeqglk] = ||Y[K] — Z Uil m — k) X[m]||.  (4.6)

m=maz(k—q,(N—N:)/2)
The function ¥;,,, [k, m| can be considered as a sort of non-causal time-variant
impulse response at time k with channel memory of 2¢+1, while (X[m]| m € X)

is the symbol sequence I need to detect. The state at k is defined as

2

O (X[m]|m € {max(k — q,(N — N.)/2),-- -,

min(k +¢,(N + N,)/2 = 1)}). (4.7)

Dynamic programming based on the principle of optimality such as the
Viterbi algorithm can simplify the minimization problem (4.3). The mini-
mization problem under consideration, however, requires Q*9 MLSE states,
where () is the constellation size. Even for small (), the minimization prob-
lem might be computationally prohibitive. In addition, merging is a random
phenomenon and it is possible that no decision is made until the end of the
entire sequence. Given that the length of the sequence (X[m]|m € X) is N,,

this may result in an N, codeword period delay [45].

42



The next section describes an SDFSE scheme with an AT which miti-

gates both the delay and the very high complexity problem of the MLSE.

4.2 An SDFSE Scheme with an AT

Among suboptimal but computationally feasible sequence estimation
techniques is sequential sequence estimation. Sequential sequence estimation,
which relieves the delay problem of the MLSE, can also be combined with
decision feedback scheme to further reduce complexity [56]-[57]. By assuming
that I have correctly recovered the sequence oy_ £ (X[m]|m € {max(k —

¢,(N — N,)/2),--- ,k — 1}) by the time I try to recover X[k], an SDFSE

scheme can be formulated as follows

For k=(N—-N.)/2:(N+N,)/2-1 (4.8)
é’k+ = al"gHiiIl&gDFSE[k']
Ok+

X [k] is adopted and G4, \ X[k] is discarded

k<+—Fk+1
where
A
oy = (X[m] € Cqpsk % Corsk|
m € {k, -+ ,min(k +q,(N + N.)/2 —1)}) (4.9)
A min(k+q,(N+N¢)/2-1)
Esprselk] = || Y[k] — Z Alk, m|X[m]

m=k
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Yk 2 Y[k] — i Alk, m)X[m]. (4.11)

m=maz(k—q,(N—N.)/2)

Now the required number of metric calculations is Q%91 for the estimation

of symbols in a codeword.

Further complexity reduction via an AT: Now further complexity
reduction is accomplished by using an AT. The idea of threshold, which is
referred as the T-algorithm, was introduced to reduce the decoding complexity
of the convolutional codes in [58], but no formula was proposed for selecting the
threshold value. A similar idea was used in [46] in which posterior probabilities
associated with one step previous states are calculated and a state is removed
when the corresponding posterior probability is less than a threshold. Another
method to set a threshold value was proposed in [59]. In [59], the threshold
value is set so that the removal probability of a correct state is less than a
target error probability. In this scheme, an instantaneous SNR is necessary to
calculate the instantaneous threshold value though. The maximum possible
threshold value can be used to avoid instantaneous threshold value calculation,
which in turn decreases the efficiency of the threshold idea. On the other hand,
in this dissertation, a threshold value is decided based on the time-variation
degree of the channel without requiring the instantaneous SNR or posterior

probability.

Under the assumption that a sequence o was recovered correctly, a

simple metric is defined

Evimplelk] = H?[k] ~ Alk, k]X[k]H . (4.12)
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Comparison of (4.10) and (4.12) shows that the metric (4.10) involves
a sequence oy while the simple metric (4.12) considers only X[k]. In other
words, the metric (4.12) considers only the intra-codeword coupling effects
while the metric (4.10) takes into account both coupling effects. From (4.10)

and (4.12), the difference between the two metrics is bounded as follows

i X[k] € CQPSK X OQPSK and Ok+ with the X[k]

gsimple[k] ‘X[k} — &sprselk] ‘

Ok+
min(k+q,(N+N¢)/2-1)
< Z Alk, m]X[m]
m=k-+1
min(k+q,(N+N¢)/2—1)
V2 3 1ALk, m]|| = BlK] (4.14)

m=k+1

IN

Note that the norm || X|| = v/2,VX € Corsk % Cgpsk by assuming a
constellation of unit amplitude symbols. I can observe that the bound B[k] is

a function of inter-codeword coupling.

Let Xsupopt[k] be the minimizer of the metric (4.12), then

gsimple[k]

< || ALK, K] (Xousope ] — X[K]) |

k] - gsimple[k] ‘X[k}‘

Xsubopt [
A

< ALk K| X anlk] — XIK]| 2 CT8) (4.15)

The bound CIk] is a function of the intra-codeword coupling effect.
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The following relationship between the above two bounds can be in-

duced from Fig. 2.2

2+/2

B{CIH} = =

-E{||Alk, k]||} > 2E {B[k]} . (4.16)

The above inequality again implies the following relation

8k C {X[k] € Copsk x Copsk]|

gsimple [k]

Xsuboptk] gsimple[k”x[k] < C[k]} (4.17)
where

Sk é {X[k] € CQPSK X CQPSK‘

gsimple[k]

) — Ssimpte[K]|x g | < 2BE]}. (4.18)

Xsubopt

Meanwhile, if T let X,,:[k] be the minimizer of the metric (4.10), the

relationship between the two minimizers is derived from (4.14)

gsimple [k]

‘ < 2B[k] (4.19)

Xsubopt[k] - g[k]simple Xopt[k} ~

which implies that X [k] € 8.

A small set of probable minimizers of the metric (4.10) can be chosen
via the simple metric (4.12). This is where the idea of the adaptive threshold
(AT) method is used. The smaller the bound B[k| compared to C[k], the
smaller |S;| becomes, where |S;| is defined as the number of elements in S.
The set 8y, can be regarded as a candidate set of X[k]. After the selection of

candidates of X[k] which requires @Q? metric calculations of &smpie[k], [Sk| - Q*
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metric calculations are necessary to find the minimizer of {sprsp[k]. In other
words, intra-codeword coupling effects are first considered for the estimation of
the transmitted symbols and the inter-codeword coupling effects are considered
only when there are more than one contender. Note that when large ¢ needs
to be considered, the idea of a threshold can be further exploited by defining
another simple metric including a few inter-codeword coupling effects. I also
note that the AT decreases not only the number of metric calculations but

also the complexity of each metric calculation via (4.12).

4.3 An AESE Scheme

To further reduce the average complexity of the SDFSE scheme with
an AT, an AESE is proposed in this section. The basic idea is that when the
instantaneous channel variation is small, thus ||C;nrralk]|| for each £ € K
is smaller than a threshold (Tagsg), the simple Alamouti decoding scheme is
used. On the other hand, the SDFSE scheme with an AT is used to mitigate
the performance degradation when the instantaneous channel variation is large
and consequently ||C;n7ralk]|| is larger than the threshold. Fig. 4.1 is a block
diagram of the proposed adaptive effort receiver. This scheme is based on
the observation that high Doppler frequency implies a statistical fast fading
channel but it does not necessarily mean significant instantaneous channel
variation. To quantify the effectiveness of the proposed AESE, I define the
following probability that an instantaneous channel variation is significant and,

consequently, an Alamouti codeword is estimated via the SDFSE scheme with
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Figure 4.1: Block diagram of the proposed adaptive effort receiver. When
the instantaneous channel time-variation is significant the SDFSE with AT is
used, and when it is not significant the simple Alamouti decoding is used.

an AT

Papsg = P ([[Crnrralk, K]|| > Tapsk) - (4.20)

The trade off between complexity and performance can be made via
Tarrse in the AESE scheme. Larger T,psr means that more symbols are
estimated via the simple Alamouti decoding. Thus complexity can be reduced

by using larger T'ygsr but the performance will be degraded at the same time.

4.4 Computational Complexity

In this subsection, the computational complexity of various schemes
is compared. The required number of metric calculations for the proposed
schemes are summarized in Table 4.1. Since I am considering ¢ = 1, the num-

ber of metric calculations required in SDFSE with an AT is (1+|8;|)@?, where
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18] = ZZQ:ZQZ - Prob(|8x| = 7). In the process of decoding N, Alamouti code-
words, N,(1 + [S¢])@? - 4 multiplications are required per Alamouti codeword
period. The average complexity can be further reduced via the adaptive effort

scheme with only negligible performance degradation.

To assess the complexity of the time domain MMSE filter approach, the
MMSE filter design procedure as well as the filtering procedure needs to be in-
cluded. In the filter design procedure, the correlation matrix (R, in Sec.IV.B
in [38]) is constructed first, whose size is 2N x 2N for the two transmit and
one receive antenna systems, requiring (2V)? multiplications (Using the sparse
structure of the corresponding matrices, complexity is lowered to (2N)? x (2L),
where L is the number of multipaths for each channel). Then the inverse of the
correlation matrix is calculated which requires (2/N)? multiplications. Finally,
time variant filter is designed as described in Sec.IV.B ((2N)? multiplications).
In the filtering process, (2/N)? multiplications are required since the length of
the filter is 2N. Therefore, roughly 3 x (2N)? + (2N)? multiplications are
required per Alamouti codeword period. The low rank approximation of the
correlation matrix that was used in [60] can be adopted to reduce complexity
in the filter design process. Unlike in [60], however, a low rank approximation
is necessary per codeword period. It seems that the computationally expen-
sive singular value decomposition (SVD) in the approximation process does

not reduce the complexity dramatically.

Since I am considering parameters N = 128 and ) = 4, the complexity

of the proposed SDFSE with an AT is much lower than the MMSE approach.
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Table 4.1: Required number of metric calculations for an Alamouti codeword
estimation in various symbol estimation schemes.

Decoding Scheme ‘ Required number of metric calculations
Alamouti Decoding Scheme 2-Q
SDFSE QD)
SDFSE with an AT Q? + |8,]Q*
AESE Pipsp(Q* +18k| - Q*) + (1 — Papse)2Q

Since the MMSE scheme complexity does not depend on the constellation size
@, the relative complexity of the proposed schemes grows as larger constel-
lations are used. But under the harsh channel environment I am considering
here, the small signal constellation may be used to achieve a proper error

performance.

4.5 Simulation Results

In this section, the error performance and complexity of the following
schemes are compared via simulation, the Alamouti decoding scheme, the
SDFSE scheme with an AT, the AESE scheme, the differential STBC scheme,
and the MMSE filter approach. The simulation scenario is the same as in Sec.
2.3.3. I consider only the higher Doppler frequency of 297H z, resulting in a
normalized Doppler frequency of fp(N + D)Ty = 0.12. Unlike in Sec. 2.3.3,
I consider both cases with and without ideal CSI at the receiver. Considered
values for Tygsr in the AESE scheme are 0.3 and 0.4. Exact noise power is

assumed to be available for the MMSE approach.
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Fig. 4.2 shows the BER performance vs. SNR of the various decoding
schemes when the ideal CSI is assumed. The time domain MMSE filter ap-
proach shows the best performance. The performance of the proposed SDFSE
with an AT falls between the Alamouti performance and that of the MMSE
approach. It can be observed that as the parameter ¢ increases in the pro-
posed SDFSE with an AT, the performance approaches that of the MMSE
filter. For the SNR range from 5 to 25dB, the proposed SDFSE with an AT
(¢ = 2) shows almost the same performance as that of MMSE. When the
SNR is as high as 30dB, there exists a performance difference though. The
performance gap seems to be due to the fact that the MMSE approach con-
siders inter-codeword coupling from all subchannels while the SDFSE with
an AT considers inter-codeword coupling from only 2¢ adjacent subchannels.
The performance gap suggests that, as the SNR, gets higher, more subchannels

need to be considered from which inter-codeword coupling is caused.

Fig. 4.3 shows the BER performance when the CSI is estimated via
the channel estimation technique in [38]. The performance degradation due to
channel estimation error can be observed. The decoding schemes react differ-
ently to the channel estimation error. The error performance of the Alamouti
decoding and the SDFSE with an AT (¢ = 0) is almost identical as when the
ideal CSI is assumed. With channel estimation error, however, the SDFSE
with an AT (¢ = 2) shows almost the same performance as that of the SDFSE
with an AT (¢ = 1), which suggests that inter-codeword coupling A[k, k+2] is

more susceptible to CSI estimation error than A[k, k] and A[k, k+ 1] are. The
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MMSE approach shows the most significant performance gap between ideal
and estimated CSI. The BER performance in Fig.5.4 suggests that with CSI
estimation error, large ¢ does not have to be adopted in the SDFSE with an
AT. It shows also that with CSI estimated, the proposed SDFSE with an AT
(¢ = 1) shows negligible performance degradation compared to the MMSE

approach.

Fig. 4.3 also shows the performance of the differential scheme [44].
Although the differential scheme eliminates the need for CSI estimation which
is more beneficial when the channels change very fast, its performance loss due
to the non-quasi-static channels is much more severe than the performance
loss of other coherent schemes due to CSI estimation error. It seems that the
performance loss is caused by the strict assumption of the differential scheme
that the channels do not change over two Alamouti codeword periods, i.e., four
OFDM symbol periods. Note that the Alamouti decoding scheme assumes that

the channels do not change over only two OFDM symbol periods.

Fig. 4.4 shows the probability of the number of candidates in the
SDFSE with an AT (¢ = 1). It can be observed that more candidates are
selected when the SNR is low. This is because that more constellation points
satisfy the constraint (4.18) due to dominant background noise. As the SNR
increases, the number of candidates significantly decreases. When the SNR is
20d B, only one candidate is selected with probability of 0.9. The corresponding
@ = 0.2, hence, the complexity of the SDFSE with an AT is N, x 1.2 x

Q? x 4 multiplications per Alamouti codeword period. The complexity of
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Figure 4.2: BER performance (perfect CSI) of the Alamouti Decoding, pro-
posed SDFSE with an AT(¢ =0, 1,2), the Time Domain MMSE.

the proposed approach is much lower than 3 x (2N)3 + (2N)? of the MMSE

approach when a moderate @ is assumed. The complexity ratio of the proposed

5Q2
24N2"

receiver to the MMSE approach is approximately

Fig. 4.5 shows a coded BER performance (CSI is estimated) of the
Alamouti decoding, proposed SDFSE with an AT (¢=1,2), and the previous
TDBLF. The 1/2 rate convolutional coding and corresponding Viterbi decod-
ing (constraint length of 3, storage depth of 64) is used in conjunction with
bit level interleaving. Comparing Fig. 4.3 and 4.5, significant coding gain of
all the decoding methods can be observed. At the target BER of 1073, the
coding gain of the proposed SDFSE with an AT is as big as 12dB. It can be

observed that the relative performance of the various decoding schemes stays

almost the same as in Fig. 4.3.
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Figure 4.3: BER performance (estimated CSI) of the Alamouti Decoding,
proposed SDFSE with an AT(¢ = 0,1,2), the Time Domain MMSE, and
differential STBC (no CSI estimation is necessary).

Fig.4.6 compares the performance of SDFSE with an AT (¢ = 1), AESE
with Tygse = 0.3 and 0.4, and the MMSE filter approach. As can be seen in
the figure, AESE scheme shows negligible performance degradation compared
to SDFSE with an AT (¢ = 1) when the threshold value Tygsg is 0.3. The
probability Pypsr = 58% when Typsr = 0.3. Therefore, about 42% of trans-
mitted signals are estimated via the Alamouti decoding scheme even when
the Doppler frequency is as high as 297Hz if Tygsp = 0.3. Although higher
Tagse can be used to further decrease the complexity (When Tygpsp = 0.4,
the probability goes down to 35%.), there exist significant performance gap.
Therefore, it can be concluded that the proposed AESE with an appropriate

Tarrse is an attractive receiver for Alamouti coded OFDM systems in fast
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Figure 4.4: Number of candidates in the proposed SDFSE with an AT (¢ = 1)
for various SNR values. Estimated CSI is used.

fading channels.

4.6 Conclusions

In Alamouti coded OFDM systems, the time variation of a channel
causes both inter-codeword and intra-codeword couplings, which significantly
degrade the performance of Alamouti decoding. It was shown that the per-
formance degradation can be mitigated by the SDFSE scheme with an AT at
a much lower complexity (when compared with the previous MMSE approach
and a small constellation is assumed), exploiting the relative significance of
the two couplings. It was also shown that the performance difference between
the MMSE and the SDFSE with an AT becomes smaller when CSI estimation

error is taken into account. When a very large constellation and a small FF'T
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Figure 4.5: Coded BER performance (estimated CSI) of the Alamouti Decod-
ing, proposed SDFSE with an AT(¢ = 1,2), and the Time Domain MMSE.
Convolutional coding of rate 1/2 is used in conjunction with a bit level inter-
leaving.

size are adopted, however, the SDFSE with an AT may require higher com-
plexity than the MMSE approach, making it not a preferred choice. A further
reduction in average complexity was achieved based on the observation that
high Doppler frequency does not necessarily mean significant instantaneous
channel variation all the time, which motivated the development of the adap-
tive effort receiver. Simulation experiment demonstrated the efficacy of the

proposed SDFSE with an AT and AESE schemes.
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Figure 4.6: BER performance (estimated CSI) of AESE with T4psr=0.3 and
0.4, SDFSE with an AT (¢ = 1), the time domain MMSE.
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Chapter 5

Frequency Domain Block Linear Filter

Chapter 4 proposed sequence estimation receivers that show a good
trade off between complexity and error performance, compared to the previ-
ous TDBLEF. The drawbacks of the sequence estimation, however, are that
the complexity is time-variant which is not amenable to hardware implemen-
tations and that the complexity depends on the constellation size. In this
chapter, I propose a frequency domain block-linear filter (FDBLF) whose size
2N X (4q +2) is much smaller than the time domain filter in Sec.2.4 [61]. The
complexity of the proposed FDBLEF is both time-invariant and independent of
the constellation size. First, Sec.5.1 extends a previous block diagonal approx-
imation of single input single output (SISO) system to MIMO case. Based on
the extended block diagonal approximation, Sec.5.2 proposes a FDBLF. Fi-
nally, Sec.5.3 considers receiver combining for more than one receive antenna

systems.

5.1 Block Diagonal Approximation

I investigate the structure of G defined as

oo {GH G21] 2 [QHHQH QAQ" | _ gy (5.)

Gy Gi|  |Q7H,Q —Q7H;LQ| ~
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Note that Gy, i,] = 1,2 denotes the subsystem reflecting the channel

between the ¢-th transmit antenna and the receive antenna during the [-th

symbol period. Instead of analyzing all the entries of G, I investigate the

submatrix Gi;. The (k, m)-th entry of Gy is expressed as

L—1
1 .
Gri(k,m) = —=) 3, (k,m)e™7>m#/N
VN &
where
o (k m) N L N-1 hl l(n p)efjgnn(kfm)/N
p\lvy - s ) .
\/ﬁ n=0

|G11(k,m)|

IN

(5.2)

(5.4)

(5.5)

Note that H,(k,m) is the (k — m)-th harmonic frequency coefficient of

the time-variant p-th multipath. It was shown that when the channel variation

is not severe, each path can be assumed to change in a linear fashion in [47].

If a multipath changes in a linear fashion, |H,(k, m)| decreases dramatically

as |k — m| increases. I also showed that even when the channel variation is

rather severe, inter-carrier interference (ICI) from far away subchannels may

be ignored because of channel estimation error as well as its less significance

in magnitude [55]. Therefore, each submatrix of G can be approximated as a
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band matrix with both lower and upper bandwidth of ¢ [62], i.e.,

|Gi(k,m)| = 0if |k—m|>¢q, 1<i,l<2. (5.6)

Using (5.6), I perform a block diagonal approximation that is illustrated
for ¢ = 1 in Fig.5.1. Fig.5.1 shows that submatrices are approximately band
matrices. The dimension of the original matrix is 2N x 2N and that of the
block diagonal approximated matrix is (4q + 2)(N — 2¢q) x (4¢ + 2)(N — 2q).
I can observe that some significant terms are ignored in the approximation

process. A general block diagonal approximation can be expressed as

Y~ GX + 2 (5.7)
A
where Y = [Y{q Yg{q YIT,qul Yg{qﬂ YIT,N—I—LJ YQF,IN—I—LJ]T
A
X = [X{q X%jq X{qﬂ Xg,qﬂ X{Nflfq X2T,Nflfq]T
A
Z = [Zr{,q Zg{q Zr{,qﬂ Zg{qﬂ Z{N—l—q Zg{N—l—q]T

Y. = [Yilk—q) -+ Yi(k) -+ Yi(k +q)]"
Xig 2 [Xy(k—q) - Xi(k) - Xi(k+q)]"
Zow 220k —q) - Zi(k) - Zy(k+q)]”

§ é Diag(gqa 9LI+17 Tty 9N—1—l1)

G, é [Gu,k G21,k:|
G22,k G12,k '

The entries of the matrix G, € Cl4e+2)x(4a+2) jg

_ s [Gulk—q+m,k—q+n) if |k—m|<gq
Gig(m,n) = { 0 otherwise,
,0<m,n<2q, 1, =1,2. (5.8)
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Once the block diagonal approximation is done, I can divide the large

equation (5.7) into the following small equations for each k = ¢,¢+1,--- , N—q
9k ~ Gp X + 2 (5.9)

A A A

Numerical Example: To present the feasibility of the block diagonal ap-
proximation, I provide a numerical example of the sparse structure of the
system matrix. Fig.5.2 is an instantaneous magnitude of entries of the system
matrix. The FFT size used is 128. A spectral bandwidth of 400 kHz is as-
sumed. Doppler frequency is 297H z which leads to the normalized Doppler
frequency of 0.1188 (fp(N + v)T;). Equal gain two path channels with delays
of 0 and 47 are simulated. As can be observed in Fig.5.2, the submatrices in
(5.1) are close to band matrices. The off diagonal terms become smaller as the
entry position is further from the diagonal. T can also observe the frequency

selectivity of the channels.

5.2 Frequency Domain Block Linear Filter

In this section, a frequency domain block linear filter (FDBLF) is pro-

posed exploiting the block diagonal approximation in the previous subsection.

In the process of the block diagonal approximation, I ignored not only
the negligible terms G;;(k, m) with |k —m| > ¢ but also some significant terms
Gi(k,m) with |k —m| < ¢. If T use the example when ¢ = 1, a more exact

small equation when k& = 2 is expressed as
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Figure 5.1: Tllustration of a block diagonal approximation when ¢ = 1. The
entries that are significant but are approximated as 0 in the block diagonal
approximation are denoted as circled crosses.

Yo = Go0o + G577 Xy + G5 + 2o (5.10)
where
G112 G21 2
= ’ ’ 5.11
92 |:G22,2 G12,2 ( )
Gll(lao) 01><2 G21(170) 01><2
upper __ 02><1 02><2 02><1 02><2 (5 12)
2 G22(170) 0,{><2 GIZ(LO) 01><2 .
02><1 02><2 02><1 02><2
02><2 02><1 02><2 02><1
lower __ 012 G11(374) 0152 G12(374) (5 13)
2 02><2 02><1 02><2 02><1 ' .

01, G2(3,4) 0O1xo Gi2(3,4)
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Figure 5.2: An Example of |G(k,m)|, 0 < k,m <2N — 1.

The first term on the right side of (5.10) is regarded as desired compo-

nent, the second and the third terms are considered as interference.

The exact expression is generalized for an arbitrary ¢ and k as

Ye = G X + Szpperka_q + Sg’w”kaﬂ + Zy, (5.14)
where
Gk Ogxry  Gorly Ogx(gs)
9zpperé O(q%lg;"q O(g+1)x(g+1) O(q;r;g;"q O(g+1)x(g+1) (5.15)
G22,k OQX(qH) GlZ,k OqX(qH)
O@+1)xa Otgrnyx(g+) Oriyxa Otgrn)x(g+)
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O(g+1)x(g+1) 0<ql+1>xq Og+1)x(g+1) O(ql+1>Xq
glower é 0q><(q+1) Glollyulfr 0q><(q+1) G20117U]:T (516)
* Og+x@rn) Ogrnxa Ogenxiarn) Otgrnx
0q><(q+1) G2021:;ker OqX(q+1) G1021,Uker
Gayk—q,k—2q) -+ Gylk—q,k—q—1)
0 oo Gulk—q+1,k—qg—1
Gy & . o el )
0 o Gulk—-1,k—q—1)
Gylk+1L,k+q+1) --- 0
Guylk+2,k+qg+1) --- 0
G’szl]lg}er é l( ] q ) ) (518)
Galk+q,k+q+1) - Gulk+q,k+2q)
Defining a new noise, I rewrite (5.14) as
Ye = GrXe + Zi (5.19)
where
5 A Luppera~upper ower ower
Ly = GRrPr X 4 G XN + Ly (5.20)

If T design a block linear filter of dimension (4g+2) X (4g+2) and apply
to (5.19), I obtain
ViYe = VS Xi + ViZy. (5.21)
——

=G
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Similar to the TDBLEF case, I desire that Gx becomes a diagonal matrix.

To derive an SINR expression, I consider the noise power first.

=} 2 =

= viE{22] v, (5.23)

Zi(p)

‘ 2

eV 2y (5.22)

The above covariance matrix becomes

E {Zkigl} — E {(9prerxkiq + 9écowerxk+q + Zk)
. (9ZPP6T:X:k7q + ggcowerxk+q + Zk)H} (524)
0.314(]_1_2 4 Es . {gicowerggﬂower H}

+ B, - {gmergme " (5.25)

Considering the off-diagonal terms of G, as interference, I desire that

the FDBLF maximizes the following SIN Ry (p)

E:I:|e£[§kep|2

VIZPE {Zk"zlﬁ]} Vip + Eo zmﬂg |e£{§k)em|2

1>

SINR;:(p)

(5.26)

where the vector e, is now a unit norm column vector of length (4¢ + 2) with

the p-th element of 1.

I can formulate the following optimization problem that is similar to
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(2.31)

For each k =¢q,q+1,--- 2N —q
Forp=g¢q,3¢g+1

max Vi gg Vi, =1 (5.27)
»P

2
9z

subject to V,Zp(E
x

Ligio + Rip)Viep = 1

A A A
A N7H A A H H ! ! H
where vi, = Vi e, grp = Grey, and Ry = GGy — 8rp81, + G G0 7 +

9zpper gzpper H‘
The above optimization problem is solved as follows.

For each £k =0,1,--- ,N —1

Y

For each p=¢,3q+ 1
2

R, = 2_114q+2 + G GH 4 Glowerglower H | gupper gupper H (5.28)
8kp = Jr€p (5.29)
v, =R gk, (5.30)
Vpopt = Vp/ |Vl (5.31)
Vi(k) =V (5.32)
V(k+ Nit) = Vigi ope (5.33)

The dimension of the matrix to be inverted (5.30) is (4¢+2) x (4¢+2)

that is much smaller than in time domain filter design process. After obtaining
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the above frequency domain filter, transmitted signals are estimated as

For each £k =0,1,--- ,N —1

X (k) = Vik; ) (5.34)

(4 9)
L+ N) = _V(I~€+N;:)H;,C .
9r(3¢ +1,3¢ +1)

(5.35)

5.3 Receiver Combining for Multiple Receive Antennas

When more than one receive antennas exist, an appropriate combining
of the received signals is necessary. Although any combining method such as
selection combining and switched combining could be used, I adopt the maxi-
mal ratio receiver combining (MRRC) since it shows the best performance. If

I assume two receive antennas, transmitted signals are estimated as

For each £k =0,1,--- ,N —1
92 5%
. 1 5::(@,09)V(k; )Y,
X(l{,‘) _ Z]*l Z,k(q_q) .7( 2) J.k (536)
> [Skla,9)|
(ks N) = S Gik(Ba+1,3¢ + D)V(k + N )Y
= - 2
> =1 |Sx(3a +1,3¢ + 1)

(5.37)

where j = 1, 2 indicates the receive antenna index. Note that the filter design
and filtering process for multiple receive antenna system is the same as the

single receive antenna system.
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5.4 Complexity Comparison

This section compares the previous TDBLF and the proposed FDBLF
in terms of computational complexity. 1 assume one receive antenna because
more than one receive antenna does not change the relative complexity of the
two schemes. First, I compare the design complexity of the TDBLF (2.32) and
FDBLF (5.30). As can be seen in (2.32), TDBLF requires a 2N x 2N matrix
inversion ((2N)* multiplications) and a matrix vector multiplication ((2V)?)
for each £ = 0,1,--- ,2N — 1. If I include the cost of R matrix construction
((2N)3) and the operation (2.34) ((2N)3), the design of a time domain block-
linear filter costs 4 x (2NN)® multiplications in total. The frequency domain
filter design procedure requires a (4q+2) x (4¢+2) matrix inversion ((4q+2)?)
and a matrix vector multiplication ((4qg+2)?) for each k =0,1,--- ,N—1. If I
include the cost of R, matrix construction ((4q+2)?+8¢?), frequency domain
block-linear filter design costs N[3(4q + 2)* + 8¢* + 2(4¢ + 2)?] multiplications

in total.

Now I compare the filtering process (2.35), (5.34), and (5.35). The time
domain filtering costs (2N)? multiplications and the frequency domain filtering
costs 2N (4g + 2) multiplications. Combining the costs of filter design and
filtering procedures, I can express the ratio of the computational complexity

of the two schemes as

A FDBLF Cost

R(g.N) = - ~™

(g, N) TDBLF Cost
2(4¢+2)%+8¢° +2(4g +2)* +2(4g + 2) (5.38)
N 32N2 + 4N ‘ '
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Table 5.1: Complexity comparison of the FDBLF and the TDBLEF.

Time Domain Block Linear Filter

Filter R Construction (2N)3
Design R (2N)?
R'hy, V k (2N)3
W, Construction (2N)3
Filtering Eq.(2.35) (2N)?
Total 4 x (2N)3 + (2N)?
Frequency Domain Block Linear Filter
Filter | Ry, V k Construction | [(4q + 2)% + 8¢3|N
Design RV k (49 +2)3N
Ry, V k 2(4g + 2)’N
V Construction 0
Filtering | Eq.(5.34) and (5.35) 2(dq + 2)N
Total | [2(4q + 2)® + 8¢® + 2(4q + 2)* + 2(4q + 2)|N

The computational complexity is summarized in Table 5.1. I note that
when a Doppler frequency is fixed, the normalized Doppler frequency decreases
as the FFT size decreases and that when the normalized Doppler frequency is
small, a smaller ¢ can be used because 2¢ is the number of nearest subchannels

causing interchannel interference. Therefore, a smaller N indicates a smaller

required q.

5.5 Simulation Results

In this section, I provide simulation results to compare the error per-

formance of the time domain and the frequency domain block-linear filters.

The FFT size N is 128 and CP length v is 32. The spectral bandwidth
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(1/Ts) is 400kHz. 1 consider a very high Doppler frequency of 297H z which
leads to fp(N +v)Ts = 0.1188. Since different signal detection algorithm may
react differently to CSI estimation error, I consider both cases when exact CSI
is assumed to be known and when CSI is estimated. For the CSI estimation,

the pilot tone placement and interpolation method in [38] is adopted.

Fig. 5.3 shows the bit error rate (BER) vs. signal-to-noise ratio (SNR)
performance of the simple Alamouti decoding, the previous time domain block-
linear filter, and the proposed frequency domain block-linear filter when ideal
CSI is assumed to be known. Two transmit antennas and one receive antenna
system is considered. As can be observed in Fig. 5.3, the Alamouti decoding
shows the worst performance and the time domain block-linear filter achieves
the best performance. The proposed frequency domain block-linear filter with
different ¢(¢ = 1,3,4) falls between the two schemes. As the parameter ¢
increases from 1 to 4, the performance of the frequency domain filter gets
closer to that of the time domain block-linear filter. The performance gap
between the time domain and the frequency domain filter approaches seems

to be due in part to the block diagonal approximation.

Fig. 5.4 shows the performance of the three schemes when CSI is esti-
mated. Again, the Alamouti decoding shows the worst performance and the
time domain filtering shows the best performance. Unlike in the ideal CSI
case, however, the proposed frequency domain filter with ¢ = 4 shows almost
identical performance with the time domain filter for SNR range from 5 up

to 25dB. This is because the time domain filter approach is more sensitive to
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CSI estimation error than the proposed frequency domain filter approach is.
There still exist performance gap between the two schemes when SNR is as

high as 30dB.

Fig. 5.5 shows a coded BER performance (CSI is estimated) of the
Alamouti decoding, proposed FDBLF (¢=1,3,4), and the previous TDBLF.
The 1/2 rate convolutional coding and corresponding Viterbi decoding (con-
straint length of 3, storage depth of 64) is used in conjunction with bit level
interleaving. Comparing Fig. 5.4 and 5.5, significant coding gain of all the de-
coding methods can be observed. At the target BER of 1072, the coding gain
of the proposed FDBLF (¢ = 4) is as big as 15dB. The relative performance

of the various decoding schemes stays almost the same as in Fig. 5.4.

Fig. 5.6 is the BER performance of the three schemes when CSI is
estimated. Two transmit antenna and two receive antenna OFDM system
with maximal ratio receive combining (MRRC) is considered. Again, the per-
formance of the proposed frequency domain filter falls between the previous
TDBLF and the Alamouti decoding. The proposed scheme with ¢ = 4 shows
almost identical performance as the previous time domain filter over entire con-
sidered SNR range. However, the performance gap of the proposed schemes
with different ¢’s is quite different from the one receive antenna case. The
proposed scheme with ¢ = 1 shows a very small performance degradation rel-
ative to ¢ = 4 case. It seems that the increased diversity gain employing two
receive antennas is a dominant factor in the performance improvement over

one receive antenna system. Therefore, a smaller ¢ for the proposed frequency
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domain filter is desirable when two receive antennas are used than when one

receive antenna is used.

Comparing fig.5.4 and 5.6, it can be observed that the simple Alamouti
decoding improves the error performance significantly by employing one more
receive antenna at the receiver. The time domain filtering approach requires
the SNR of 26.5dB to achieve BER of 102 when one receive antenna is used,
while the Alamouti decoding requires SNR of only 21dB to achieve BER of
1072 when two receive antennas are used. Therefore, depending on the target
BER, the cost of one more receive antenna, and computational complexity, the
simple Alamouti decoding may be a preferred choice even in quite fast fading

channels.

Finally, I evaluate the complexity cost ratio using parameters adopted
in the simulations. Table 5.2 shows the complexity ratio of the two schemes
for various ¢ and a fixed N. As the parameter ¢ increases, the ratio decreases.
Even when the parameter ¢ = 4 that is the maximum value adopted in the sim-
ulations, the proposed FDBLF complexity is approximately 1/41 of TDBLF.
Therefore, I can conclude that the proposed frequency domain block-linear fil-
ter is computationally much more efficient at the cost of a small performance

degradation, compared with the previous time domain filter.

5.6 Conclusions

This chapter proposes a frequency domain block-linear filter to mitigate

the time-varying channel effects in MIMO OFDM systems in a computationally
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Table 5.2: Complexity ratio of the FDBLF to the TDBLF for various q.

L ‘
230

N=128|¢q=1]g¢
R(g,N) |

|
1000

efficient manner. The frequency domain block-linear filter is based on the
sparse structure of the system matrix in the frequency domain. I showed
that the proposed frequency domain filtering is computationally much more
efficient than the previous time domain filtering. Simulation results showed
that although performance gap between the two schemes exist when ideal CSI
is assumed to be known, the performance gap becomes almost negligible when
the CSI is estimated, which implies the robustness of the proposed scheme to
CSI estimation error. I also showed that the simple Alamouti decoding might
be a preferred choice even in fast fading channels, depending on various system

design factors.
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Figure 5.3: BER performance of the Alamouti decoding, the previous time
domain block-linear filter, and the proposed frequency domain block-linear
filter when ideal CSI is assumed to be known. Two transmit antennas and one
receive antenna OFDM system.
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Figure 5.4: BER performance of the Alamouti decoding, the previous time
domain block-linear filter, and the proposed frequency domain block-linear
filter when CSI is estimated. Two transmit antennas and one receive antenna
OFDM system.
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Figure 5.5: Coded BER performance (estimated CSI) of the Alamouti Decod-
ing, proposed FDBLF (¢ = 1,3,4), and the Time Domain MMSE. Convolu-
tional coding of rate 1/2 is used in conjunction with a bit level interleaving.
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Figure 5.6: BER performance of the Alamouti decoding, the previous time
domain block-linear filter, and the proposed frequency domain block-linear
filter when CSI is estimated. Two transmit antennas and two receive antennas
OFDM system with maximal ratio receive combining (MRRC).
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Chapter 6

Bandwidth Efficient OFDM Transmission

In this chapter, OFDM systems without cyclic prefix in indoor wireless
channels are addressed. Two compensation techniques are described, a pre-
vious technique in Sec.6.2 and a proposed technique in Sec.6.3 [63]. Sec.6.4
provides simulation results to show the improved performance of the proposed

technique.

6.1 OFDM without Cyclic Prefix

In this chapter, only static multipath channels are considered. This is
usual for indoor channels because only negligible Doppler shift exists in the
indoor environment. Correct channel estimation and correct synchronization
are assumed. The same system is considered that is described in chapter 1.
However, I consider only the case when v = 0, i.e., spectral efficiency is 1.

Then (1.5) changes to

ri[n] = - h[m]xi[n—m]u[n—m]Jri hlm]z;_1[n+N—m](1—u[n—m]) (6.1)

where u[-] represents the unit step function. The second term of (6.1) repre-

sents the ISI terms due to the absence of CP. When v = 0, ISI and ICI occurs,
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degrading OFDM system performance. Two approaches to resolve this prob-
lem are described in the next sections, a previous approach and a new proposed

approach in this chapter.

6.2 Previous Iterative Signal Detection Method

An iterative technique, called residual ISI cancellation (RISIC) [64],
uses a combination of tail cancellation and cyclic restoration. The RISIC
algorithm proceeds as follows.

Step 1) Decision on the transmitted symbols X;_1[k],0 < k£ < N — 1, is made.

These symbols are converted back to the time domain using IFF'T giving

=

-1
X1 [k]ed?mkn/N, (6.2)
0

zi1[n] =

5
Il

Step 2) Tail cancellation is performed as follows.

Bl @ =riln] = Y hlmlzi[(n - m)y]
(17— uln—m]),0<n <N —1. (6.3)

Step 3) The 7[n]®,0 < n < N — 1, obtained in Step 2 are converted to the

frequency domain. Frequency domain 1-tap equalization is done as
Xi[k]© = FFTy{7[n] '}/ H[k] (6.4)

where H[k| = FFTy{h,}. After decision is made, IFFT is again applied to

the decisions to give #;[n],0 <n < N — 1.
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Step 4) Cyclic reconstruction is performed

M
Fn" = 7k)© + > hmldi((n - m)y]

v+1

(1—un—-—m]),0<n<N-—1. (6.5)
Step 5) The 7;[n]"), 0 < n < N —1 are converted to the frequency domain, fre-
quency domain equalization is done, and decisions are made yielding Xi[k](l),
0 <k < N —1. This is the end of I-th iteration in the RISIC algorithm.
Step 6) To continue iterations, the Xi[k](l), 0 <k < N —1, is converted to

2;[n]D, 0 <n < N —1, and repeat Steps 4-6 with I « I +1.

In step 3 and step 5, intermediate decisions are made to be used in
the following steps. Spectral nulls lead to degradation of these intermediate

decisions, resulting in more required iterations.

6.3 Proposed Signal Detection Method

In this section, a new proposed approach is described. Fig.6.1 shows
the block diagram of the proposed approach which proceeds as follows:

Step 1) Optimal delay is estimated.

D = arg max { z_: |2[(N —d + n)N]|} (6.6)

de{0,1,-- ,N—2v}

where z[n| = IFFTNy{1/H[k]},0 <n < N —1.

Step 2) Tail portion (v samples) of the current block is recovered.

Xi[k] = FFTx{r}/H[K] (6.7)
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Figure 6.1: Block diagram of the proposed method for OFDM transmission
without cyclic prefix.

where r = [TZ[D], TZ[D + ]_], * TZ[N - ]_], Ti+1[0]7 y Ti—l—l[D - ]_]]
X;k is converted back to time domain giving #;[n] ,0 <n < N — 1.
Step 3) Tail cancellation and cyclic reconstruction are performed simultane-

ously.
7i[n] = ri{n] + hn] * (&[N — M +n] — &[N —M+n])  (6.8)

where * stands for linear convolution.

Step 4) 7;[n],0 < n < N —1, are converted to the frequency domain. Frequency
domain equalization is done and decisions are made yielding Xz[k], 0<k<
N —1.

Although one block delay is introduced in Step 2, no intermediate de-
cisions are used in the proposed scheme. Therefore, the proposed scheme is
robust to the occurrence of spectral nulls. Furthermore, the proposed ap-
proach is computationally efficient in that no more than 1 iteration is required

regardless of the existence of spectral null.
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Figure 6.2: Indoor channels used in Chapter 6 simulations.

6.4 Simulation Results

In this section, a simulation experiment is conducted to validate the
proposed approach. The constellation used in the simulation is 16-QAM. The
number of subcarriers is 128. Typical multipath indoor channels used in the
simulation are shown in Fig.6.2 [65]. The delay spread of the channels is 11

samples. The frequency selectivity of those channels is shown in Fig.6.3. As
can be observed in Fig.6.3, channel #2 has the most moderate spectral null,
channel #3 has the deepest spectral null, and the channel #1 is between them.

The previous approach and the proposed one are compared in terms of Symbol

Error Rate (SER) vs. Signal-to-Noise Ratio (SNR).

Fig.6.4 compares the RISIC algorithm and the proposed approach when
the channel #1 is used. Channel #1 has a moderate spectral null and the

frequency domain null requires at least 3 iterations for the RISIC algorithm.
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Figure 6.3: Frequency selectivity of the indoor channels

The proposed approach works well, showing a little bit better performance

than RISIC with [ =3

Fig.6.5 compares the RISIC algorithm and the proposed approach when
the channel #2 is used. Channel #2 has the most moderate spectral null
among the three in Fig.6.3. As can be observed, RISIC works well even with
just 1 iteration. The proposed approach shows almost the same performance

as the RISIC algorithm.

Fig.6.6 compares the RISIC algorithm and the proposed approach when
the channel #3 is used. Channels #3 has the deepest spectral null among the
three in Fig.6.3. As can be observed in Fig.6.6, when there exists a deep
spectral null, the RISIC approach does not work well even after considerable
computation with iteration number 3. But the proposed approach works well

regardless of the existence of the spectral null. Therefore, I can say that the
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Figure 6.4: SER performance of the previous RISIC and the proposed signal
detection algorithm for OFDM systems without cyclic prefix when channel #1
is used.

proposed approach is robust to the presence of spectral nulls. Furthermore,

the proposed approach is computationally efficient because no more than one

iteration is required.

6.5 Conclusions

In this chapter, a new bandwidth efficient OFDM transmission scheme
is proposed. Although the proposed approach introduces a block delay, it is
robust to spectral nulls because no intermediate decision is used. Furthermore,
the proposed approach is computationally efficient in that no more than one it-
eration is required regardless of the existence of the spectral null of the channel.
Simulation experiment results show that the proposed approach outperforms

the RISIC approach in the presence of spectral nulls.
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Figure 6.5: SER performance of the previous RISIC and the proposed signal

detection algorithm for OFDM systems without cyclic prefix when channel #2
is used.
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Figure 6.6: SER performance of the previous RISIC and the proposed signal

detection algorithm for OFDM systems without cyclic prefix when channel #3
is used.
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Chapter 7

Non-Synchronized Sampling System

In this chapter, it is shown that the idea of subsymbol equalization, the
technique used for OFDM transmission without cyclic prefix in chapter 6, can
also be successfully applied for timing error correction in non-synchronized
sampling systems [66]. In Sec.7.1, non-synchronized sampling DMT system
is introduced. Sec.7.2 analyzes the timing error effect in non-synchronized
sampling DMT systems. Sec.7.3 proposes a timing error correction scheme.

Simulation results are provided in Sec.7.4.

7.1 DMT with Non-Synchronized Sampling

In synchronized sampling systems, a voltage controlled oscillator (VCO)
is used for sampling time generation at the receiver. A block diagram of a
synchronized sampling system is given in Fig.7.1. As can be seen in Fig.7.1,
estimated timing error is fed back to the VCO to adjust the sampling time

accordingly.

However, in non-synchronized sampling systems using a fixed free-
running crystal, the timing error correction is done in the digital domain with-

out feedback to the analog domain. The corresponding block diagram is given
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Figure 7.1: Block diagram of synchronized sampling DMT systems.

in Fig.7.2. The effect of sampling time error is serious for non-synchronized
sampling OFDM/DMT systems especially when a long OFDM/DMT symbol
is used [67]. A digital timing error correction scheme combining temporal and
spectral signal properties was proposed [68][69]. In this approach, time domain
interpolation is used in conjunction with the frequency domain rotor to correct
the timing error. But the time domain interpolation requires over-sampling at
the analog front end, which is not suitable for high-speed systems. Further-
more, the time domain/ frequency domain hybrid approach [68][69] assumes
moderate OFDM/DMT symbol length. Therefore, a computationally efficient

scheme that works regardless of symbol length is necessary.

In this chapter, a new computationally efficient frequency domain tim-
ing error correction scheme without time domain interpolation is proposed.
Furthermore, the proposed approach works well regardless of the length of the
OFDM/DMT symbol. A DMT system is used as an example platform for the

simulation.
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7.2 Timing Error in Non-synchronized Sampling Sys-
tems

In this section, I discuss the impact of sampling frequency offset (SFO)
at the receiver sampling device. The DMT time domain signal at the receiver,

can be expressed as

oo 2N-1

)= g D 3 Xulklah () +n(r) (1)

m=—o0 k=0

with
N1

g (1) =" gt — (m@2N +v) +n)T)e/ 3" (7.2)

n=-—v

where ¢(t) stands for the composite channel impulse response including the
transceiver filters and the channel; X, [k] = X} [2N —k],1 <k < N—1,is the
QAM symbol modulating the k-th carrier in the m-th symbol where * means
complex conjugate; N is the number of carriers in the DMT system; 7" is the
sample period at the transmitter; and n(t) the additive noise [69]. I assume
an ideal channel impulse response and ideally band-limiting transceiver filters.
This continuous time signal is inputted to the receiver sampling device. If

the received symbol is aligned by the frequency domain rotor whose angle
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is —2m{6(1 — ) — [m(2N +v)+ N + 0.5]%}, then the estimated time
domain symbol is given as the sum of useful data rotated and attenuated
and interference from other samples. The variance of interference from other
samples (IsI) can be derived in a way similar to the variance of ICI in [1],

which yields

Vm«[fs[]zE[|sm[z]|2]4—]1\[2 3 [Sl(g ELWO ‘Z__Tl‘)} ( ) (7.3)
1=0,l#n

where, Af is the SFO and ¢ is an integer such that |} | < 0.5 where € is

given as & — [m(2N +v) + 0]3L, and X, [k] = AN s l]em 2R

The variance of the Isl is approximately proportional to the square of

|IN 4+ 0.5 — n|, the distance from the center point with frequency offset fixed.

7.3 Proposed Timing Error Correction Scheme

In this section, a proposed timing error correction scheme is described.
Let Sy, = [5m[0], 5m[1], - - - 52N — 1]] be the current block after the sampling
with timing error. This block is partitioned into P short sub-symbols. N — %
samples in the previous sub-symbol and N — % samples in the next sub-symbol
are used, making the p-th sub-symbol (S’mp) of length 2N. This is where a one

block delay is introduced. Frequency domain timing error correction is done
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for each sub-symbol. This procedure can be described as follows.

For each p € {0,1,---,P — 1}
Zmplk] = DFT2N{§mp}
Rotation of Z,,p[k] by €m,p

2mpln| = IDFTon{Z,,p[k]}

where €,,, is the average timing error for the p-th partition of the m-th symbol.

The average timing error, €., is expressed as

Emp = ? €m (7 4:)
n=0
And the estimated time domain symbol, S,, = [5,,[0], 5[], - - - , 5m[2N — 1]],
is given as
N 2N P -1 2NP+1
m m ——_17"7m ——_]-7
e e B
2NP -1 1 2NP+1 1
Zm2 P 9 ) 7"y m2 P 9 )

2N P—-1 2NP+1
.. S — .. Pl——mm— — 1 . .

The estimated symbol S, is fed to the demodulating FFT, producing esti-
mated QAM symbols.

7.4 Simulation Results

In this section, the proposed scheme is verified through simulation. The

FFT size is 1024. A cyclic prefix of 32 samples is used. The values, P = 8
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and N = 512, are used for the proposed approach. A 16-QAM constellation is
used for each sub-channel. An SNR of 30dB in the time domain and correct
timing error detection are assumed. A raised cosine filter with roll off factor
of 0.03 is used as the transmit and receive filter. The criterion used to verify
the proposed scheme is the normalized mean square error (NMSE) defined as
E [|sm[n] = 3m[n]|"]
Elsmn]l]

where s,,[n] denotes the true value and §,,[n| denotes the estimated value.

NMSE =

(7.6)

Fig. 7.3 shows NMSE’s when N = 512 and SFO = 100ppm. The
solid line is the NMSE when the frequency domain rotor is used. The dashed
line shows the NMSE when the proposed approach is applied. The proposed
scheme with P = 8 reduces the Isl in terms of NMSE to the level of less than

—30dB for the entire time domain symbol again.

Fig. 7.4 shows the recovered constellations corresponding to Fig.7.3.
Fig. 7.4(a) corresponds to the case when the frequency domain rotor is used
and Fig. 7.4(b) when the proposed approach with P = 8 is applied to the
samples with timing error. The proposed approach with P = 8 recovers the

constellation almost perfectly.

7.5 Conclusions

In this chapter, a new computationally efficient timing error correc-
tion scheme is proposed for non-synchronized sampling OFDM/DMT systems.

Each OFDM/DMT symbol is partitioned into several short sub-symbols in the
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Figure 7.3: NMSE comparison when N = 512, SFO = 100ppm

time-domain and timing error correction is done for each sub-symbol in the
frequency domain using the delay-rotor property. Although the new approach
introduces a one block delay it is computationally efficient in that neither over-
sampling at the analog front end nor time domain interpolation is involved.
Furthermore, the proposed approach works well regardless of the OFDM/DMT
symbol length.
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quency domain rotor, (b) proposed approach with P = 8
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Chapter 8

Conclusions and Future Work

8.1 Conclusions

In this dissertation, I addressed signal detection methods for various

OFDM systems.

Chapter 3, 4, and 5 proposed a decision directed receiver, sequence
estimation receivers, and frequency domain block linear filtering receiver, re-
spectively, for OFDM systems with transmit diversity in fast fading channels.
It was shown in Chapter 3 that decision directed receiver improves the er-
ror performance although the improvement is limited to moderate normalized

Doppler frequency.

Chapter 4 showed that the sequence estimation receivers offer good
trade-off between the complexity and the error performance, compared with
the previous time domain block linear filter. The drawbacks of the sequence
estimation receivers, however, are that the complexity is time-variant, which
is not amenable to hardware implementation, and that the complexity is de-
pendent on the signal constellation size. As a larger constellation is involved,

the complexity increases.

In chapter 5, a frequency domain block linear filtering receiver was pro-
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posed, whose computational complexity is neither dependent on the constella-
tion size nor time-variant. The proposed frequency domain filter significantly
reduces the computational complexity of the previous time domain filter, ex-

ploiting the sparse structure of the system matrix in the frequency domain.

Chapter 6 dealt with the OFDM transmission without cyclic prefix
for higher bandwidth efficiency. Unlike the previous iterative signal detection
method, the error performance of the proposed signal detection method was
shown to be robust to spectral nulls. However, the applicability of the proposed
approach is limited to the channels without zeros exactly on the unit circle

and moderate Doppler frequency.

Chapter 7 dealt with OFDM systems with non-synchronized sampling
at the receiver. In non-synchronized sampling systems, sampling time error
is compensated in the digital domain without feedback to the analog domain.
It was shown that the idea of subsymbol equalization, the technique used for
OFDM without cyclic prefix in Chapter 6, can also be successfully used for

the timing error correction for the non-synchronized sampling systems.

8.2 Future Work
8.2.1 Equalization for Multi-User OFDM Systems

In the future, I will try to extend the equalization technique for OFDM
without cyclic prefix (CP) or with insufficient CP to multi-user OFDM systems
that is illustrated in Fig.8.1. Unlike in single user OFDM systems, only a

subset of subchannels are allocated to a user in multi-user OFDM systems.
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Figure 8.1: Illustration of multi-user OFDM when there exists 2 users.

We can observe in Fig.8.1 that the k-th and the (k + 2)-th subchannels are
allocated to the first user. Similarly, the (k4 1)-th and (k + 3)-th subchannels

are utilized by the second user.

There exist various methods of subchannel allocation for the multi-
user OFDM systems [70][71][72]. A simple subchannel allocation method is
that subchannels with high gains are allocated to users [73][74], an approach
that may be used in my extension. If the two channels are assumed to be
independent of each other, the probability that a subchannel is bad for both

users at the same time becomes low. Fig.8.2 provides an example of the
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Figure 8.2: Example of subchannel gains in multi-user OFDM systems. Sub-
channels are assumed to be allocated in the same manner as in Fig.8.1.

simple subchannel allocation. The gain of the channel between the base station
and the first (second) user is denoted as H1 (H2). It was assumed that the
subchannels are allocated in the same manner as in Fig.8.1. As can be seen
in Fig.8.2, the (k + 1)-th subchannel is bad from the first user’s perspective,

however, it is good for the second user.

As mentioned in Chapter 6, the proposed OFDM transmission does
not work well when there exist spectral nulls or zeros that are close to the
unit circle in the wireless channels. However, if only a subset of subchannels
are to be equalized and the subchannels do not have deep spectral nulls, as
in the multi-user OFDM systems, an optimization technique or interpolation
techniques might be successfully adopted to set the unused subchannel gains
such that the one tap frequency domain equalizer has a short impulse response

in the time domain.

Recently, IEEE 802.16a has been approved as standard of air interface
(frequency band of 2-11 GHz) for fixed wireless access [75][76][77], where the
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multiuser OFDM is used as multiple access method. Considered ratios of guard
time (cyclic prefix length) to the useful time (FFT size) in [75] are 1/32, 1/16,
1/8, 1/4, which are significant overhead. Therefore, the equalization technique

in Chapter 6 might be successfully applied to the 802.16 systems.

8.2.2 Extension of SDFSE with an AT

In derivation of Blk] in (4.14), QPSK constellation was assumed. If I

remove the assumption, a more general bound is derived as

min(k+q,(N+N.)/2-1)

Z Alk, m)X[m)]

m=k-+1

min(k+q,(N+N¢:)/2—1 A
<X e b (NEND20 ) A [ ]| £ Blk]

where ||X||nqz denotes the maximum norm corresponding to a signal constel-
lation. If QPSK is assumed, all constellation points have the same norm.
However, if a large constellation in QAM family is used, the maximum norm
becomes bigger. Consequently, for a fixed degree of time variation of the
channels (fixed ||A[k, m]||), the bound increases as larger non-constant mod-
ulous constellation is involved. As the bound increases, the candidate set S
is expected to grow, thereby decreasing the efficiency of the idea of adaptive
threshold (AT). Furthermore, I note that if different power is transmitted to
subchannels due to either power control or power mask at the transmitter, the

bound needs to be changed accordingly.

Therefore, I will search for a more efficient method to set the B[k]

without degrading the error performance significantly.
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