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Preface

This dissertation treats spatial and temporal equalization methods for high-speed wireless
communications systems, which are based on the research carried out by the author during
Ph. D. course at the Department of Electronic, Information Systems and Energy Engineering,
Graduate School of Engineering, Osaka University. The dissertation is organized as follows:

Chapter 1 is a general introduction, where the background and purpose of the study are
presented from the viewpoints of demand for wireless communications systems and of progress
of digital signal processing devices.

Chapter 2 presents fundamentals of array signal processing in wireless communications sys-
tems. Implementaﬁon of a temporal filter requires processing of signals collected over temporal
aperture. Similarly, implementing a spatial filter requires signals collected over a spatial an-
tenna. In this sense, an adaptive antenna array has a capability of spatial filtering, which is
essential for realization of spatial and temporal equalization. Herein, three basic and important
applications of antenna array are introduced; beamforming, direction of arrival (DoA) estima-
tion, and pilot-free channel identification. The matters presented in this chapter will be the
groundwork for the systems in subsequent chapters.

Chapter 3 deals with spatial equalization methods, in other words, beamforming methods.
Taking into account the extension to spatial and temporal equalization, we propose a spatial
equalization method based on estimated channel responses, which gives us some degrees of
freedom in beamforming. As for the channel estimation, two different approaches are given
for the spatial equalization; a pilot-assisted approach and a pilot-free identification approach.
As a pilot-assisted approach, we utilize suppressed spread spectrum (SS) pilot signal, which is
coherently added to data signal, and whose power is suppressed enough before the addition.
With the SS pilot signal, the receiver can handle only the pilot channel, independent of the data
channel, and this separation in the array signal processing makes it independent of employed
modulation scheme. In addition, the SS technique makes it possible to work in low carrier
to noise power ratio (CNR) environments. On the other hand, as a pilot-free identification
approach, we employ a second-order statistics-based pilot-free channel identification method and
discuss applicability of the pilot-free channel identification to practical wireless communications
systems.

Chapter 4 proposes a spatial and temporal equalization method with reduced number of
weights, utilizing a cascade configuration of an adaptive antenna array and a decision feedback
equalizer (DFE). Taking advantage of different features of the adaptive antenna array and the
DFE, the equalization functionality should be split into spatial processing and temporal pro-
cessing, such that ‘incoming signals with larger time delays (beyond the filter length of the
DFE) are cancelled at the adaptive antenna array.” This makes it possible to reduce the num-



ber of weights in the DFE. The weights of both the adaptive antenna array and the DFE are
separately calculated using estimated channel impulse response at each sensor. We show the
performance of the proposed system in multipath fading channels observed in indoor wireless
environments, and discuss the attainable bit error rate (BER), antenna patterns, and compu-
tational complexity in comparison with those of other equalization methods, such as spatial
equalization and temporal equalization.

Chapter 5 proposes a spatial and temporal equalization method, which is versatile for various
kinds of DoA patterns. So far, among conventional spatial and temporal equalization methods,
only an adaptive tapped-delay-line (TDL) array has such a robustness. However, it requires huge
number of weights, and hence, extremely high computational complexity. In order to reduce the
complexity, the proposed equalizer utilizes the same configuration as in chapter 4. Though the
cascade configuration has a problem that the cost function in the minimum mean-squared-error
(MMSE) based algorithm sometimes have two local minima, the proposed equalizer can avoid
the problem by introducing beamforming criterion selectability. The proposed equalizer selects
a path or paths to capture with the adaptive antenna array depending on estimated channel
conditions, therefore, it can achieve good performance even in the channel models where DoAs
of incoming waves are randomly determined. The BER performance of the proposed equalizer
is investigated in various kinds of channel models, which are based on measurement reports,
in comparison with the performance of the adaptive TDL arrays. Furthermore, we discuss
the operability of the selection algorithm from the viewpoint of antenna beam patterns, and
evaluate the computational complexity in terms of the number of multiplications in the weights
calculation algorithm.

Chapter 6 summarizes all the results.

All the results described in the thesis were or will be published in IEICE Transactions on
Communication, IEEE Transactions on Vehicular Technology, Proceedings of the First Interna-
tional Symposium on Wireless Personal Multimedia Communications, Proceedings of the 10th
International Symposium on Personal, Indoor and Mobile Radio Communications, Proceed-
ings of IEEE Vehicular Technology Conference 2000-Spring, Proceedings of the Tth Asia-Pacific
Conference on Communications, Proceedings of the 12th International Symposium on Personal,
Indoor and Mobile Radio Communications, Proceedings of IEEE Vehicular Technology Confer-
ence 2001-Fall, Technical Reports of the IEICE, and Proceedings of the IEICE Conference.
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Chapter 1

Introduction

1.1 Imtroduction

The information and communication technology (IT) revolution, unfolding at a dizzying speed
over the past several years, has generated particularly strong interest in Japan. Capital-I
Internet, which is an internet that spans the globe, has been without doubt a principal driving
force of the revolution. According to the White Paper [1] published by Ministry of Public
Management, Home Affairs, Posts and Telecommunications, Japan, in 2001, the Internet usage
in Japan has been increasing with the number of users reaching an estimated 47.08 million
at the end of 2000, up 74.0% year over year. Some 37.23 million of these users access the
Internet via personal computer (PC), while 23.64 million gain access via cell phones. The
latter figure indicates that cell phones have been already a prime factor in the surge in overall
Internet usership since access via cell phone first became possible in February 1999, although
only limited number of services are available via cell phone at present. One of the reasons
for the great success of Internet access via cell phone could be that the transmission rate has
been almost equivalent to the connections using ordinary phone, which have been used by half
of residential PC Internet users. However, considering the rapid penetration of broadband
access services, such as digital subscriber line (DSL) service, cable Internet service, and Fiber
to the Home (FTTH, testing service only) to the PC Internet connections, it is hardly possible
for wireless communications systems to satisfy the users with such a limited way of Internet
access and the low transmission rate. Now, wireless communications systems are required to be
portions of Internet in a true sense and to achieve high-speed communications.

Clearly positioning I'T as an important strategic issue, the Japanese government is undertak-
ing various programs to ensure its advance in the name of e-Japan Priority Policy Program. A
part of the roles of wireless communications systems in the program is as follows:

By realizing the fourth-generation wireless communications (4G) system which en-
ables a most advanced high-speed wireless Internet environment and seamless com-
munications service, the world’s most advanced mobile IT environment will be
achieved. For this purpose, world-leading technological development will be further
promoted, based on world-class IT and industrial accumulation, and international
contribution will be also aggressively progressed in international standardization ac-
tivities. With these measures, the government aims at establishing necessary basic
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technologies by 2005 and at putting them into practical use by 2010.

Thus, realization of the wireless communications systems, which can achieve seamless access
to the Internet and high-speed communications, by 2010 is one of the most important goals in
this field.

1.2 Obstacles to High-Speed Wireless Communications Systems

1.2.1 Wireless Channel Aspects

Channels of wireless communications can be characterized by a time-varying multipath chan-
nel [2]. This means that the received signal consists of several incoming signals, which have
experienced different paths during the propagation from transmission antenna to receiving an-
tenna, and that the paths vary with time because of the movement of the terminals or something
around the channel. Basically, the higher transmission rate becomes, the shorter one symbol
time becomes, therefore, in wireless communications systems, high-speed transmission results in
large delay spread measured by means of the symbol time. If the order of the delay spread be-
comes equivalent to the symbol time, the neighboring symbols in the time domain interfere with
each other. This phenomenon is called inter-symbol interference (ISI), and is the most serious
limiting factor for wireless communications systems of speeding up the transmission rate. In the
frequency domain, we can observe the phenomenon as a random fluctuation of the spectrum of
the received signal without keeping original shape of the spectrum, therefore, it is also called
frequency selective fading. It has been reported that indoor wireless channels become frequency
selective if the signal bandwidth exceeds several dozens of MHz [3], even when 60 GHz band
is employed, where there is a specific attenuation characteristic due to atmospheric oxygen of
about 15 dB/km [4], [5]. In order to achieve the transmission rate of over 100 Mbit/sec, some
countermeasures have to be taken to cope with the frequency selective fading. Therefore, equal-
ization, which is one of the most effective anti-frequency selective fading techniques, will be a

key issue in the realization of high-speed wireless communications systems.

1.2.2 Frequency Bands Aspects

In wireless communications, unlike fiber-optic communications, all the users and all the sys-
tems have to share the same medium of space for the transmission of signals. In order to keep
orthogonalities among the systems, a radio frequency band is assigned to each system. Al-
though wireless communications system of over 100 Mbit/sec requires on the order of 100 MHz
spectral space, such a broad spectral space is not available in the conventional frequency bands
for mobile communications. Uncongested bandwidths of this order are only available at higher
radio frequencies. The employment of the higher frequencies means a decrease in antenna size,
and hence, antenna gain, however, increasing demands for data communications and for seam-
less connection with wired communications systems require higher signal to noise power ratio
(SNR) than conventional voice communications. An adaptive antenna array, which is composed
of multiple sensors, can be a silver bullet for the problem. Utilization of adaptive antenna array
not only increases the received signal power but also brings about a signal processing in a new
domain, namely, spatial signal processing. So far, space resource has not been made good use
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Figure 1.1: Processing Speed of DSP and its Roadmap.

of in wireless communications systems, therefore, its efficient use has a dramatic potential to
break through the system performance.

1.2.3 Digital Signal Processing Aspects

Looking at the history of the development of wireless communications systems, it can be said
that it’s a history of "digitalization” of the systems. Digital signal processing plays important
roles in present wireless communications systems, such as voice compression/decompression,
modulation/demodulation, echo cancellation, forward error correction, tone generation, and
so on. Due to the rapid progress of digital signal processing devices, the digital processing
of signals in not only baseband but also intermediate frequency (IF) or even radio frequency
(RF) band has become a real possibility. With the digitalization up to IF or RF signal, wireless
communications systems can change the communication functionality by replacing the software,
therefore, such a wireless communications system is called ”software radio” or ”software-defined
radio”.

Since the digital signal processing is an inextricable part of wireless communications systems
now, we cannot forget the processing speed of digital signal processing devices when we talk
about speeding up the transmission rate of the systems. Concretely, the processing speed could
be one of the limiting factors of high-speed wireless communications systems. According to the
roadmap of digital signal processor (DSP), which has been announced by TEXAS INSTRU-
MENTS, Inc. (Dec. 6,1999), the company will develop DSP’s performance to beyond 1,000,000
MIPS (million instructions per second) and even up to 3,000,000 MIPS by 2010. Fig. 1.1 shows
the change of processing speed of the company’s DSP in terms of MIPS and its roadmap. The
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upper and the lower bounds of Moore’s Law ! are also shown in the same figure. From the
figure, we can expect that the processing speed of DSP in 2010 will be around 1,000,000 MIPS.

1.3 Overview of the Thesis

Based on the backgrounds and the discussions described above, this thesis investigates spatial
and temporal equalization methods, which mean equalization methods utilizing both spatial and
temporal information on the received signal, for high-speed wireless communications systems.
All the systems presented in this thesis can be realized with the estimated performance of DSP
in 2010, i.e., 1,000,000 MIPS, while achieving the transmission rate of over 100 Mbit/sec.

Chapter 2 presents fundamentals of array signal processing in wireless communications sys-
tems. Implementation of a temporal filter requires processing of signals collected over temporal
aperture. Similarly, implementing a spatial filter requires signals collected over a spatial aper-
ture. In this sense, an adaptive antenna array has a capability of spatial filtering, which is
essential for realization of the spatial and temporal equalization. Herein, we introduce three
basic and important applications of antenna array; beamforming, direction of arrival (DoA)
estimation, and pilot-free channel identification. The matters presented in this chapter will be
the groundwork for the systems in subsequent chapters.

Chapter 3 deals with spatial equalization methods, in other words, beamforming methods.
Taking into account the extension to spatial and temporal equalization, we propose a spatial
equalization method based on estimated channel responses, which gives us some degrees of
freedom in beamforming. As for the channel estimation, two different approaches are given
for the spatial equalization; a pilot-assisted approach and a pilot-free identification approach.
As a pilot-assisted approach, we utilize suppressed spread spectrum (SS) pilot signal, which is
coherently added to data signal, and whose power is suppressed enough before the addition.
With the SS pilot signal, the receiver can handle only the pilot channel, independent of the data
channel, and this separation of the array signal processing makes it independent of employed
modulation scheme. In addition, the SS technique can work in low carrier to noise power ratio
(CNR) environments. On the other hand, as a pilot-free identification approach, we employ a
second-order statistics-based pilot-free channel identification method and discuss applicability
of the pilot-free channel identification to practical wireless communications systems.

Chapter 4 proposes a spatial and temporal equalization method with reduced number of
weights, utilizing a cascade configuration of an adaptive antenna array and a decision feedback
equalizer (DFE). Taking advantage of different features of the adaptive antenna array and the
DFE, the equalization functionality should be split into spatial processing and temporal pro-
cessing, such that ‘incoming signals with larger time delays (beyond the filter length of the
DFE) are cancelled at the adaptive antenna array.” This makes it possible to reduce the num-
ber of weights in the DFE. The weights of both the adaptive antenna array and the DFE are

!The observation that the logic density of silicon integrated circuits has closely followed the curve (bits per

= 2(t=1962) where t is time in years; that is, the amount of information storable on a given amount

square inch)
of silicon has roughly doubled every year since the technology was invented. This relation, first uttered in 1964
by semiconductor engineer Gordon Moore (who co-founded Intel four years later) held until the late 1970s, at
which point the doubling period slowed to 18 months. The doubling period remained at that value through time
of writing (late 1999). Moore’s Law is known for its capability of prediction about not only the logic density of

integrated circuits but also any number which shows exponential growth.
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separately calculated using estimated channel impulse response at each sensor. We show the
performance of the proposed system in multipath fading channels observed in indoor wireless
environments, and discuss the attainable bit error rate (BER), antenna patterns, and compu-
tational complexity in comparison with those of other equalization methods, such as spatial
equalization and temporal equalization.

Chapter 5 proposes a spatial and temporal equalization method, which is versatile for various
kinds of DoA patterns. So far, among conventional spatial and temporal equalization methods,
only an adaptive tapped-delay-line (TDL) array has such a robustness. However, it requires huge
number of weights, and hence, extremely high computational complexity. In order to reduce the
complexity, the proposed equalizer utilizes the same configuration as in chapter 4. Though the
cascade configuration has a problem that the cost function in the minimum mean-squared-error
(MMSE) based algorithm sometimes have two local minima, the proposed equalizer can avoid
the problem by introducing beamforming criterion selectability. The proposed equalizer selects
a path or paths to capture with the adaptive antenna array depending on estimated channel
conditions, therefore, it can achieve good performance even in the channel models where DoAs
of incoming waves are randomly determined. The BER performance of the proposed equalizer
is investigated in various kinds of channel models, which are based on measurement reports,
in comparison with the performance of the adaptive TDL arrays. Furthermore, we discuss
the operation of the selection algorithm from the viewpoint of antenna beam patterns, and
evaluate the computational complexity in terms of the number of multiplications in the weights
calculation algorithm.

Chapter 6 summarizes all the results.



Chapter 2

Fundamentals of Array Signal
Processing

2.1 Introduction

Chapter 2 presents fundamentals of array signal processing in wireless communications sys-
tems. Implementation of a temporal filter requires processing of signals collected over temporal
aperture. Similarly, implementing a spatial filter requires signals collected over a spatial aper-
ture [6]. In this sense, an adaptive antenna array has a capability of spatial filtering, which
is essential for the realization of the spatial and temporal equalization. Herein, we introduce
three basic and important applications of the antenna array; beamforming, DoA estimation, and
pilot-free channel identification. The matters presented in this chapter will be the groundwork
for the systems in subsequent chapters.

2.2 Direction-of-Arrival Estimation

The temporal problem of ”estimating the frequencies of complex sinusoids in additive receiver
noise”, and the spatial problem of estimating DoAs of incident plane waves with additive sensor
noise”, which arise in entirely different application areas, can be considered the same problem
from a mathematical point of view [7], [8]. Although a lot of algorithms [9]- [14], which can
estimate DoAs of incoming signals with high accuracy, here, we introduce only the principle of
DoA estimation.

In the temporal processing, consider a received signal u(7) that consists of L complex sinusoids
whose complex amplitudes are @, a3, - -, ar and whose angular frequencies are wy,ws, " -, wr,

respectively. A sample u(7) of the received signal is written as
L . .
u(i) =Y e +o(i), i=0,1,---,N—1 (2.1)
=1

where v(7) is a sample of complex additive noise, and N is the total data length. In order to
process the received signal u(?) in the temporal domain, we assume to use a transversal filter of
length M as shown in Fig. 2.1. The output of the filter y(z) can be written as

M-1 L o M-1
y(i) = > Y whoue 1™ £ N (i - m). (2.2)
m=0 [=1 m=0

7
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u(i) — u(i-1) u(i-M+2) —q uG-M+1)
Z [ X X ] —'
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&
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> — y(i)

Figure 2.1: Transversal Filter for Temporal Processing.

N
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. . . Y — y(ik)
AN

M-1
Sensors ~ Weights

Figure 2.2: Linear Antenna Array for Spatial Processing.

Given the time series of Eq. (2.1), the problem then is to estimate the unknown amplitudes and
unknown frequencies contained in the time series.

On the other hand, Fig. 2.2 depicts a linear adaptive antenna array for the spatial processing.
The number of antenna elements is M and they are uniformly spaced. The separation between
adjacent sensors of the antenna array is d. A set of L incoming waves which originate from
incoherent sources are incident on the antenna array. Assume that these waves come from
far field of the antenna array, therefore, at the antenna array, these incident waves are plane
waves. In the figure, we show a single plane wave impinging on the antenna array at an angle
of incidence #. We further assume that the incoming wave is narrow-band signal, namely, it
is characterized by a single frequency fo. In other words, the signal envelope does not change
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during the time the incident plane wave interacts with the array. Here, note that the narrow-
band assumption can be applied even to multi-carrier system, such as orthogonal frequency
division multiplexing (OFDM), as long as the total bandwidth is much smaller than the carrier
frequency fp. Correspondingly, the wavelength of the incoming signal is
c

A= 7o’ 7 (2.3)
where ¢ is the speed of propagation. In Fig. 2.2, we can see that the wavefront of the in-
cident plane wave reaches sensor 0 before sensor 1 by a distance equal to dsin 6, therefore,

corresponding phase difference ¢ between sensor 0 and 1 becomes

b= 27rdsi\n0. ‘ (2.4)

In Eq. (2.4), ¢ is called electrical angle of the incident wave. Eq. (2.4) also holds good in
phase difference between every other pair of adjacent sensors. Then, the baseband model of the
received signal at the ith sensor of the antenna array in Fig. 2.2 and at time k can be written
as

L
u(i, k) = Z ae?®i 4 v(i, k), (2.5)
=1
where o7 and ¢; represent the complex amplitude and electrical angle of the [th incident plane
wave, respectively, and (i, k) is the additive noise of the sensor. L denotes the number of
incident plane waves. Note that in the baseband model of Eq. (2.5), it is assumed that the
incident plane waves are all narrow-band and their center frequencies are all f;. The output of
the linear adaptive antenna array at time k will be

M-1 L M-1
y(i k) = 3 3 whoe® ™ 4 ST wk (i — my k). (2.6)

m=0 [=1 =0
By comparing the temporal model of Eq. (2.1) and the spatial model of Eq. (2.5), we can see
that the temporal problem of estimating w; is the same as the spatial problem of estimating ¢;.

Since the sampling duration T in the temporal processing corresponds to sensor spacing d in
the spatial processing, sensor spacing d has a limitation like the temporal version of the sampling
theorem that if the sampling rate 1/7 is less than twice the highest frequency component of
a bandlimited signal, then aliasing occurs [2]; it is then impossible to distinguish between
frequencies that lie outside the interval (—n /T, 7 /T') from those that lie inside this interval [15].
Hence, in the spatial processing problem depicted in Fig. 2.2, the distance d between adjacent
sensors in the array must be chosen less than A/2. As far as d satisfies the condition, we can
have the one-to-one correspondence between ¢ and 8 in Eq. (2.4), therefore, it is possible to
estimate the DoA 0 from the phase difference ¢, which is calculated from the received signal.
Furthermore, we can regard ”estimating the frequencies w; of complex sinusoids in additive
receiver noise” and "estimating the DoA 8; of waves with additive sensor noise” as the same
problem.

However, there is one basic difference between the temporal processing and spatial processing.
Time series of Eq. (2.1) is serial in nature which continues for a total observation interval N.
On the other hand, the space series of Eq. (2.5) is based snapshot of the incident waves, with
each snapshot corresponding to a particular instant of time. Therefore, in the temporal model
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Figure 2.3: Generic Adaptive Beamformer.

of Fig. 2.1 the data evolve in time one sample after another, and in the spatial model of Fig. 2.2
the data evolve in time one snapshot after another. Clearly, if we perform block processing of
the received signal, this difference between the temporal processing and spatial processing will

be trivial.

2.3 Beamforming

Beamforming is a technique which tries to capture only desired signals and to cancel undesired
signals, employing an adaptive antenna array, therefore, it is the name given to a wide variety of
array signal processing algorithms that focuses the antenna array’s signal-capturing abilities in a
particular direction [16]- [19]. The adaptive antenna array consists of several sensors each having
a weight of complex value, which can be adaptively changed in order to control the antenna beam
patterns with a signal processing. Because of the changeability of the antenna beam pattern
by software, the adaptive antenna array is also called ”smart antenna” or ”software antenna”.
Considering to apply wireless communications system, the changeability of the antenna beam
pattern can be exploited for ISI or co-channel interference (CCI) cancellation. Since the adaptive
antenna array can separate desired signals from the interferences, as far as they have different
DoAs, even if the desired signal and the interferences occupy the same temporal frequency band.

Fig. 2.3 depicts a generic adaptive beamforming system. The output y(k) at time £ is given
by a linear combination of the received signal at the M sensors at time k;

M-1
y(k) = D whzm(k) (2.7)

where (-)* and w], represent complex conjugate and the weight of the adaptive antenna array,

respectively. By defining a weight vector wf = [w}, w],.. ., Whs_1], where the superscript H
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denotes Hermitian transpose, and a received signal vector x(k) = [zo(k), 21(k), - .., zpm—-1(k)],
we can express the output signal y(k) as

y(k) = wx(k) (2.8)

The frequency response of a transversal filter with tap weights w; (0 <p < M —1) and a tap
delay of T seconds is given by

M-1 ,
r{w) = Z w;e_ijp. (2.9)
p=0
Alternatively,
rw) = wid(w) (2.10)
where w = [wg, ..., w};_,] and d(w) = [1,e*7T .. ., e/ M=1)wT] ¢y represents the response

of the filter to complex sinusoid of frequency w and d(w) is a vector describing the phase of the
complex sinusoid at each tap in the transversal filter relative to the tap associated with wq.
Similarly, beamformer response is defined as the amplitude and phase presented to a complex
plane wave as a function of location and frequency. Location is in general a three dimensional
quantity, but we are only concerned with one or two dimensional DoA. Assume that the signal
is a complex plane wave with DoA 6 and frequency w. For convenience let the phase be zero
at the first sensor. This implies zo(k) = ek and (k) = eiwlk=Am@] 1 < m < M - 1.
A, (0) denotes the time delay, due to propagation from the first to the mth sensor. Using these
expressions, the output of the adaptive antenna array can be written as
M-1
y(k) = eIk Z w;"ne*j“’Am(g) = ej“’kr(é?,w), (2.11)

m=0

where Ag(#) = 0. 7(#,w) is the beamformer response and can be expressed in vector form as
r(0,w) = wd(8,w). (2.12)

The elements of d(8,w) correspond to the complex exponentials e=7¢A=(%), d(#,w) is termed the
array response vector, or the steering vector. Since the antenna beam pattern of the adaptive
antenna array is defined as the magnitude squared of 7(8,w), we can see from Eq. (2.12) that
the beam pattern can be controlled by changing w, i.e., the weights of the adaptive antenna

array.

2.4 Pilot-Free Channel Identification

By pilot-free channel identification, in other words, blind channel identification, we mean that
the channel impulse response is identified without knowing its input [20]. At first glance, the
problem seems to be ill posed, however, it turns out that this apparently intractable problem can
have elegant solutions with efficient algorithms [21]. The idea of pilot-free channel identification
in M-ary pulse amplitude modulation (PAM) systems dates back to the work of Sato [22],
which is classified in Bussgang algorithm [20]. After this, quite a few number of pilot-free
identification algorithms were proposed, however, the algorithms were not employed in the
practical wireless communications systems. This is because they have a common drawback,
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namely, the slow rate of convergence, since they all exploited higher-order statistics (HOS) of
the received signal implicitly or explicitly. It was not until the 1990s that it was shown the
pilot-free identification of the nonminimum-phase channel is possible from the second-order
statistics [23,24] by exploiting the cyclostationary characteristics [25], which can be observed in
the oversampled signal or in the signal received by multiple sensors, i.e., the antenna array. After
this, quite a few number of pilot-free identification algorithms, which utilize the second-order
statistics, have been proposed [26]- [31]. ,

In this section, the pilot-free channel identification capability is discussed from a view point

of the zeros of a channel transfer function.

2.4.1 Problem Formulation
Consider a discrete-time model for a baseband communications system with signaling
z(t) = Z h(a)u(t — a),
. o
u(ty = > sié(t—kT), (2.13)
k
where z(-) is the received signal, h(-) is the channel impulse response, {s;} the information
symbols, 1/T the symbol rate, §(-) the discrete-time impulse function, The sampling rate is
normalized to 1. For the simplicity of the analysis, we consider a noiseless case.

The following conditions are assumed in this section.

Assumption
1. The symbol interval T is a known integer.
2. The channel has a finite impulse response (FIR).
3. {si} is zero mean, and E[sgsf] = é(k — 1), where E['] deﬁotes the operation of ensemble
average.
2.4.2 Pilot-Free Identification Capability of SISO System

Here, we consider the pilot-free identification capability of a single-input single-output (SISO)
system. Letting 7' = 1 in Eq. (2.13), we obtain such a SISO system. In this case, the received
signal will be a wide-sense stationary sequence. Define the autocorrelation function of the

received signal 2(?) and its discrete-time Fourier transform by
R,(7) = Elz(t)z™(t - 1)], (2.14)
S(w)=>_ Ry(k)e ¥, (2.15)
k
Under the Assumption 1-3, it can be shown that
S(v)= H(v)H*(v), (2.16)
where H(v) is the discrete-time Fourier transform of h(-) defined by

H(v) =Y h(k)e 7", (2.17)
k
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unit circle

Figure 2.4: Zeros of H(z)H*(L).

or in z-domain, h(-) by
1
S(z) = H(z)H™(2), (2.18)
where H(z) is the z-transform of h(-) defined by

H(z) =Y h(k)z". (2.19)
k

The problem here is whether it is possible, or not, to uniquely identify H(z) from the second-
order statistics, in other word, the power spectrum S(z) of the received signal. Note that the
zeros of H*(1) are reciprocals of the zeros of H(z) with respect to a unit circle in the z-plane [32]
as shown in Fig. 2.4. Then, it is impossible to uniquely determine the zeros of H(z) from the
zeros of the product H(z)H*(1), unless H(z) is minimum-phase, which means all the zeros of
H(z) are inside the unit circle. Since we can have the amplitude |H (v)[, all we have shown is
that phase information cannot be recovered from stationary second-order statistics, such as the
power spectrum.

2.4.3 Pilot-Free Identification Capability of SIMO System (1-input 2-output)

We discuss the identification Capability of single-input multiple-output (SIMO) system. As
an example of the SIMO system, we consider a communications system, where the received
signal is oversampled (T > 1). Wireless communications systems with adaptive antenna array
in the receiver are also classified in the SIMO system. In this case, the oversampled received
signal becomes a wide-sense cyclostationary sequence [25]. To obtain the relation between the
output (cyclostationary) statistics and the channel transfer function, define the autocorrelation

function R,(t,7) of 2(-) and its Fourier transform S.(¢,v) by

R.(t,7) = E[z(t)z*(t—71)]
Se(t,v) = er(t,r)e“j”. (2.20)

T

The autocorrelation functions (Fourier transforms of the autocorrelations) of u(-) and n(-) are
denoted by R,(t,7) (Su(t,v)) and R, (t,7) (S.(t,v)), respectively. Under the Assumption 1-4,
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it can be shown that

S(t,v) = ( Z h(a)e ™" Sy (t — a,v) YH*(v) + Su(t,v) (2.21)
Su(t,v) = i 6(t — kT) (2.22)
k=—00

where H(v) is the discrete-time Fourier transform of h(-). Since S,(%,7) is a periodic function
of ¢t with the period T, S,(¢,7) is also periodic in ¢ with period T when the noise process is
wide-sense stationary. (That’s why it’s called cyclostationary sequence!) Let I‘Q‘)(y) be the kth
Fourier coefficient of S;(t,7), referred to as the kth cyclic spectrum, given by

T-1
TH () = 3 Su(t,v)e @Dk —0, ... T-1. (2.23)
t=0

In order to facilitate the analytical treatment, we first consider the case of T' = 2, namely, two
times oversampling. The 0th and 1st cyclic spectra of S,(t,7) are given by

rPw) = lesx(t, v)
= EO(O,T)+Sx(17V)
= { Za:h(a)e_j”“Su(—a,v) YH*(v) + { Za:h(a)e_j”o‘Su(l—a,V) YH*(v)
= [ Y h(a)e™*{ Sy(—a,v) + Su(1 — a,v) HH*(v)
= H(o;/)ﬁ*(y), (2.24)

and

rey = in(t,l/)e_j’”
= S:;(O,T) + Sy(1,v)e™I"
= { Zh(a)e—j”aSu(—a,l/) YH*(v) — { Zh(a)e"j”aSu(l —a,v) }H*(v)

= [ Y h(a)e A Sy (~a,v) = Su(1-a,v) He T H*(v)
= H(v+n)H*(v), (2.25)

respectively. For notational convenience, let v = w in Eq. (2.24), and v + 7 = w in Eq. (2.25),

then we have

rO(w) = H(w)H*(w) (2.26)
Ir'V(w) = H(w)H*(w — 7) (2.27)

Furthermore, we can describe the equations in z-domain as

TO(2) = H(z) B (=) (2.28)

T () = H(z)H*(e"j”;:) (2.29)
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Figure 2.5: Identifiable Channel: (a)The Zeros of H(z) (b)The Zeros of ra(vo)(z) = H(z)H*(X)
(¢)The Zeros of I‘g;l)(z) = H(Z)H*(e‘jle*),

Denoting a set of zeros of G(z) by ZERO[G(z)],if H(-) satisfies
w1 |
ZEROH™ ()] (| ZEROH(e =0, (2.30)

namely, if all the zeros of H*(Z%) and H*(e™" %) are distinct, we can uniquely determine the
zeros of H(z) from I‘(;’)(z), and I‘g(vl)(z). This is because

ZEROITV(2)] () 2EROITM(2)]
ZEROH(2)] ) ZSRO[H*(;—*)] N zsRO[H*(e—iﬂi*)]

ZERO[H(2)). ) (2.31)

If we define the cyclic autocorrelation function of the received signal as
1 1 .
n = Z R.(t,7) , nt= Z R (t,T)e ™, (2.32)
t=0 t=0

the coefficients v of 27 in I‘gk)(z)(k: =0,1) are given by

w=n o, =nd. (2.33)

It is noted that, once R.(t,7) is obtained, ¥* can be computed by applying the fast Fourier
transform (FFT) to R(¢,7). In other words, we can uniquely identify the channel impulse
response up to a multiplicative constant (inherent to the problem).

Let’s discuss the pilot-free identification capability from a viewpoint of zero diagrams in z
plane. Fig. 2.5 (a) shows an example of the zero diagram of H(z). The zeros of H*(e=** L) are
reciprocals of the zeros of H(z) rotated counterclockwise by k6, therefore, the zeros of rﬁf’)(z) =
H(z)H*(J) can be shown as in Fig. 2.5(b), and I‘S)(z) = H(2)H*(e7" %) in Fig. 2.5(c). In
the figures, o denotes the zeros of H(z), A the zeros of H*(Z%), and x the zeros of H*(e™/" X ).
In this case, it is clear that the zeros of the channel H(z) can be obtained from the intersection

of the zeros of the observation spectra.
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Figure 2.6: Unidentifialbe Channel: (a)The Zeros of H(z) (b)The Zeros of I‘go)(z) = H(Z)H*(Zl,)
(¢)The Zeros of F;(vl)(z) = H(z)H*(e—j“ ZL*)

On the other hand, if H(z) has the zeros as shown in Fig. 2.6(a), it is impossible to uniquely
determine the zeros of H(z) from the intersection of the zeros in Fig. 2.6(b) and (c).

Based on the discussions above, we can have the following theorem on the channel identifica-
tion capability when the received signal is oversampled at 2 times the symbol rate;

Theorem 1: .

An linear time-invariant FIR channel H(%) is identifiable from I'*(z), k = 0,1 if and only if H(z)
does not have zeros on a concentric circle with angular spacing 7. Moreover, if the channel is
identifiable, the zeros of H(z) are the common zeros of the T*(2),k = 0,1, ie.,

ZEROH (2)] = [ Z2EROIP(2)],k = 0,1. (2.34)
k

Proof of Theorem 1:

-necessary condition: The most obvious case is when the two zeros are on a concentric circle
with angular spacing 7. It is then impossible to identify the zeros of H(z) from Z E’R(’)[I‘gg)(z)]
since one cannot determine if a zero of H(z) is inside or outside the unit circle.

-sufficient condition: Suppose that H(z) does not have zeros on a concentric circle with 7-space,
and that

1 1
*0 % Y
2 € ZERO[H (= N () ZERO[H (e g ).
Then
, 1.
Zp,20€ 7" € ZS'R(’)[H*(;:)].

Therefore zg, 20e ™7™ is a set of zeros on a concentric circle with m-space. Hence H(z) has zeros
on a concentric circle with angular spacing 7. This is a contradiction.
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2.4.4 Pilot-Free Identification Capability of SIMO System (1-input m-output)

Then, we consider a general case, i.e., 1-input m-output system (T = m,m > 1), such as
cases when the received signal m times oversampled, or the signal is received by m sensors of
an antenna array. The cyclic spectrum of the received signal z(¢) in z-domain is given by

W (z) = H(Z)H*(e-fk(”/T)%), E=0,1,....,T -1 (2.35)

Also, the cyclic autocorrelation function n* and the coefficient v* of z~7 in I‘g;k)(z) (k =
0,1,..7 — 1) are expressed as
T-1 .
nf = 3" Ry(t,r)e O /D g =0,1,...,T -1, (2.36)

t=0

0) _ 2 —
k= {m o*Té(r), k=0, (2.37)

ngf)ejk(Zw/T)'r’ k+#0.

Since 7% can be calculated from R,(t,7), which can be estimated from the received signal
z(t), the problem of channel identification is now equivalent to identifying H(z) given I‘a(vk)(z)
(k=0,1,..T—-1).

The necessary condition of the pilot-free identification capability is given by

Tﬁl ZEROITP(2)] = 0. (2.38)
k=0

This is because, if Eq. (2.38) is satisfied, then we obtain

T-1 T-1

N 2eROIW ()] = () ZEROH(2) H*(e—jk(zw/T)Zl_*)]
k=0 k=0
= ZERO[H(z)] U {Tﬁlzgno[y*(e—jk(%/T)é)]}
k=0

ZERO[H(2)]

from Eq. (2.35).

The identification capability condition on H(z)in the case of 1-input m-output system relates
to a notation of uniformly spaced zeros. H(z) is said to have uniformly é-spaced zeros [33] if a
subset of zeros of H(z) is uniformly spaced on a circle of the z-plane with angular spacing 8, as
shown in Fig. 2.7. Such a set of zeros have to have the form { redt0 pei®t20 pei®tKO — 40i¢
I

Finally, we have the theorem on channel identification capability of general SIMO systems.
Theorem 2:

A linear time-invariant FIR channel is identifiable from I'{? (2), k=0,...,7—1if and only if
H(z) does not have uniformly (27 /T)-spaced zeros. Moreover, if the channel is identifiable, the
zeros of H(z) are the common zeros of the F;k)(z), k=0,....,T-1,1ie.,

ZEROH (2)] = [ 2EROTP (), k=0,....,T ~ 1. (2.39)
k
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Im

unit circle

Figure 2.7: A Channel with Uniformly (7 /4)-Spaced Zeros.

Proof of Theorem 2:
When all the zeros of H(z) are uniformly (27 /T)-spaced, we have

ZEROIF) (2)] = ZEROIY)(2)], VE. (2.40)

It is then impossible to identify the zeros of H(z) from r&k)(z) since one cannot determine if a
zero of H(z) is inside or outside the unit circle. When a subset of ZERO[H (z)] is uniformly
(27 /T)-spaced, this subset cannot be identified.

Suppose now that H(z) does not have uniformly (27/T)-spaced zeros. We have

NZEROTPY(2)] = 2eRO[H (2)] N 25730[1{*(6—1’“(2””);—*)]. (2.41)
k k

Then we show that

k

Suppose that

%€ stncf)[ﬂ*(e-jk(%” %)]. (2.43)
Then

206 CT/T) ¢ ZSRO[H*(—;;)],Vk. (2.44)
Therefore, {2, 20e ™/ C™T) ..., 20e=T=1 (27 /T)} is a set of uniformly (27/T)-spaced zeros of

H*(1/z*). Hence, H(z) has uniformly (27 /T)-spaced zeros. This is a contradiction.

O

The key issue here is that it is possible to identify a nonminimum phase channel in a pilot-
free manner from a second-order statistics of the received signal, as far as the channel can be

considered as a SIMO system.
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2.5 Summary

This chapter has presented fundamentals of array signal processing by showing three applica-
tions of the array processing; DoA estimation, Beamforming, and pilot-free channel identifica-
tion. Array signal processing is defined as a processing of spatially sampled signals. In wireless
communications systems, the spatial sampling can be performed by antenna array. Although
array signal processing, in other words, spatial signal processing, and conventional temporal
signal processing arise in entirely different application areas, there is analogy between them. In
the following chapter, by utilizing the adaptive antenna array, we propose a spatial equalization
method, which can be easily extend to a spatial and temporal equalization. Also, the feasibility
of a second-order statistics based pilot-free channel identification method will be discussed.



Chapter 3

Spatial Equalization Methods Based
on Estimated Channel Impulse

Response

3.1 Introduction

In this chapter, spatial equalization methods, which utilize the spatial filtering capability of
the adaptive antenna array, are discussed. Taking into account the extension to the spatial and
temporal equalization, we propose spatial equalization methods based on estimated channel
responses, which gives us some degrees of freedom in the beamforming. As for the channel esti-
mation, two different approaches are given for the spatial equalization; a pilot-assisted approach
and a pilot-free identification approach. As a pilot-assisted approach, we utilize suppressed SS
pilot signal, which is coherently added to data signal, and whose power is sufficiently suppressed
before the addition. With the SS pilot signal, the receiver can handle only the pilot channel,
independent of the data channel, and this separation of the array signal processing makes it
independent of employed modulation scheme. In addition, the SS technique gives workability
in low CN ratio environments. On the other hand, as a pilot-free identification approach, we
employ a second-order statistics-based pilot-free channel identification method [26] and discuss
the applicability of the pilot-free channel identification to practical wireless communications

systems.

3.2 Design Criteria

Array signal processing contains many applications such as DoA estimation and beamforming,
and there are a lot of algorithms [9]- [19] for them. Such algorithms can be applied to the spatial
equalizer, however, it becomes a problem that the determination of the weights of adaptive
antenna array could require both DoA estimation and beamforming procedures, in other words,
the spatial equalization could be made in two steps, with different characteristics of processing.
In order to avoid the two-step approach, we consider the spatial equalization method, where
the equalizer calculates and adjusts the weights of the adaptive antenna array using only an
estimated channel impulse response [34], [35]. Here, taking into account that the estimated

21
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channel impulse response can be also used for the temporal equalization, it is quite natural
that we can easily extend the idea of ‘impulse response estimation-based control” in the spatial
equalization to a basic strategy in spatial and temporal equalization.

There are basically two different kinds of strategies for channel impulse response estimation,
such as a pilot-assisted approach and a pilot-free approach. For pilot-assisted approach, trans-
mitter classically inserts known pilot signal at the top end of signal frame [36], and at receiver
end, equalizer adjusts its weights every frame timing. In such a system, the weight calculation
time must be shorter than a period of one frame, otherwise, it is impossible to process. How-
ever, even in high-speed wireless communications using short length frame, variation speed of
fading does not depend on data transmission speed and hence it is not necessary to update the
weights for each frame timing, or rather say, it is sufficient to update the weights slowly enough
to follow the fading. Therefore, we consider the pilot signal, which consists of pseudo noise
(PN) sequence and has the same bandwidth as the data signal, is superimposed on the data
signal. In addition, the power of the pilot signal is sufficiently suppressed before the addition.
Though the pilot signal and data signal are not orthogonal in frequency and time domains, we
can extract the pilot signal by correlation (despreading). The usage of such a suppressed SS
pilot signal brings about some attractive features. The main advantage is that we can indepen-
dently handle the data demodulation process and the spatial/temporal control process. This
means that we can separate the weight calculation, which often requires high computational
complexity, from the data signal processing, therefore, high speed demodulation processing can
be achieved. It will be also the reason why the proposed scheme is suited for high speed com-
munications that all the time slots can be used for user data. In addition, since the weights are
calculated from the estimated channel response, there is no limitation in the modulation format
of the data signal. However, on the other hand, the proposed system has a disadvantage that
the pilot signal gives interference to the data signal. Therefore, to suppress the power enough,
keeping good estimation and equalization performance, is also a key issue. On the other hand,
pilot-free channel identification methods, which are based only on calculation of second-order
statistics of received signal, recently have been proposed. A lot of discussions have been made
from mathematical point of view [23]- [31], however, the applicability and feasibility have never
been fully discussed in wireless communications applications. Among the many second-order
statistics based pilot-free identification methods, we have picked the subspace decomposition
method described in [26], and discuss the advantage, disadvantage, applicability, and feasibility
of the pilot-free signal processing in practical wireless communications systems.

3.3 Pilot-Assisted Spatial Equalizer

3.3.1 System Configuration

Assume that the proposed spatial equalizer is applied to the down link of a wireless local area
network (LAN) system, where a base station with an omnidirectional antenna communicates
with » terminals each having an adaptive antenna array. Fig. 3.1 shows the transmitter/receiver
structure. In the proposed method, two types of channels are prepared; a traffic channel and a
pilot channel. The traffic channel is used to convey information signals, and the pilot channel
to estimate channel impulse response for weights calculation.
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Figure 3.1: Transmitter/Receiver Structure.

In the transmitter, data sequence (R} bit/sec) is first converted into quadrature phase shift
keying (QPSK) waveform (Rs;(=Ry/2) symbol/sec) for the traffic channel, on the other hand,
known pilot signal is generated by the PN sequence generator for the pilot channel, which
has the same frequency band width as the traffic channel. Note that PN sequence generators
generate two different PN sequences, which are respectively used for inphase and quadrature
pilot channels (I and Q-ch) after QPSK modulation. In addition, the power of the pilot signal
is sufficiently suppressed before the addition to the data signal. If we use a S,,-stage maximum
length shift resister (M-) sequence as a PN sequence, the period of the PN sequence becomes
P (= 2% — 1) symbols long. '

Let sp(t), st-(t), and sp;(t) denote the baseband transmitted signal, the data signal, and the
pilot signal, respectively. They can be written as

sg(t) = sr,(t)+VB-spi(t), (3.1)
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sro(t) = Y. dib(t — kTy), (3.2)
k=—co
oo P-1
spi(t) = Z Z mpb(t — (1P + k‘)Ts), (3.3)
l=—o00 k=0
dp = dp + jdg,, (3.4)
my = myp + jmg,, (35)

where dj, and dg, denote the £th symbol of the inphase and quadrature components in the
data signal, respectively. T, §, and 6(y) denote the time duration of one symbol, the power
suppression ratio of the pilot channel, and the Dirac’s delta function, respectively. Moreover,
my, and mg, express the inphase and quadrature components of the pilot signal at the kth
symbol, respectively.

The baseband signal passes through the low pass filter (LPF), i.e., emission filter, and then
is transmitted from the omnidirectional antenna after up-conversion. The transmitted signal

st(t) will be

st(t) = Re[zo(t)exp(j2r f.1)], (3.6)
Zo(t) = SB(t)*hB(t), (3.7)

where hp(t), f., and zo(?) denote the impulse response of the LPF, the carrier frequency, and
the band-limited baseband signal, respectively.

In the receiver, the incoming signal is received by the antenna array which consists of M
sensors, where the sensor spacing is the half of carrier wavelength. After then, the received
signal undergoes the band pass filter (BPF), down-converter, LPF (matched filter), and analog-
to-digital (A/D) converter. The BPF is used for the suppression of the adjacent channel in-
terference and noise as well as for the extraction of the spectrum around the desired signal.
Moreover, the A/D converter operates with the sampling rate of N, times the symbol rate.
After the A/D conversion, the received signal is processed in the traffic channel processing and

in the pilot channel processing independently.

In the traffic channel processing, the outputs from the matched filters are multiplied by the
weights of the adaptive antenna array which are calculated in the pilot channel processing.
After symbol timing synchronization and equalization with DFE which has N, taps in the
feedforward filter and N4, taps in the feedback filter, the data are recovered.

In the pilot channel processing, the complex instantaneous channel impulse response at each
antenna element is first estimated by correlating the received pilot signal. And then, a QPSK
signal (reference signal) is generated in the receiver and is fed into the filter whose tap coefficients
are the same as the estimated channel impulse response, and as a result, the output of the filter
becomes a pseudo-received pilot signal (without data signal). Note that, in our approach,
the pilot signal is sent as a PN code which is superposed on the data signal, therefore, the
received pilot signal itself can not be obtained as a training signal for weight calculation. Using
the pseudo-received pilot signal, the weights of the adaptive antenna array are calculated the
recursive least square (RLS) algorithm [20].
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Figure 3.2: Signal Frame Structure.

3.3.2 Pilot-Assisted Channel Identification

Fig. 3.2 shows the signal frame structure of the proposed system. The length of one frame
is P (the period of the PN sequence in the pilot channel) times N,,5., symbols. The complex
instantaneous channel impulse response at each sensor is estimated using the received pilot
signals of the frame. To be concrete, the received signals first pass through the matched filter
for the pilot channel, and the outputs will be N, complex instantaneous impulse responses,
which are still distorted by the traffic channel. Furthermore, the Np,., estimated channel
responses are coherently added. By means of this procedure, we can obtain a channel response,
where the power of the traffic channel is sufficiently suppressed. Then in the next frame, using
the estimated channel response, the reference signal generation and the calculation of the weights
of the adaptive antenna array are performed by the RLS algorithm. At the end of the frame,
the weights are updated and used for the processing of the traffic channel.

In the channel response estimation, the processing gain of the pilot channel G, is given by
Gp =P X Nppseg- (3.8)

However, since the power ratio of the pilot channel to the traffic channel in the transmitted
signal is equal to 3, the effective processing gain Gyia1, namely, the power ratio of the pilot
channel to the traffic channel at the pilot channel processing in the receiver, is given by

Gtotal = Gpﬂ =P x anseqﬂ- (3'9)

3.3.3 Spatial Equalization Method

In the pilot channel processing, we first estimate the channel impulse response. Let g;(%)
denotes the output of the matched filter at the /th antenna element. In the proposed system,
since the observation window width of the channel impulse response is equal to P symbols, the
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Figure 3.3: Estimated Instantaneous Impulse Response.

estimated channel impulse response at the kth estimation window can be written as

. NsmpxP-1 T T
()= > alteti—)8(r—i="), (0<T<PxT) (3.10)
1=0 Nsmp Nsmp

where (-) denotes the estimation of (-).

Fig. 3.3 shows an example of the estimated impulse response. As we mentioned above, the
channel impulse response is estimated using P X Nppse, received pilot signals, therefore, the
estimated channel impulse response at the /th antenna element A; will be obtained by averaging
out AF(r), namely,

R 1 anseq Ak
hi(t) = i Z hi(T). (3.11)
pnseq 1

Next, we search for a path with the maximum power. In other words, defining

M ~
o(r) = Ih(r)P, (3.12)
=1

as the total power at 7, we search for 7 = 7,,,,, such that o(7) is maximal. Using 4., we can
estimate the channel impulse response at the /th antenna element including the path with the
maximum power as

fl(k) = ;ll(Tmaz’ + kT), (1 < l < Nary)- (313)

which has a non-zero value for k satisfying 0 < 7,4, + k7 < P X T and zeros otherwise.
The impulse response fi(k) is used to generate the pseudo-received pilot signal at the /th
antenna element zj(k):

zi(k) = d'(k) = fi(k) + mi(k), (3.14)

where * denotes the convolution, d’(k) is the QPSK (pilot) signal generated in the receiver, and
nj(k) is also the generated white Gaussian noise, whose power is equal to that of the noise in the
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channel. Since the noise has all kinds of phase components and hence all DoA components, the
excess beam which only captures the noise can be suppressed by the addition of the noise. The
important point to note is that the proposed system requires not the accurate knowledge on noise
power but the spatial whiteness of the noise for the noise suppression. This is because, unlike
in the case of temporal filters, adaptive array can eliminate the delayed signals without giving
large gain to any spatial frequency components. As a result, the performance of the proposed
system is not sensitive to the noise power in the pseudo-received pilot signal, and we can fix the
ratio of the energy per symbol to the noise power density (E;/No) of the pseudo-received pilot
signal, for instance, 20 dB, in advance.

As far as the weight calculation algorithm is concerned, various MMSE based algorithms are
available. However, least mean square (LMS) algorithm, which is often used in constant modulus
algorithm (CMA) [37], has the shortages of the slow rate of convergence and the difficulty in
the selection of the step size. Attaching greater importance to the rate of convergence, we have
adopted the RLS algorithm [20]. The details of the algorithm are as follows:

1. initial condition
w(O) =0
P(0) = p~!I (p: minute positive number, I : Nary X Ngpy identity matrix)

2. RLS algorithm

(a) k=1
(b) calculation of kalman gain

Pk - 1)z'(k)
p+ z*TP(k — 1)z’ (k)

(¢) y(k) = 2"Tw(k —1)

K(k) =

(d) calculation of error

e(k) = y(k) — d'(k)

(e) renewal of the weights
w(k) = w(k—1) — K*(k)e(k)
(f) renewal of inverse covariance matrix

P(k) = %P(k —1) = K" T(k)P(k - 1)
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Table 3.1: System Parameters.

# of sensors Ny 4
Symbol rate R, 100 Msymbol/sec
Mod./Demod. Scheme QPSK
Oversampling factor Ny, 4

Carrier frequency f, 60 GHz
Roll-off factor « 0.5
Period of the M-sequence P 255 symbols
Repetitions of the RLS algorithm 50

(g) k =k+1, return to (b)

where p denotes the forgetting factor.

3.3.4 Computer Simulation

Computer simulations are conducted to evaluate the performance of the proposed spatial
equalizer. Parameters used in all the simulations are summarized in Table 3.1. Considering
indoor wireless environments, DoAs of incoming signals will be distributed from 0° to 360°,
therefore, we adopted not a linear array, whose beamforming ability significantly degrades for
a particular direction, i.e., parallel to the linear array, but a circular array (with 4 elements),
which can achieve almost uniform beamforming performance for all directions. Also, we adopt
a root Nyquist filter with roll-off factor « of 0.5 as the LPF in the transmitter and receiver,
the symbol rate R of 100 Msymbol/sec, the oversampling factor Ny, of 4, the period of M-
sequence P of 255 symbols, and the carrier frequency f. of 60 GHz. The number of repetitions
of the RLS algorithm is chosen to be 50.

The indoor channel can be modeled by a frequency selective fading channel [38]. Fig. 3.4 shows
the frequency selective fading channel models when the direct wave is scattered by obstacles
around the receiver and the delayed waves are reflected by the wall surface. In the models, there
are four primary waves and two 4-symbol delayed waves. On the other hand, Fig. 3.5 shows
channel models, where one primary wave and two delayed waves with 2- and 4-symbol delays
exist, to discuss the performance of the propose equalizer comparing with that of the CMA
method. In all the channel models, taking account of an indoor environment and assuming the
speed of human walk around the receiver to be 2.7 km/h, we have used the Doppler spectrum
of flat and the maximum Doppler shift of 150 Hz.

Since the data signal and the pilot signal in the proposed system are not orthogonal, in
other words, the pilot signal can be considered to be a co-channel interference, the performance
depends on the power suppression ratio 8 of the pilot channel and the number of coherent
additions N,,s., after the correlation. Thus, we discuss these values first. In the proposed
system, it is found from Eq. (3.9) that if 8 or N,,s, increases, the measurement accuracy of
the channel impulse response is improved. However, it is more efficient to make 5 smaller and
Npnseq larger from the viewpoint of power efficiency, whereas it is preferable to make 3 larger and
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Figure 3.5: Channel Model C and D.

Npnseq smaller from the viewpoint of tracking of fading variations. Therefore, it is considered
that there is an optimum point in 3 and Npyse, to maximize the performance. Fig. 3.6 shows the
BER versus 8 and Gz, for several values of Npjseq, When we assume the channel model A with
m&:m dB, where (—5 denotes the average of (-). Here, note that E; includes both the user
signal and the pilot signal unlike the theoretical equation (Eqs. (3.15)-(3.17)). Hereafter, we
use this new definition of E;. The performance is poor for large 3, because the power assigned
to the traffic channel becomes smaller, whereas the BER degrades for smaller 3, because the
measurement accuracy of the channel impulse response becomes poor. From this figure, we
have selected Ny,5e,=16 and $=0.04 as the optimum values, which correspond to G,=4,080



30 Chapter 3. Spatial Equalization Methods ...

O Computer Simulation

Frequency Selective Fading

Channel (Model A) ) 1
' a: e:
165- fD=150Hz : b: 4 f-: 64
Es/No =16 dB: c: 8 g:126
» 0.04 d: 16 163.2
16° | L L1

-40 -30 20  -10 0 10 20 30 40
B [dB] Giotal [dB]
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and Giop1=163.2.

When the BER characteristics are evaluated, it is considered effective to compare the results
with the theoretical BER of diversity reception, or to confirm how many branches as diversity
gain the results correspond to. Assuming the average power of each signal is the same and
the envelope follows a Rayleigh distribution, the BER of QPSK in the case of the L branch
maximum ratio combining diversity is given [2],

BER = (—2 “) > r-144Ck <—2“) : (3.15)
k=0 .

4= ,/1f_7/§/2, (3.16)

where 7, is Es;/Ny. On the other hand, the BER in an additive white Gaussian noise (AWGN)
channel is given by the following [2],

BER = %erfc (\/Nary -73/2) , (3.17)
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Figure 3.7: BER Performance in AWGN Channel.

where er fe(-) is the complementary error function. Note that v, is multiplied by the number

of sensor.

Fig. 3.7 shows the BER versus E;/Ng in the AWGN channel. We can recognize about 1
dB degradation from the theoretical line. This may be because of the insertion of the pilot
channel, and the error in the channel impulse response estimation or in the spatial and temporal
weights calculation. The effect of the four times over sampling also may be the cause of the
degradation. However, as we can see from Fig. 3.6, both of the first two degradation sources,
i.e., the insertion of the pilot channel and the error in the channel identification, severely affect

the BER performance.

In Fig. 3.8, the BER performances of the proposed system, the CMA method, and the receiver
without an antenna array are shown for the channel model A. For reference, the theoretical
BER of the 4-branch maximum ratio combining diversity is shown in the same figure. The
CMA method is capable of pilot-free beamforming (beamforming without known pilot signal),
however, in order to compare the performance with that of the proposed equalizer, the same
pseudo received pilot signal as the proposed equalizer is used for the weights calculation. Also,
though the CMA method often utilizes the LMS algorithm for the weights calculation, the RLS
algorithm, where the cost function is referred to [37] (p = 1, ¢ = 2), is employed. From the
figure, it is found that the BER performance is significantly degraded by the frequency selective
fading channel if no adaptive antenna array is employed while an excellent BER of 4 in terms
of the number of diversity branches is obtained in the proposed equalizer. Furthermore, the
proposed equalizer outperforms the CMA method. This is because the CMA method can not
always combine the received signal as to be the maximum ratio combining, while the proposed
equalizer can form the beam in such a way that the received signal power is always maximized.
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Figure 3.10: BER Performance in Channel Model B.

Fig. 3.9 shows the BER of the proposed equalizer versus the time delay of the delayed waves
for the channel model A when the E /Ny is fixed to 16 dB. From the figure, we can see that
the BER does not depend on the time delay. This proves that the adaptive antenna array is

suited for high-speed communications systems.

The BER performances in the channel model B are shown in Fig. 3.10. The channel model
B is almost the same as the channel model A except for the DoAs of the delayed waves. In the
channel model B, the delayed waves have the same DoAs as the primary waves, therefore, it is
expected that the BER performance is poorer than the one in the channel model A. However,
in practice, the proposed equalizer achieves an excellent BER with about 4 in terms of the
diversity branches. This is because the delayed signal components are eliminated by canceling
each other in the combining instead of pointing nulls toward the delayed signals if there are

several signals arriving with the same time delay.

Let us discuss the difference of the operation between the proposed spatial equalization
method and the CMA method by using the channel models C and D. Fig. 3.11 shows the
BER performances corresponding to the channel models. Here, note that the methods can
equalize up to a four-wave model basically, since the adaptive antenna arrays have four sensors,
and a good performance should be obtained for a three-wave model. In the channel model C,
where three waves are arriving from various directions, both the proposed equalizer and the
CMA method can obtain a good performance. Especially, the proposed equalizer can achieve a
diversity gain of 4 in terms of the number of branches. On the other hand, in the channel model
D, which is also a three-wave model, the performance of the proposed equalizer is significantly
degraded while the CMA method can achieve a good performance. In the channel model, the
primary wave d and the delayed wave f are arriving from the same direction, and the composite
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wave of d and f does not become a constant envelope. Therefore, the adaptive antenna array
captures the incoming wave e in the CMA method. In contrast, the proposed equalizer always
tries to capture the path with the maximum power, namely, the primary wave d in this case.
Therefore, the beam is directed toward the primary wave d and the delayed wave f. As a result,
the BER is degraded due to the intersymbol interference.

Finally, the difference in operation between the proposed spatial equalizer and the CMA
method is analyzed from a viewpoint of the antenna beam pattern. The antenna patters are
shown in Figs. 3.12-3.14. Here, the primary wave and the 2- and the 4-symbol delayed waves,
which have the same amplitude, are arriving. Also, no fading is taken into account. In Fig. 3.12,
where the primary wave and the 2-symbol delayed wave are arriving from the direction of 18°
while the 4-symbol delayed wave from the direction of 72°, the beam is oriented in the direction
of 72° in the CMA method and in the direction of 18° in the proposed spatial equalization
method. Therefore, the BER by the CMA method is superior to the proposed method. In
Fig. 3.13, in addition to the arriving waves in Fig. 3.12, a primary wave and a 2-symbol delayed
waves are arriving in the direction of 209°. In this case, the proposed equalizer forms a null
in the direction of 72° and beams in the directions of 18° and 209° so that either the primary
waves or the delayed waves are cancelled. That is why the proposed equalizer can achieve a good
performance. On the other hand, the BER of the CMA method is degraded since the method
tries to combine the signals arriving from three directions to make the envelope of the received
signal constant in some computer simulation trials. This means that the CMA method has a
fundamental difficulty in the selection of initial values of the weights. In Fig. 3.14, a primary
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wave and a 2-symbol delayed wave are arriving from the direction of 342° in addition to the
arrival pattern in Fig. 3.13. In this case, the proposed equalizer forms a null in the direction of
72° and beams in the directions of 18°, 209° and 342° so that either the primary waves or the
delayed waves are cancelled as in the previous case. Also, with the beam pattern, the proposed
equalizer can achieve a lower BER than the CMA method.

3.4 Pilot-Free Spatial Equalizer

3.4.1 System Configuration

Fig. 3.15 shows the transmitter/receiver structure of the pilot-free spatial equalizer. In
the transmitter, data sequence (Rj bit/sec) is first differentially encoded, and then it is con-
verted into QPSK waveform (R;(=R;/2) symbol/sec). The baseband signal passes through
the LPF, i.e., emission filter, and finally is transmitted from an omnidirectional antenna after
up-conversion. In the receiver, the incoming signal is received by an antenna array which has
Ngyry sensors. The received signal undergoes the BPF, the down-converter, the LPF, and the
A/D converter. The BPF is used for the suppression of the adjacent channel interference and
noise as well as for the extraction of the spectrum around desired signal. The sampling rate
of the A/D converter is four times the symbol rate. Next, the received signal is processed in
the data signal processing and in the pilot-free signal processing independently. In the data
signal processing, the outputs from the matched filter are multiplied by the weights of the
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adaptive antenna array which are calculated in the pilot-free signal processing. After symbol
timing synchronization and coherent demodulation, the data are differentially decoded. In the
pilot-free signal processing, the ensemble averaged autocorrelation matrix of the received sig-
nal is replaced by the time averaged matrix. Since the autocorrelation matrix is estimated at
each sensor, N4, correlation matrices are obtained. Using the correlation matrices, the com-
plex instantaneous impulse response of the channel at each antenna element is estimated by
performing second-order statistics-based pilot-free channel identification. Details of the channel
identification algorithm are discussed in 3.4.2. With the estimated channel response, the weights
of adaptive antenna array are calculated in the same way as the spatial equalizer proposed in

section 3.3.

Fig. 3.16 shows the signal frame structure of the pilot-free spatial equalizer. The length
of one frame is N (the number of symbols used in calculation of the autocorrelation matrix)
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times N,y (the number of averaging times of autocorrelation matrix estimation) symbols. The
autocorrelation matrix of the received signal is estimated using the received signal in the first
frame, and during the next frame, the pilot-free channel identification and the calculation of the
weights with the RLS algorithm are performed. Finally, at the end of the frame, the weights of

the adaptive antenna array are updated.

3.4.2 Pilot-Free Channel Identification

The algorithm described here is mainly based on the method proposed in [26]. However, we
have given some modifications to apply it to practical wireless communications situations. In
what follows, we assume that the channel at the jth sensor can be modeled as an FIR filter
whose impulse response is h;(t). Note that, h;(t) includes the effect of the emission filter, the
channel response, the antenna response, and matched filter. '

Let T, d,,, and v;(t) denote the symbol duration, the symbol emitted by the digital source at
time nT" and additive noise at the jth sensor, respectively. The output of the matched filter at

time ¢ is given by

oo
:Ej(t) = Z dmh]'(t — mT) + ’U]'(t). (3.18)
m=—co
For the pilot-free channel identification based on the second-order statistics, several mea-
surements have to be made during sampling period T. This requirement can be satisfied by
oversampling the incoming signal which is received by antenna array. Oversampling z;(t) with
a sampling period A(= t/4) constructs a set of L X Nyo(L = T/A) sequences according to
:cg’j) =z;{to+iA+nT)for 0 <¢<L—-1,1<j< Ngpy. Assuming that the channel can be
modeled FIR filter, h;(¢) has finite duration M, therefore, we can write au(f ) in the form,

M
=0

where

ol = vty + A + 0T, (3.20)
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h3) = hy(to + iA + nT). (3.21)

Using hgi)(n), we can write the discrete-time channel impulse response in the vector form,

H = [Ho,- -, Hn,,,]", (3.22)
H = [H](o)7 - .,H;L—l)]T’ (3.23)
HJ@ _ [h(()i,j)’ . -,hﬁ\ff’j)]T, (3.24)

%))

where [-]7 denotes the transpose. If we gather N successive samples of z,”’, we will have a

matrix formulation:

X7(Li,j) — 'H%’j)Dn + VTEZ'J), (3.25)
where
X(0) = [z09) .. .,xgj’_i])VH]T, (N x1) (3.26)
Dy={dn,dn-n_m1]f, (N4 M)x1) (3.27)
V() = [pd) . -,vfjf']{,H]T, (N x 1) (3.28)
R 0
HD = . (N x (N + M)) (3.29)
0 RO

Putting a set of L sequences together will yield

xU) = H%)Dn +V), (3.30)
where

X0 = [x©NT ... x(L-LITT (N[ x 1) (3.31)

V) = @) L yE-LITIT (N x 1) (3.32)

HY = [HODT . 1T (NI x (N + M) (3.33)

Furthermore, putting a set of N,,, matrices together will yield

X, = HnDy + Va, (3.34)
where

X, = [XOT ... xWNers=D)TT " (NLN,,, x 1) | (3.35)

V, = [VOT ... yWers=UT|T (NN, ., x 1) (3.36)

Hy = [HOT, - 7 e (N LNy x (N + M) (3.37)
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The second-order statistics based pilot-free identification algorithm include subspace decom-

position of autocorrelation matrix R, of vector X,,. R, can be described as

R, = E[X,XH
= HNRMHE +R,, (NLNuy X NLNyy) (3.38)

where Ry = E[D,DY] (N+M)x(N+M))and R, = E[V,VH] (NLNy,x NLN,,,). R, denotes
the autocorrelation matrix of additive noise vector V,, and is noise part of R,. This noise
part has to be in the shape of (constant) XI (NLNgyX NLN,,, identity matrix) in order to
decompose R, into subspace. However, in practical wireless communication system, the noise

obtained at the matched filter output is no longer white. In this case, pre- and post-multiplying

the noise whitening matrix W,(= R, 1/2 [39] (see Appendix A)) leads to

W,R,WH = W,HyRMEWH + w,R,WH
= W,HnRHEWH 4 621, (3.39)

where o? denotes a variance of additive noise at the front end of the receiver. Let R, =
WURg;WfI and Hy = W, Hy, then we have

R, = HyRMHE +%I (3.40)

2tz

This is a desired form.

Let A\g > Ay > -+ - > Anyp—1 denote the eigenvalues of whitened correlation matrix R, and
vg > 17 > --- > vNp—1 dente the eigenvalues of the matrix ﬂNRdﬂ]I%. Since we assume Hpr
is full column rank and Ry is full-rank, the matrix ﬂNRdﬂ% has rank M + N. This implies
that the NL—M— N smallest eigenvalues v; = 0. Correspondingly, the smallest eigenvalue of the
correlation matrix R, is equal to o with multiplicity NL—M—N, as shown by

i 2 0<i<M+N-1
,\i:{”+"’ s Mt (3.41)

o?. M+N<i<NL-1

Let Gy, -+, GN—p—nN -1 denote unite-norm eigenvectors associated with the eigenvalues Apr4n, -
yANL-1. Furthermore, let G = [Go, - -,GNL-N-M-1] (NLX(NL—N—M)). All G; satisfy the

relation

R.G,=02G,. 0<i<NL-N-M-1 (3.42)
Using Eq. (3.40), we can rewrite Eq. (3.42) as

HyRHRG, =0, 0<i<NL-N-M-1 (3.43)

Since Hpy is assumed to be of full column rank and the matrix Ry is full-rank, it follows from
Eq. (3.43) that

HEG, =0. 0<i<NL-N-M-1 (3.44)
Substituting Hy = W, Hy for Eq. (3.44), we have
GHHy =0, 0<i<NL-N-M-1 (3.45)

where G; = WHG,. Eq. (3.45) implies that G; is orthogonal to the channel impulse response

matrix.
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In practice, we can not get real ensemble averaged autocorrelation matrix R;. We have to
base our analysis on time averaged correlation matrix R, instead. R, is described by

Na've
Ry =" Xnpin XHn. (3.46)
=0
Strictly speaking, the left side of Eq. (3.45) unequal to zero since only estimates Gi of the
eigenvectors are available, however, Eq. (3.45) can be solved in least squares sense. The cost
function is defined as

NL-N-M-1
qHy= > |GFHNP, | (3.47)
=0
where H is the discrete-time channel impulse response defined in Eqgs. (3.22), (3.23). As a matter
of convenience, it is preferable that the right side of Eq. (3.47) is expressed in terms of H. On
that account, we separate the elements of the estimated eigenvectors G; into L components, as
shown by
AT AT A .
Gf =[G, G-+ Gy (3.48)

where G’g (0 < j < L~—1) are vectors of length N. Furthermore, we define the MLx(N+M)
matrix §; as

- G% O -
0 GE
g = 5 : (3.49)
G;I(L_l) 0
~T
Since C;’{I’HN = H#¥§;, we can rewrite Eq. (3.47) as
NL-M-N-1

qH)=HUQH, Q= Y a3l (3.50)

=0

According to constraints on H, there are some schemes for the decision of H. We adopted
quadratic constraint, that is, minimize g(H ) subject to |H| = 1. The solution is the unit-norm

eigenvector associated with the smallest eigenvalue of matrix Q).

3.4.3 Computer Simulation

Fig. 3.17 shows the channel model discussed in this section. This is a static two ray multipath
channel model where there are one primary wave and a 4-symbol delayed wave. The power of
these two incoming signals is the same. For the simplicity of the discussion, no fading is taken
into account. _

System parameters used in the computer simulations are shown in table3.2. The pilot-free
spatial equalizer adopts a root Nyquist filter with roll off factor of 0.5 as the LPF in the
transmitter and receiver. The window width N is chosen to be 15 and the length of FIR filter



42 Chapter 3. Spatial Fqualization Methods ...

Signal a|b
Time Delay 0
(Symbol Time) 4
Power Ratio 111
Figure 3.17: Channel Model.
Table 3.2: System Parameters.
# of sensors Ny, 4
Symbol rate R, - 100 Msymbol/sec
Mod./Demod. Scheme DQPSK
Oversampling factor Ny, 4
Carrier frequency f, 60 GHz
Roll-off factor « 0.5
Window width N 15 symbols
Frame Length 4080 symbols
Repetitions of the RLS algorithm 50

(the channel) to be 9. The number of averaging times of correlation matrix is equal to 272,
namely, the length of one frame becomes 4080 symbols, and in the estimation of the correlation
matrix, the time averaging is performed over 4080 symbols. The number of repetitions of the
RLS algorithm is chosen to be 50.

Fig. 3.18 shows the root mean-squared-error (RMSE) of the pilot-free channel identification
method versus the (¥£;/Np). The RMSE of the pilot-assisted method proposed in section 3.3 is
also plotted in the same figure. Denoting f;(k) and fjl(k) as the true and the estimated impulse
responses of the channel of at the jth antenna element in the Ith trial, respectively, the RMSE

is defined as

Niria—1 Nary—l

1 1 Yo X k) = £k, (3.51)

RMSFE =
Nary—1 ) .
Zi:Dy ||f2(k)H jvt”al =0 7=0
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Figure 3.18: Estimation Error vs. E;/Np.

where ||-|| and Ny;4,; denote the Euclidean norm and the number of trials (100 in this simulation).
The RMSE of the pilot-assisted method does not depend on E;/Ngy. This is because the noise
is almost negligibly small in this E;/Ng region, and the autocorrelation property of the M-
sequence limits the estimation. On the other hand, the RMSE of the pilot-free estimator
decreases suddenly around E;/Ng = 20 dB. Therefore the performance of the pilot-free system
could be superior to that of the pilot-assisted method when E,/N, becomes over around 23 dB.

Fig. 3.19 shows the BER performance in the channel model. For the comparison purpose, the
BER performances of the pilot-assisted spatial equalizer and the CMA method are also plotted
in the same figure. The pilot-assisted spatial equalizer can achieve the best performance among
the three spatial equalizers, however, it requires a known pilot signal. The CMA method, which
also works in a pilot-free manner, suffers from slow rate of convergence, since the sample size is
too small for the CMA method. This is the reason why the BER of the CMA method improves
slowly as the F;/Np increases. The BER of the pilot-free spatial equalizer decreases suddenly
around F;/Ng = 20 dB, while the performance is poor at low E;/Ny. This agree with what we
have seen in Fig. 3.18. Since the pilot-free spatial equalizer employs the same weights calculation
method as the pilot-assisted method, the degradation of the BER performance of the pilot-free
spatial equalizer will be mainly caused by the error in the channel impulse response estimation.

3.5 Summary

In this chapter, in order to avoid two-step procedure of weights calculation and to make it
easy to extend to a spatial and temporal equalization, we have proposed spatial equalization
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Figure 3.19: BER Performance.

methods, where the weights of the adaptive antenna array are controlled only by the estimated
channel impulse response at each sensor. As for the channel estimation method, we have pro-
posed two estimation methods, i.e., a suppressed SS pilot signal assisted method and a pilot-free
channel identification method. With the suppressed SS pilot signal, the spatial equalizer can
successfully estimate the channel impulse response with sufficient accuracy, and can outperform
the conventional spatial equalizer, such as a CMA method. With the pilot-free channel iden-
tification method, though the performance is degraded especially when the E /Ny is low, it is
clearly. shown that the second-order statistics based pilot-free channel identification method is
applicable to practical wireless communications systems.



Chapter 4

A Spatial and Temporal
Equalization Method with Reduced
Number of Weights

4.1 Introduction

In this chapter, we propose a spatial and temporal equalization method with reduced number
of weights, utilizing a cascade configuration of an adaptive antenna array and a DFE [36]. Taking
advantage of the different features of the adaptive antenna array and the DFE, the equalization
functionality is split into spatial processing and temporal processing. To be concrete, ‘incoming
signals with larger time delays (beyond the filter length of the DFE) are cancelled at the
adaptive antenna array.” This makes it possible to reduce the number of weights in the DFE.
The weights of both the adaptive antenna array and the DFE are separately calculated using
estimated channel impulse response at each sensor.

We show the performance of the proposed system in multipath fading channels often encoun-
tered in indoor wireless environments, and discuss the attainable BER, antenna patterns, and
the computational complexity in comparison with other equalization methods, such as spatial

equalization and temporal equalization.

4.2 Design Criteria

So far, a considerable number of studies have been made on spatial and temporal equaliza-
tion, and a lot of the equalization methods have been proposed [41]- [50]. However, though the
equalization methods can achieve good performance, they require high computational complex-
ity. This is because almost all the methods employ an adaptive TDL array [46], which has tem-
poral filter at each antenna element, or maximum likelihood sequence estimation (MLSE) [36]
approach in weights calculation. Attaching greater importance to computational complexity,
we consider a configuration of spatial and temporal equalizer with less computational cost, such
that an adaptive antenna array without temporal filter is followed by a DFE. The configuration
itself is similar to that of the conventional method proposed in [51], where a diversity system
and a DFE are combined. However, the conventional method requires that received signals on

45
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different antenna elements are statistically independent, because the antenna array in the con-
ventional system is based on a diversity system. On the other hand, the spatial equalizer in our
system is based on a beamformer, therefore, the proposed system can achieve good performance
regardless of correlation among the received signals. Moreover, since both the adaptive antenna
array and the DFE are capable of equalization and have different features, we could further
reduce the number of weights by taking advantage of the features. The adaptive antenna array
can form various kinds of beam patterns by changing the weights, and this makes it possible to
equalize a distorted received signal. Therefore, the complexity of the adaptive antenna array
does not depend on the time delay of the received signal. Since the larger time delay results in
the lower correlation between the primary signal and the delayed signal, large time delay of the
received signal is preferable for the adaptive antenna array. In this sense, the adaptive antenna
array is suited for high-speed wireless communications systems. However, the adaptivé antenna
array also has a disadvantage that it cannot sufficiently suppress undesired wave for some DoA
patterns. On the other hand, the performance of the DFE does not depend on the DoA pat-
terns. However, the DFE has to have enough number of taps [36] to equalize a delayed signal
which has maximum time delay. This means that the complexity of the DFE is determined
by the maximum time delay of the incoming signals. Based on the discussions above, we take
fundamental strategies that the equalization functionality is split into spatial processing and
temporal processing, and that incoming signals with larger time delays should be cancelled by
the adaptive antenna array. These strategies make it possible to further reduce the weights in
the DFE [52], [53]. '

4.3 System Configuration

Fig. 4.1 shows the transmitter/receiver structure of the proposed spatial and temporal equal-
izer. In the proposed method, the same frame format and the channel estimation method as
in [34] are employed, therefore, only processings in the receiver are explained.

In the traffic channel processing, the outputs from the matched filters are multiplied by the
weights of the adaptive antenna array, which are calculated in the pilot channel processing.
After symbol timing synchronization and equalization with the DFE which has Ny, taps in
the feed-forward (FF) filter and Ny, taps in the feed-back (FB) filter, the data are recovered.

In the pilot channel processing, the complex instantaneous channel impulse response at each
antenna element is first estimated by correlating the received pilot signal. The estimated channel
impulse response is used to calculate the impulse response for the reference signal generation.
Details of the reference signal generation are discussed in Section 4.4 Next, a QPSK signal is
generated in the receiver and is fed into the filter whose tap coefficients are the same as the
estimated channel impulse response, and as a result, the output of the filter becomes a pseudo-
received pilot signal (without data signal). Note that, in our approach, the pilot signal is sent as
a PN code which is superposed on the data signal, therefore, the received pilot signal itself can
not be obtained as a training signal for weight calculation. On the other hand, the generated
QPSK signal is also fed into the filter whose tap weights are the same as the impulse response
for the reference signal generation. Using the output of this filter as a reference signal and
the pseudo-received pilot signal, the weights of antenna elements are calculated by the RLS
algorithm [20].
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Figure 4.1: Transmitter/Receiver Structure.
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Now that the estimated channel impulse response and the weights of the adaptive antenna
array elements are available, we can calculate the tap weights of the DFE by the RLS algorithm

in the same manner as the beam-weights calculation.

Finally, we summarize the flow of signal processing in the receiver in Fig. 4.2. In the figure,
the hatched procedures show a series of signal processing: the receiver first extracts pilot signals
from received signals and then estimates the channel impulse response using the signals. During
the next frame, the receiver calculates the weights of the adaptive antenna array and the DFE
(see Fig. 4.2 a). Further, at the end of the frame, the weights are updated and then are used
for the processing of the traffic channel (see Fig. 4.2 b).
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4.4 Weights Calculation Method

The impulse response for the reference signal generation is calculated from the N,,, estimated
channel responses. From a statistical point of view, there is no difference among the estimated
channel responses, therefore, the response at the 1st antenna element f;(k) is employed as the
response for the reference generation. However, considering the effect of fading, the amplitude
is chosen to be the average of the estimated responses among the antenna elements. In the end,

the impulse response for the reference signal generation f,.f(k) can be written as

Nary

LS 128 (0 < k< Nep) (4.1)

ref(k) = ’
f f( ) NaTy =1 lfl(k)l

where Npp denotes the length of the FB filter in the DFE, and f..s(k) is equal to zero for
k > Ngp. In the proposed system, the incoming signal whose delay time exceeds the length of
FB filter is canceled at the spatial processing (see Fig. 4.3).
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Table 4.1: System Parameters.
WProposed [ Spatial i Temporal

Number of sensors Ny, 4 4 1
Number of FF taps Ny, 5 0 10
Number of FB taps Ny, 4 0 9
Symbol rate R, 100 Msymbol/sec
Mod./Demod. Scheme QPSK
Oversampling factor Ny, 4

Carrier frequency f. 60 GHz
Roll-off factor « 0.5

Period of the M-sequence P 255 symbols
Repetitions of the RLS algorithm Ny s,Neai T 50

The reference signal z;, (k) can be written as

wlref(k) = d,(k) * fref(k)a . (4.2)

and finally, with this reference signal ] ,(k) and the pseudo-received pilot signal zj(k), the
weights of the adaptive antenna array are calculated by the RLS algorithm.

4.5 Computer Simulation

4.5.1 Channel Model

Computer simulations are conducted to evaluate the performance of the proposed spatial and
temporal equalizer in comparison with a temporal equalizer (DFE [2]), and a spatial equalizer
proposed in section 3.3. Parameters used in all the computer simulations are summarized in
Table 4.1. We have assumed that the proposed spatial and temporal equalizer and the spatial
equalizer employ a circular antenna array with 4 sensors. The proposed system also employs a
DFE which has 9taps (5taps in the FF filter and 4taps in the FB filter).

The number of repetitions of the RLS algorithm in both the spatial processing N.,;_s and
the temporal processing N, 1 are chosen to be 50. In the spatial equalizer, the same antenna
array as the proposed system is employed, while the equalizer has no temporal processing. The
number of repetitions of the RLS algorithm N, g is also the same as the proposed system.
On the other hand, the temporal equalizer employs an omnidirectional antenna and a DFE
which has 19taps (10taps in the FF filter and 9taps in the FB filter). The same number of
repetitions of the RLS algorithm N, 7 is also employed. Since the temporal equalizer employs
an omnidirectional antenna, and the spatial and the proposed equalizer have four antenna
elements, in the following figures, the curves of the BER performance of the temporal equalizer
will be shifted by 6 dB. In all the systems, we adopt a root Nyquist filter with roll-off factor «
of 0.5 as the LPF in the transmitter and receiver. Also, we adopt the symbol rate R, of 100
Msymbol/sec, the oversampling factor Nyp, of 4, the period of M-sequence P of 255 symbols,
and the carrier frequency f. of 60 GHz. Taking account of an indoor environment, we set the
Doppler shift to 150 Hz.
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Figure 4.5: Channel Model B. (Static 3-ray Multipath Channel.)

Fig. 4.4 also shows the frequency selective fading channel model discussed, where there are
5 preceding signals and 5 one-symbol delayed signals. The power ratios of these 10 incoming
signals are also the same. DoA of each incoming signal is randomly determined and it changes
every frame timing.

Fig. 4.5 shows the static 3-ray multipath channel model. There is a preceding signal in the
same direction as a two-symbol delayed signal, and there is one more incoming signal which
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Figure 4.6: BER Performance in AWGN Channel.

has a large (eight-symbol) delay time. We discuss the attained performance based on the
channel model A among a temporal equalizer, the spatial equalizer, and the proposed spatial

and temporal equalizer.

4.5.2 Bit Error Rate Performance

Fig. 4.6 shows the BER versus E;/Np in an AWGN channel. We can recognize about 1 dB
degradation from the theoretical line. This may be because of the insertion of the pilot channel,
and the error in the channel impulse response estimation or in the spatial and temporal weights
calculation. The effect of the four times over sampling also may be the cause of the degradation.
However, both of the first two degradation sources, i.e., the insertion of the pilot channel and
the error in the channel identification, severely affect the BER performance. Also, the two
degradation sources have a trade-off relationship. Since we have optimized the power of the
pilot signal so as to maximize the performance, the influence caused by the two sources will be
almost the same degree.

Fig. 4.7 shows the BER performance in the channel model A. The BER performance of the
spatial equalizer and the temporal equalizer is also plotted in the same figure. The BER of the
temporal equalizer improves gradually as m increases, but the performance is the worst
among the three equalizers. The spatial equalizer can achieve the fairly good performance,
however, we can recognize the BER floor for E,/Ng > 15 dB. Since DoAs in this channel model
are randomly determined every frame timing, the spatial equalizer sometimes can not equalize
the distorted received signal. Namely, the burst errors occur in certain DoA patterns. This
is the reason for the BER floor. On the other hand, the proposed system can achieve the
best performance among the three equalizers and the gain of 4-branch maximal-ratio combining
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Figure 4.9: Antenna Beam Pattern (a).

diversity. In addition, no error floor can be recognized. This means that the burst errors, which
have been observed in the spatial equalizer case, do not occur in any DoA patterns. It can be
concluded, therefore, the equalization of the proposed system does not care DoA patterns.
Fig. 4.8 shows the BER performance in the channel model B. The performance of the spatial
equalizer is the worst among the three equalizers. The spatial equalizer forms its beam as
capturing the path with the maximum power, therefore, it tries to catch the signal o . However,
since the signal a is in the same direction as the delayed signal (signal b), the received signal
suffers from intersymbol interference. This is the reason for the poor performance of the spatial
equalizer. The performance of the temporal equalizer also improves gradually as F;/Ng increases
in this channel model. However, the proposed system can achieve much better performance. In
this channel model, the proposed system cancels the signal ¢, which has large time delay, at the
spatial processing. Accordingly, all the temporal processing has to do is to cancel the signal b.

4.5.3 Antenna Patterns

Here, the difference in operation between the proposed spatial and temporal equalizer and
the spatial equalizer is analyzed from the antenna patterns. Figs. 4.9, 4.10 and 4.11 show the
antenna patterns. In all the figures, the primary signal and the 1- and 8-symbol delayed signals
are arriving, and the power ratio of these 3 signals is 2:1 : 1.

In Fig. 4.9, the primary signal is arriving from the direction of 18° and the 1- and 8-symbol
delayed signals are arriving from the direction of 72° and 270°, respectively. In this case, both
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Figure 4.10: Antenna Beam Pattern (b).

of the equalizers are likely to work well, however, the BER of the proposed equalizer is worse
than that of the spatial equalizer. This is mainly because the proposed equalizer gives smaller
gain for the primary signal than the spatial equalizer does.

In Fig. 4.10, the primary signal and the 1-symbol delayed signal are arriving from the direction
of 18°, and the 8-symbol delayed signal is arriving from the direction of 299° (This is the same
channel model as the channel model B(Fig. 4.5)). As described above, the spatial equalizer
controls the beam in the direction of 18°, therefore, the BER is poor. However, the proposed
system controls the null in the direction of 299°, and equalizes the primary signal which is
collapsed only by the 1-symbol delayed signal at the temporal processing.

In Fig. 4.11, the primary signal and the 1- and 8-symbol delayed signals are arriving from
the direction of 45°, 225° and 299°, respectively. The primary signal and the delayed signals
are not in the same or near direction, therefore, it is expected that the BER of the spatial
equalizing method will be good. However, in practice, the spatial equalizer can not extract
only the primary signal and the error rate is poor. This is a matter of the limitation of the
degrees of freedom in forming beams. Adaptive antenna array can form various beampatterns,
however, this does not mean that it can make arbitrary beampattern. Namely, if a beam is
controlled in one direction, it may results in forming another beam toward another direction.
Setting coordinate as in Fig. 4.12, the beampattern R(f) can be written as

Nary

R(0) = | Y expljcos( 51 — 0w, | (4.3)
=1
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where w; denotes the weight corresponding to the /th antenna element. From Eq. (4.3), it turns
out that the antenna array can not have such a beampattern that R(r/4) = 1 and R(57/4) = 0.
Therefore, the weights of the spatial equalizer do not converge well. This is the reason of the
poor BER performance of the spatial equalizer. However, the proposed system works properly,
that is, the delayed signal with large time delay is cancelled at the spatial processing.

4.5.4 Computational Cost

We show the number of multiplications in the weights calculation algorithm as a compu-
tational cost. In the following, Ny, denotes the total number of taps in the DFE, namely,
Nisp = Ngigp + Npiap. For the proposed system, the number of multiplication in the weight

calculation algorithm is

Neai_s X (TN2,, 4+ 12N,4py) + Nearr X (TN, + 12N44,) = 41,750 (times),

ary

for the spatial equalizer,

Nears X (TN?

ary

+ 12N4py) = 8,000 (t2mes),
and for the temporal equalizer (DFE),

Neg 1 X (7N2

tap T 12Ntap) = 137,750 (times).

The spatial equalizer requires the least computational complexity, but it suffers from break
down of the equalization for certain DoA patterns. The computational complexity of the tem-
poral equalizer depends on the maximum time delay of the incoming signal which we must
equalize. Therefore, the temporal equalizer may be not suited for high speed communications.
The proposed spatial and temporal equalizer not only can achieve an excellent BER performance
but also requires a relatively low computational cost.

4.6 Summary

In this chapter, we have proposed a spatial and temporal equalization method with reduced
number of weights and evaluated the performance comparing with that of the spatial equalizer
presented in chapter 3. and the DFE. Here, our fundamental criterion is ‘delayed incoming
signals with large time delays should be canceled by the spatial processing’, which makes it
possible to decrease the computational complexity. The criterion will not give the spatial and
temporal equalizer the best performance, however, if we regard the computational complexity
as important, the criterion could be a good choice. In addition, the proposed equalizer uses only
estimated channel impulse response to adjust the weights of the spatial and temporal equalizer,
therefore, it requires no information on DoA. We have shown the attainable BER performance
in an AWGN channel, a frequency selective fading channel, and a static 3-ray multipath channel.
Moreover, we have analyzed the operation of the spatial processing of the proposed system from
the viewpoint of antenna patterns. We have also shown the computational complexity in terms
of the number of multiplications in the total weight calculation. From all the results, it can be
concluded that the proposed system can achieve the best and stable performance among the
three equalization methods with a low computational complexity.



Chapter 5

A Versatile Spatial and Temporal
Equalization Method for Various
Direction-of-Arrival Patterns

5.1 Introduction

This chapter proposes a versatile spatial and temporal equalization method for various kinds of
channel models, where the DoA patterns are randomly determined, with a cascade configuration
of an adaptive antenna array and a DFE.

The spatial and temporal equalizer with the cascade configuration can be realized in low
computational complexity, however, if it tries to capture only the path with the maximum
power, the weights may be trapped by a local minimum during the adaptation of MMSE based
adaptive algorithm, since the error performance surface becomes a fourth-order function of the
weights, and possibly has two minima. In order to avoid the wrong trap, the proposed equalizer
calculates the weights of the adaptive antenna array and the DFE separately, and the adaptive
antenna array selects a path or paths to capture depending on channel conditions.

5.2 Design Criteria

Generally, the performance of a wireless communications system which employs an adaptive
antenna array largely depends on DoA patterns of channels. However, considering wireless LAN
environments, where users freely install both base and mobile stations, it is necessary for spatial
and temporal equalizers to achieve robustness to the DoA patterns.

Although, so far, only an adaptive TDL array [40] depicted in Fig. 5.1 is the spatial and
temporal equalizer which is capable of achieving such a robustness, and it is possible to realize
an optimum receiver with the configuration [46], the adaptive TDL array requires quite a few
number of weights, and hence prohibitive computational complexity. This means that the
adaptive TDL array is not suited for high-speed wireless communications systems, such as
wireless LANs. In this chapter, we, therefore, consider a cascade configuration of a spatial and
temporal equalizer such that an adaptive antenna array without temporal filter is followed by a
DFE as shown in Fig. 5.2. The cascade configuration requires smaller number of weights [47]-

57
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[50] than the adaptive TDL array, however, it needs to pay a price for the simplicity when it
tries to capture a path with the maximum power using a MMSE based adaptive algorithm.
Here, we show the ”price” from a viewpoint of error performance surface in comparison with

adaptive TDL array and discuss the method of settlement.

5.2.1 Error Performance Surface of Adaptive TDL Array

When input signals of the adaptive TDL array depicted in Fig. 5.1 at time n are zo(n), ..., zar~1(n),
the output y(n) is represented by

M-1P-1

y(n) = > > wh xm(n—p), (5.1)

m=0 p=0
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where M, P and w,, , are the number of sensors, the length of the TDL and the weights of the
adaptive TDL array. Defining the error signal e(n) as

en) = d(n)-y(n)
M-1P-1

d(m) — 3 3wl ,em(n - p), (52)

m=0 p=0

where d(n) denotes the desired signal, the cost function J for the adaptive TDL array of Fig. 5.1
can be expressed as follows:

J = Ele(n)e*(n)]

= Efld(n)P]
M-1P-1 M-1P-1
= X Y whpBlea(n = pd ()] = 3 3 wnpEler(n - p)d(n)

M-1P-1M-1P-1

+ DD D0 Y Wi pwkiBlem(n - p)ai(n — ). (5.3)

m=0 p=0 k=0 =0
Eq. (5.3) states that the cost function J of the adaptive TDL array is a second-order function
of the weights, and has a bowl-shaped MP+1 dimensional surface with MP degrees of freedom
represented by the weights. The surface has a unique minimum, therefore, the weights of the
adaptive TDL array can be calculated using MMSE based adaptive algorithms, such as RLS or
LMS algorithms.

5.2.2 Error Performance Surface of Spatial and Temporal Equalizer with
Cascade Configuration

Then, we analyze the spatial and temporal equalizer with cascade configuration shown in
Fig. 5.2 in the same manner as the adaptive TDL array. If the inputs of the spatial and

temporal equalizer at time n are zo(n),...,zp—1(n), the output y(n) can be written as
M-1P-1 Q-1
y(n)= D D whsza(n—p)+ Y @rgn—q—1), (5.4)
m=0 p=0 g=0

where M, P, Q, wy,, Wy, W, and §(n) denote the number of sensors, the length of the FF filter
in the DFE, the length of the F'B filter, the weights of adaptive antenna array, the weights of
the FF filter, the weights of the FB filter and the detected signal. Using the error signal e(n)
defined as

M-1P-1 Q-1
e(n) = d(n) —{ Z Z Wy, Wy Tm(n — p) + Z wrg(n —q— 1)}, (5:5)

the cost function of the spatial and temporal equalizer with cascade configuration of Fig. 5.2
can be represented by

J o= E[ld(n) - y(n)|]
= Efld(n)]’]
Q-1

- Z{wE g(n —q—=1)d*(n)] + 0  E[7"(n ~ ¢ — 1)d(n)]}

=0
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{wh i wethi E[zm(n — p)ai(n — i)}

(5.6)

Eq. (5.6) states that the cost function of the spatial and temporal equalizer with cascade

configuration J is a fourth-order function of the weights, and possibly has two local minima. If

we use MMSE based adaptive algorithms in order to calculate the weights, the weights may be

trapped by a local minimum during the adaptation. This is the unique problem of the spatial

and temporal equalizer with the cascade configuration.

5.2.3 Practical Considerations

From a viewpoint of practical operation of the spatial and temporal equalizer, the local minima

can be seen when a desired and a undersized (delayed) waves, each of them has small angular

spread, come from almost the same direction. Fig. 5.3 shows examples of the antenna beam

patterns (pattern A and B) of the spatial and temporal equalizer with cascade configuration

when a desired wave with no angular spread comes from 50°, while a undesired wave also with
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no angular spread comes from 55°. Pattern A has a null point at the undesired wave, however,
it also has high sidelobe level. Since the thermal noise is white in space, the high sidelobe level
results in the degradation of the SNR at the output of the adaptive antenna array, which can
not be recovered with the equalization of the DFE. On the other hand, pattern B does not
suffer from the degradation of SNR, though pattern B can not cancel the undesired wave. The
undesired component included in the output of the adaptive-antenna-array can be canceled at
the DFE, therefore, the equalizer can achieve good performance with pattern B [54]- [60]. In
this case, pattern A could be a local minimum of the cost function J and pattern B may be the
global or local minimum of which value of the cost is smaller than pattern A.

This example suggests that we could guide the weights to the global minimum by adequately
selecting a path (or paths) to capture with the adaptive antenna array depending on channel
conditions. Moreover, with the path selection, the weights of the adaptive antenna array and the
DFE can be calculated separately, therefore, we can employ usual MMSE adaptive algorithm
for the weights calculation. In addition, since it is easy to apply a pipeline processing for such
separated weights calculations, the separated processing is quite suitable for high-speed wireless

communications systems [61].

5.3 System Configuration

Fig. 5.4 shows the receiver structure of the proposed spatial and temporal equalizer. Incoming
waves are received by an antenna array with M sensors, then, the signals are processed in the
data signal processing section and in the pilot signal processing section independently. In the
data signal processing section, the outputs from the matched filters are multiplied by the weights
of the adaptive antenna array, which are calculated in the pilot signal processing section. After
symbol timing synchronization and the equalization with the DFE, which has P tapsin the FF
filter and @ taps in the F'B filter, data are recovered. In the pilot signal processing section, the
complex instantaneous channel impulse response at each sensor is first estimated by correlating
the received pilot signal. Then, using the estimated channel response, the equalizer selects a
path (or paths) to capture with the adaptive antenna array. Details of the weight calculation
method and the path selection algorithm are discussed in section 5.4, but the weights of the
adaptive antenna array are calculated by the RLS algorithm. The weights of DFE are also
determined in the same manner as the beam-weights calculation.

5.4 Weight Calculation Method

5.4.1 Selective Reception with Adaptive Antenna Array

Generally, an adaptive antenna array based on MMSE criterion algorithm captures only one
path which is synchronized with the reference signal, however, with the cascade configuration
of Fig. 5.4, the adaptive antenna array needs to capture not only the path with the maximum
power but also all the paths around the path with the maximum power in order to avoid the
degradation of SNR. Note that the purpose of the selective reception is not increasing the total
power of the received signal, since the proposed equalizer employs DFE, which is capable of
not combining diversity but selection diversity. Such a selective reception with the adaptive
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Figure 5.4: Configuration of the Proposed System.

antenna array can be realized by controlling the reference signal in the MMSE based weight
calculation [50]. In the method, the output signal of a transversal filter, whose input is the known
pilot signal, is used as the reference signal, and the weights of both the adaptive antenna array
and the transversal filter are simultaneously calculated by MMSE based adaptive algorithm.
With the method, the adaptive antenna array can capture any paths, however, the method
requires additional weights, namely the weights of the transversal filter, to be determined,
which results in an increase of the computational complexity. In this section, we propose a
selective reception method with the adaptive antenna array, which is realized by controlling not
the reference signal but the received pilot signal.

Fig. 5.5 shows the principle of the proposed selective reception method with the adaptive
antenna array. In the figure, (A) shows the channel impulse response and the DoA pattern.
The paths a, b, and ¢ in the response correspond to the incoming waves a, b, and ¢ respectively.
If we use the received pilot signal as it is to calculate the weights of the adaptive antenna array
synchronizing with the path with the maximum power a, the adaptive antenna array forms a
null toward the path ¢, which has almost the same DoA as the path a. This results in the
degradation of SNR because of the high sidelobe level. In the proposed method, to capture
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Figure 5.5: Selective Reception with Adaptive Antenna Array.

both the path a and ¢, the equalizer generates a signal for cancellation using the response
shown in Fig. 5.5 (B). By subtracting the cancellation signal from the received pilot signal,
we’ll have the signal which is equivalent to the received pilot signal passed through the channel
shown in Fig. 5.5 (C). With the equivalent received pilot signal, the adaptive antenna array can
capture both the path @ and ¢, while giving the maximum gain to the path a (the path with

the maximum power).

5.4.2 Procedure of Weights Calculation

Fig. 5.6 shows the frame format and the weights calculation procedure in the proposed method.
Each frame consists of a pilot signal, which is composed of PN sequence with I symbols long,
and a data signal. Using the pilot signals of three consecutive frames, the weights of the adaptive

antenna array and the DFE are calculated as in the followings:

-1st. frame: The complex instantaneous channel impulse response at each sensors is first esti-
mated by correlating the received pilot signal. Using the estimated response, the path(s)
to capture is(are) selected. Details of the path selection method are discussed in 5.4.3.

Also, the estimated response is used for the frame synchronization.

-2nd. frame: If the path to capture is only the path with the maximum power (path,,z), the
received pilot signal is used for the calculation of the weights of the adaptive antenna ar-
ray as it is. Otherwise, the received pilot signal which is subtracted by the corresponding
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components of the path to capture excluding the path,,,, will be used for the weights cal-
culation. Here, we employ the RLS algorithm [2] as the MMSE based adaptive algorithm,
and the known pilot signal is used for the reference signal.

-3rd. frame: Using the received pilot signal and the weights of the adaptive antenna array,
the weights of the DFE are calculated by the RLS algorithm. The known pilot signal is
also used as the reference signal. All the weights are updated at the end of the pilot signal
of this frame.

5.4.3 Path Selection Algorithm

The proposed equalizer selects a path or paths to capture with the adaptive antenna array
depending on the channel conditions, and the channel conditions are judged from the estimated
channel impulse response. In the followings we show the classification of the channel conditions,
and discuss how to select the path(s) for the each channel condition.

Small Angular Spread of Each Incoming Wave: In this case, DoAs of incoming waves
can be estimated from phase differences of the estimated channel response at each sensors.
According to DoA patterns, the channel conditions can be further classified into the

following two situations;

-DoA of the Path,,,, # DoAs of the other paths: The adaptive antenna array can
capture only the Pathy,,, without high sidelobe level (and hence the degradation of
the SNR), therefore, the equalizer selects the Path,,,, as the path to capture with
the adaptive antenna array.

-DoA of the Path,,,; = DoAs of the other paths: The equalizer selects both the Path,, .

and the path(s) around the Path,,, in order to avoid the degradation of the SNR.
The residual ISI component(s) will be equalized by the latter DFE.

Large Angular Spread of Each Incoming Wave: In this case, DoAs of incoming waves
cannot be estimated from the channel impulse response, however, the adaptive antenna
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array operates as a diversity system [54] because of low correlation of the received signals
among the sensors. This means that the adaptive antenna array can eliminate the unde-
sired waves not by forming nulls but by combining them as they disappear. Therefore, the
equalizer can select only the Path,,,, as the path to capture regardless of DoA patterns.

Fig. 5.7 shows the proposed path selection algorithm based on the discussion above. The
equalizer first determines the delay time k,,,, of the Path,,., from the estimated channel
response. Then, it calculates the normalized variation of the instantaneous amplitude of the
estimated channel response P,,,;, which is defined as

{Ufm(R)]~ [7CR?

Pi(k) = , (5.7)
' w mZ Ol

T = L5 1 (53)
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Table 5.1: System Parameters.
” Proposed Equalizer | Adaptive TDL Array

Antenna Array Equi-Spaced Circular Array (8 Sensors)

Filter Length FE:9 taps 9 (or 3) taps
FB: 8 taps

Total # of Weights 25 taps 72 (or 24) taps

Symbol Rate 100 Msymbol/sec

Carrier Frequency 60 GHz

Mod./Demod. Scheme QPSK

Root-Nyquist Filter
(Roll-off Factor = 0.5)
Pilot Signal M Sequence(L=255 symbols)
Oversampling Factor 4

Spatial N4 s: 200
Temporal N 4 7: 200

Pulse Shaping

RLS Repetitions Newirpr: 20 (or 200)

where f,, (k) denotes the estimated channel impulse response on the mth antenna sensor at time
k. Since the large angular spread results in low correlation of the received signals among the
sensors, we can tell the angular spread of each path by comparing the P,..i(k) with a threshold
Thyari- If the angular spread of the Path,,,, is large, the adaptive antenna array can extract
only the Path,,,, regardless of DoA pattern, therefore, the Path,,,, is selected as the path
to capture. In this case, the adaptive antenna array operates as the diversity system. FElse if
the angular spread of all the other paths is large, the Path,,, is selected likewise as the path
to capture, since the adaptive antenna array can cancel out the paths without high sidelobe
level. Only when the Path,,,, and any one of the other paths have small angular spread, the
proposed equalizer calculates the DoAs of the paths. And if any one of the paths (except for
the Pathy,,,) exists within the threshold of Thp,4 from the Path,,q., all the paths around the

Path,,,, are selected, otherwise, only the Path,,qz

5.5 Computer Simulation

Computer simulations are conducted to evaluate the performance of the proposed spatial and
temporal equalizer in comparison with adaptive TDL arrays.

5.5.1 System Parameter

System parameters used in all the computer simulations are summarized in Table 5.1.

Assume that the proposed spatial and temporal equalizer is applied to the indoor wireless LAN
system, the carrier frequency and the symbol rate are set to be 60 GHz and 100 Msymbol/sec,
respectively. Both the proposed system and the adaptive TDL array have an equi-spaced circular
array with 8 sensors, whose sensor spacing is half of the carrier wavelength. Generally, in order
to withstand timing jitter, a fractional-spaced filter is employed as the FF filter in the DFE,



Section 5.5. Computer Simulation 67

=

S LoS ray

=)

]

ok

< E|7ldB]

St

% S o )

2 ~..$31dB]

2 " » delay[symbols]
0 3 6 8 ylsy

;60[nsec] i

Figure 5.8: Delay Power Spectrum.

g
5 Cluster
A

3 6 8
g,
% [symbols]

"""""""""""" Thr of Cluster
DoAl[deg] DoA: Random

Figure 5.9: Space-Time Channel Model A and B.

however, we have employed a symbol-spaced DFE for the simplicity. Furthermore, assuming
that the maximum time delay of the incoming waves is 8 symbols time, we have set the number
of taps in the FF filter and FB filter to be 9 and 8 taps respectively. On the other hand,
we assume two adaptive TDL arrays, which have totally 72 or 24 taps. The number of RLS
repetitions of the proposed system, the ATDLA with 24taps and the ATDLA with 72taps are
set to be 200, 200 and 20, so that the computational complexity of all the systems is the same

amount.

5.5.2 Space-Time Channel Model

In agreement with measurements reported in [62], we use delay power spectrum (DPS) of a
line-of-sight (LoS) channel defined in Fig. 5.8. In the figure, the dotted line shows the model of
the DPS proposed in [62], and the arrows show the model used in these simulations. Moreover,
we assume the spatial properties of the channel as depicted in Fig. 5.9 (channel model A),
where delayed incoming rays form clusters which have observed in [63]. In the case of no LoS
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channel (channel model B), the LoS ray in Fig. 5.9 is omitted. DoAs of the LoS ray and the
clusters follow a uniform distribution of [0:360)°, whereas distribution of the individual clusters
is assumed to be a uniform distribution of [-45:45]°, which corresponds to standard deviation
of 26°. Note that the DoAs of all the incoming waves are changed at every frame timing with
following the distributions. In order to evaluate the performance when angular spread of the
incoming waves is quite small, we further assume a channel, where the angular spread is zero,
as channel model C. Taking account of an indoor environment, we have chosen the Doppler
spectrum of flat and the maximum Doppler shift of 150 Hz.

5.5.3 Optimum Threshold Setting

In the beamforming criterion selection algorithm, the proposed system has two thresholds,
that is, the threshold of the normalized variation of the estimated channel response Thyq-; and
the DoA Thp,s. In order to determine the thresholds, we evaluate the BER. of the proposed
system in channel model A and B by computer simulations. In these simulations, the (M)
is set to be 12 dB.

Figs. 5.11 and 5.12 show the BER in channel model A and B, when the thresholds are changed.
In both of the channel models, the proposed system can achieve the best performance with the
threshold of Thy.; = 0.08 and Thp,4 = 25.0°. In all the following simulations, we use the
values as the thresholds.

5.5.4 Bit Error Rate Performance

Fig. 5.13 shows the computer simulation results of the BER versus the (E;/No) in an AWGN
channel. Also, the theoretical BER in AWGN channel [2], which is given by

BER = %erfc (\/Nary -75/2> , (5.9)

where erfe(-) and 7, denote the complementary error function and E;/Ng, respectively, is also
depicted in the same figure. Since the adaptive antenna array can coherently combine the
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received signals, the Es/Ng is multiplied by the number of sensors, namely 8. We can recognize
about 0.5 dB degradation from the theoretical line. This could be because of the error in the
channel impulse response estimation or in the spatial and temporal weights calculation. The
effect of the four times over sampling also could be the cause of the degradation.

Figs. 5.14-5.16 show the BER performance of the proposed system in the channel model A, B
and C, respectively. For comparison purpose, the performances of the adaptive TDL array with
72 and 24 taps, and the cascade configuration without the proposed path selection algorithm
are also plotted in the same figures. In the channel model C, we can show the theoretical lower
bound of the BER for the proposed system. This is because the LoS path is always the Path,,q
in the model, and the temporal processing in the proposed equalizer cannot utilize the power
of the delayed paths.

In the channel model A, the proposed equalizer can achieve the best performance among the
four systems. Especially, the comparison between the BERs of the cascade configuration with
and without the path selection algorithm proves that the selection algorithm gives a considerable
improvement of the performance to the equalizer. The reason why the performance of the
adaptive TDL array with 72 taps is worse than that with 24 taps in the low E;/Ng region is
that the weights of the adaptive TDL array with 72 taps do not converge well due to large
number of the weights.

In the channel model B, the BERs of all the systems are almost the same, however, the
inclinations of the BER performance curves of the adaptive TDL arrays are larger than that of
the proposed equalizer. The operation of the temporal processing in the adaptive TDL array
is capable of the combining diversity, while the temporal processing in the proposed system is
essentially the selection diversity, therefore, the adaptive TDL array can achieve larger diversity
gain than the proposed system. In the channel model, the adaptive antenna array can cancel
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the undesired paths without suffering from the high sidelobe level, since all the paths have some
angular spread. This is the reason for the small difference of the performance between the
cascade configuration with and without the selection algorithm.

In the channel model C, the BER performance of the adaptive TDL array with 24taps is the
worst among the four systems. This means that the length of temporal filter of 3taps is not
enough for the channel, and that even spatial and temporal equalizer, which can utilize both
the spatial and temporal information of the received signal, has to employ temporal filter with
enough temporal aperture, if the incoming waves have small angular spread. In the BER curve
of the cascade configuration without the selection algorithm, we can recognize the BER floor,
which is caused by the SNR degradation because of the high sidelobe level. On the other hand,
the proposed equalizer can achieve a good performance, though the channel model is severe for
the adaptive antenna array. The reason for the degradation from the theoretical lower bound
of the BER could be the consumption of the degree-of-freedom of the adaptive antenna array
by forming nulls toward the delayed waves, or the Doppler shift.

5.5.5 Antenna Beam Pattern

Here, we analyze the operation of the proposed path selection algorithm from a viewpoint
of antenna beam pattern. Figs. 5.17-5.22 respectively show the beam patterns of the proposed
system in channel model A, B and C, when the Path,,,, or all the paths around the Path, ez
is (or are) selected for the path to capture. The BERs of the frame are also shown in the same
figures. '

In Figs. 5.17 and 5.19, though the desired wave (the Path,,q;) comes from almost the same
direction as the undesired clusters, no bit error occurs with selecting only the Path,,,.. This
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is because, the undesired clusters having large angular spread, the adaptive antenna array can
combine the undesired components as to disappear. Moreover, there is no distinct null toward
the undesired wave which should be cancelled in Figs. 5.17- 5.20, whereas nulls are steered toward
the undesired waves in Figs. 5.21 and 5.22. These results support that the adaptive antenna
array operates as a diversity system when the incoming waves have large angular spread. We
can also see that the proposed system selects all the paths around the Path,,,, when both the
Path,,,, and the IST paths have small (or no) angular spread and the paths have almost the
same DoA.

From all the results, it can be concluded that the proposed equalizer can successfully select a
path (or paths) to capture by the adaptive antenna array depending on the channel conditions.

5.5.6 Computational Cost

The signal processing in the proposed system includes ”channel estimation”, ”weights cal-
culation of the adaptive antenna array” and ”weights calculation of the DFE” on the pilot
signal reception, and ”selection of the path to capture” on the data signal reception. However,
we exclude the ”channel estimation” from the evaluation of the computational cost, since it
can be performed by an application specific integrated circuit (ASIC), such as a sliding cor-
relator, parallel with the other digital signal processings. Here, note that the purpose of the
computational complexity reduction is not to decrease the power consumption but to make the
proposed equalizer realizable with practical digital signal processing devices. Also, the process-
ing of the ”selection of the path to capture”, which includes the calculation of the P,q.;(k)s
and the DoAs, will not be a bottle-neck, since the proposed equalizer have only to finish the
processing within the data signal period, which is far longer than pilot signal period. Based on
the discussion above, we evaluate a computational cost which is required in one RLS iteration on
the pilot signal reception. At present, most DSPs can simultaneously operate multiplications,
addition/subtraction, and data transfer between registers [36], therefore, we employ the number
of multiplications as an index of the computational cost.

The maximum number of multiplications Cproposeqd Of the proposed system is given by

Coroposed = TM* + 12M + AM K + TR? + 12R, (5.10)

where M is the number of sensors, R the total weight number of DFE, K the maximum number
of paths to capture. Here, in the RLS algorithm, the number of multiplications per one iteration
of the system which has totally N weights is given by 7TN? 4+ 12N [36]. On the other hand, the
number of multiplications C 47pra of the adaptive TDL array is obtained by

Carpra = T(MR)*+ 12MR, (5.11)

where M and R denote the number of sensors and the length of the TDL respectively.

Substituting the parameters used in the computer simulation (proposed equalizer:M = 8,
R = 17, K = 4, adaptive TDL array:M = 8, R = 9), we have the number of multiplications
shown in table 5.2. The required processing speeds of digital signal processing device are also
shown in the table. From the table, we can see that the number of multiplications of the
proposed equalizer is fewer than one tenth of that of the adaptive TDL array, and that the
proposed equalizer can be realized with the expected processing speed of the DSP in 2010, i.e.,
1,000,000 MIPS, while attaining the bit rate of 200 Mbit/sec.
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Table 5.2: Number of Multiplications.

” # of Multi. (Normalized) | Required Processing Speed

Proposed Equalizer 2,899 (1)

300,000 MIPS

Adaptive TDL Array 37,152 (12.8)

3700,000 MIPS

MIPS : Million Instructions Per Second

5.6 Summary
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In this chapter, we have proposed a versatile spatial and temporal equalization method for

various DoA patterns, where the cascade configuration of an adaptive antenna array and a DFE

is employed and all of the weights are calculated by an MMSE based adaptive algorithm. In

the proposed method, in order to avoid wrong trap by a local minimum, the weights of the

adaptive antenna array and the DF'E are calculated separately, and the adaptive antenna array

selects a path or paths to capture depending on channel conditions. We have shown the BER

performance in the three space-time channel models, which are based on measurement reports.

Also, the computational complexity of the proposed system is evaluated in terms of the number

of multiplications in one RLS iteration. From the results, it can be concluded that the proposed

system can achieve good performance in various kinds of channels and be realizable with the

expected processing speed of DSP in 2010, while attaining the bit rate of 200 Mbit /sec.

In this chapter, we have assumed only the existence of ISI, however, with a few modifications,

the proposed system can achieve CCI cancellation ability (see Appendix B).



Chapter 6
Conclusions

This dissertation has presented spatial and temporal equalization methods for high-speed
wireless communications systems, which are based on the study conducted by the author during
the doctoral course. The main results obtained in this dissertation are summarized as follows:

1. Fundamentals of array signal processing has been presented by showing three applications
of the array processing; DoA estimation, beamforming, and pilot-free channel identifi-
cation. Array signal processing is defined as a processing of spatially sampled signals.
In wireless communications systems, the spatial sampling can be performed by antenna
array. Although array signal processing, in other words, spatial signal processing, and
conventional temporal signal processing arise in entirely different application areas, there

is analogy between them.

2. In order to avoid two-step procedure of weights calculation and to make it easy to extend
to a spatial and temporal equalization, we have proposed spatial equa,]iZation methods,
where the weights of the adaptive antenna array are controlled only by the estimated
channel impulse response at each sensor. As for the channel estimation, we have proposed
two estimation methods, i.e., a suppressed SS pilot signal assisted method and a pilot-free
channel identification method. With the suppressed SS pilot signal, the spatial equalizer
can successfully estimate the channel impulse response with sufficient accuracy, and can
outperform the conventional spatial equalizer, such as a CMA method. With the pilot-free
channel identification method, though the performance is degraded especially when the
E;/Ny is low, it is clearly shown that the second-order statistics based pilot-free channel
identification method is applicable to practical wireless communications systems.

3. A gspatial and temporal equalization method with reduced number of weights has been
proposed and the performance has been evaluated comparing with that of the spatial
equalizer presented in chapter 3. and the DFE. Here, the fundamental criterion is ‘delayed
incoming signals with large time delays should be canceled by the spatial processing’,
which makes it possible to decrease the computational complexity. The criterion will not
give the spatial and temporal equalizer the best performance, however, if we regard the
computational complexity as important, the criterion could be a good choice. In addition,
the proposed equalizer uses only estimated channel impulse response to adjust the weights
of the spatial and temporal equalizer, therefore, it requires no information on DoA. We
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have shown the attainable BER performance in an AWGN channel, a frequency selective
fading channel, and a static 3-ray multipath channel. Moreover, we have analyzed the
operation of the spatial processing of the proposed system from the viewpoint of antenna
patterns. We have also shown the computational complexity in terms of the number of
multiplications in the total weight calculation. From all the results obtained here, it can
be said that the proposed system can achieve the best and stable performance among the

three equalization methods with a low computational complexity.

. We have proposed a versatile spatial and temporal equalization method for various DoA

patterns, where the cascade configuration of an adaptive antenna array and a DFE is
employed and all of the weights are calculated by an MMSE based adaptive algorithm.
In the method, in order to avoid wrong trap by a local minimum, the weights of the
adaptive antenna array and the DFE are calculated separately, and the adaptive antenna
array selects a path or paths to capture depending on channel conditions. We have
shown the BER performance in the three space-time channel models, which are based
on. measurement reports. Also, the computational complexity of the proposed system
is evaluated in terms of the number of multiplications in one RLS iteration. From the
results, we have clearly shown that the proposed equalizer can achieve good performance
in various kinds of channels and be realizable with the expected processing speed of DSP
in the year 2010, while attaining the bit rate of 200 Mbit/sec. We have assumed only the
existence of ISI, however, with a few modifications, the proposed system can achieve CCI

cancellation ability.

From all the results, it can be concluded that the proposed equalization methods can real-

ize a high-speed wireless communications system, when the transmission rate will exceed 100
Mbit /sec in 2010.



Appendix A

Autocorrelation Matrix of Filtered

Noise

This appendix shows the autocorrelation matrix R, of additive noise which has passed through
the matched filer.

Since R, = E[V,V,F] (V, is defined in Egs. (3.28), (3.32), (3.36)), you can easily verify that
the (p,q) component of R, is E[U;E)(i7]lzf)a—NLﬁ+n—1vzg’z—’?\;:—NL5+n—l] where a, 3, v, and § denote
the integer parts of (p— NLB)/N,p/(NL),(q— NLb)/N,and q/(N L), respectively. Therefore,
I will calculate the value of E [v,(f’j )fvgk’l)*].

Let sg 9) = s;(to + 1A 4+ nT') denote the discrete time impulse response of the matched filter
which is the length of K symbols and wg ) = w(to+1A+4nT) additive white noise whose variance

is equal to o2. Also define

O
S](\? - . (A.l)
0 ORI,
(N x (N + M))

I assume that the additive noise is white at the input of the matched filter. Let wj(t0+iA+nT)
denotes the white noise at the jthe antenna element and s(tp + A + nT') denotes the impulse
response of the matched filter. The components of R, can be calculated as followings:

Bluy (kD
= E[vj(to +iA + pT)}(to + kA + ¢T)]

= E| Z wi(aA)s(to + iA + pT — aA)
© Y wi(bA)s™(to + kA + T — bA)]
b=—00

= Z Z s(to + 1A + pT' — aA)
aA=—00 hb=—00
s (to + kA + ¢T — bA)E[w;(ad)wi(bA)]
= o’ Z S(iA + pT — aA)s*(JA + ¢T — aA),

a=—00
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where o? denotes the variance of white noise. Though it is a matter of course, the components
of R, depends only on the impulse response of matched filter. In general, since we have the

knowledge of the matched filter, we can calculate the noise autocorrelation matrix R, a prior.



Appendix B

CCI and ISI Cancellation Method

The proposed system in Chapter 5. can operate in the environment, where CCls exist, with
a few modifications. Here, we show how to modify the proposed system in order to cancel both
CCls and ISIs.

In the proposed system, the adaptive antenna array only can eliminate the CCls, therefore,
if a Path,,q; and CCIs, which have small angular spread, are in the same direction, it is
impossible to capture the Path,,,,; with suppressing the CCIs. This means that the equalizer
have to take the CCIs’ DoA patterns consideration on determining the path to capture with
the adaptive antenna array. Moreover, the adaptive antenna array can not always capture the
Path, ... In order to know the information about the CCls, such as delay times, DoA patterns,
and angular spreads, we modify the frame format as depicted in Fig. B.1. In the figure, the
”Configuration 1” shows the frame format employed in the system presented in chapter 5, and
the ”Configuration 2” the format after the modification for the CCI cancellation. Also, ”Pilot
Signal 1” is a common pilot signal among users, and ”Pilot Signal 2” is a unique pilot signal to
the users. Using the "Pilot Signal 17, the equalizer can estimate the channel impulse response,
which includes both the desired waves (with ISIs) and the CCls, and utilizing the ”Pilot Signal
27, it can have the response without the CCls likewise. (The ”Pilot Signal 2” is also used for
the weights calculation by RLS algorithm.) With the additional channel information about the
CCls, the proposed equalizer determine the time k,,ax, which appeared in the path selection
algorithm presented in chapter 5, as shown in Fig. B.2 before executing the algorithm.

The equalizer first calculates the angular spreads of the CCls. If they all exceed a threshold,

Configuration 1: Data Signal

Configuration 2: [ Data Signal

Unique Pilot Signal
Common Pilot Signal

Figure B.1: Modified Frame Format.
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Delay time of the Path,,;, = k

All the CCIs
have large angular
spread?

YES

Difference
of the DoA is
large?

NO
Delay time of the next y

largest path = k ( k=k max )

Figure B.2: Determination of Time k4.

the equalizer set the delay time of the Path,,q, to be the k4. Otherwise, the equalizer searches
angular spreads of the desired paths and differences of DoAs between the desired paths and the
CCIs in descending order of the power of the desired paths. The time of the path, which first
satisfies a condition that the angular spread is large or that the angular spread is small and
the difference of the DoAs is large, is chosen for the time k,,q;. After the determination of the
ke, the path selection algorithm is executed to determine the path to capture.

In this way, the proposed equalizer can cancel both the ISIs and the CClIs in principle.



Abbreviations

ASIC
AWGN
A/D
BER
BPF
CCl
CMA
CNR
DFE
DoA
DPS
DSL
DSP
E /Ny
FB

FF
FFT
FIR
FTTH
HOS
1F

1S1

1T
I-ch
LAN
LMS
LoS
LPF
MIPS
MLSE
MMSE
M-
OFDM

application specific integrated circuit
additive white Gaussian noise
analog-to-digital

bit error rate

band pass filter

co-channel interference

constant modulus algorithm

carrier to noise power ratio

decision feedback equalizer

direction of arrival

delay power spectrum

digital subscriber line

digital signal processor

the ratio of the energy per symbol to the noise power density
feed-back

feed-forward

fast Fourier transform

finite impulse response

Fiber to the Home

higher-order statistics

intermediate frequency

inter-symbol interference

information and communication technology
inphase channel

local area network

least mean square

line-of-sight

low pass filter

million instructions per second
maximum likelihood sequence estimation
minimum mean-squared-error

maximum length shift resister
orthogonal frequency division multiplexing
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pulse amplitude modulation
personal computer

pseudo noise

quadrature phase shift keying
quadrature channel

radio frequency

recursive least square

root mean-squared-error
single-input multiple-output
single-input single-output
signal to noise power ratio
spread spectrum
tapped-delay-line

Abbreviations
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