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ABSTRACT

Adaptive antenna arrays have tremendous potential for increasing the capacity of
mobile communications, by reducing co-channel interference, multipath and noise. Blind
adaptive algorithms, that is, algorithms which do not require a training sequence, are
investigated and compared in this study. These algorithms are tested for common cellular
signals. The performances of three blind adaptive algorithms: the Constant Modulus Algo-
rithm (CMA), the Spectral self-COherence Restoral Algorithm (SCORE), and the spectral
correlation predictor using a Time-Dependent Adaptive Array (TDAA), are studied. The
TDAA is introduced as a new blind algorithm that exploits the cyclostationary property of
the signal. Results show that the TDAA is able to out-perform the other blind algorithms

for most of the test conditions and provides the optimal MSE solution.
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Chapter 1

Chapter 1

Introduction

Mobile-radio communication systems are used extensively today. In a mobile envi-
ronment the propagation channel contains multipath elements that introduce intersymbol
interference (ISI) and cause large rapid amplitude changes in the signal envelope. In addi-
tion, the signal is further degraded by co-channel interference. The signal is also subjected
to noise, but the main problems that limit the capacity of cellular communication are the
ISI, adjacent and co-channel interference. Their effect is to degrade the SNR, reducing the

capacity, operating range and performance of a radio system.

In order to keep the performance degradation of a radio system to an acceptable
level as the radio traffic increases, it is necessary to adopt measures to improve the system
capacity. Several techniques have been developed in the past. These techniques fall into
one (or a combination) of four categories: adaptive equalizers, anti-multipath modulation

techniques, spread-spectrum techniques and antenna arrays.

An array is a system which enhances a signal corrupted by noise, interference, multi-
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path and fading. The performance index is the Signal to Noise Ratio (SNR) at the output

of the array, and the system acts to maximize the output SNR.

There are several advantages of the adaptive array over a conventional array. The
adaptive antenna array senses the interference sources and suppresses them automatically,
improving the performance of the radio system, often without the a priori knowledge of
the interference location. An adaptive array may achieve more reliable communication
compared to the conventional array. If a single antenna of the conventional array fails, the
sidelobe level and the main lobe width increase, and the main lobe and the null locations
are modified. For an adaptive array, graceful deterioration of the SNR results if an element
of the array fails. Therefore, more reliable communication as well as an increase in the
capacity of a single cell can be achieved. Here we assume that the base station has the
adaptive array and the mobile has only a single omni-directional antenna. The reason for
this assumption is, the reverse channel is more vulnerable to interference than the forward
channel [Gil91], and antennas at the base are more technically feasible than at the mobile
with the current technology.

A second advantage of an adaptive array over a conventional array is that there are
many cases in which the radiation pattern of the array is determined by close (in terms of
wavelength) scatterers, rather than by its own pattern in free space. In such circumstances,

an adaptive array is less sensitive, operating better than the conventional arrays.

To obtain high gain and low sidelobe levels for a conventional array, it is necessary
to build it within the tight mechanical and/or electrical tolerances. Due to self-correcting
mechanism of the radiation pattern, adaptive arrays can be built with lower tolerances and

thus at a lower cost.

The conventional technique for adapting an array is to use a training sequence to

determine the array combiner weights. However, training sequence directed adaptation
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techniques will not produce the optimal solution for a Doppler-shifted signal, since the
adaptation algorithm cannot account for the frequency shift. Furthermore in a dynamic
environment like the mobile channel, a blind adaptation algorithm (an algorithm that does
not require an external training sequence) is necessary to be able to correct the dynamic
channel. A blind algorithm adapts by exploiting signal properties like constant envelope,
spectral redundancy and so on. The algorithms are classified depending on the property
they exploit. This work investigates the relative merits of various blind adaptive array
algorithms for improving the performance of mobile communications in the presence of

multipath, fading, noise and interference.

1.1 Motivation

Beamforming is the processing used in conjunction with an array of sensors to pro-
vide a versatile form of spatial filtering [Edm89]. Antenna beamforming techniques have
the potential to overcome the problems stated above, by using the discrete spatial separa-
tion of the received signals and digital signal processing techniques to direct nulls in the
DOAs of the interferers and beams in the directions-of-arrival (DOAs) of the signals-of-
interest (SOIs). However, serious problems exist with the implementation of beamformers
in a mobile environment. The numbers, strengths and DOAs of both the SOIs and the
interferers in the environment are many times both unknown and time-varying. Any
beamformer must therefore learn and track the SOI and the interference parameters neces-
sary to extract the SOIs. In applications where a SOI training signal is not available, the
processor has to rely on blind techniques to exploit more general properties of the SOI

waveform or channel.

Conventional techniques that do not use the SOI waveform for adaptation generally
exploit the spatial-coherence of the incoming signals, i.e., a property attributed to signals
impinging from discrete directions of arrival. These techniques include power-minimiza-

tion techniques that minimize the output power of the beamformer subject to the linear
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constraint of the beamformer look direction, and signal sub-space techniques that exploit
the eigenstructure of the received signals [Age89]. These algorithms have their limita-
tions. The power minimization technique generally requires knowledge of the geometry
and the sensor characteristics of the array (i.e., calibration data or a special array geome-
try) in order to design the beamformer constraint, and require an expensive search over the
calibration data if the SOI’'s DOA is not known and a special array geometry is not used.
The signal sub-space techniques generally require the knowledge of the covariance of the
background noise, and also require a special array geometry or an expensive search over
the calibration data for implementation. In addition, all these techniques are sensitive to
modeling errors in the calibration data or geometry. Calibration data is expensive to obtain
and can be affected by real world conditions, such as temperature, weather, mishandling,
etc.

Blind adaptive beamforming answers all these problems. These algorithms do not
require a special array geometry or the knowledge of the array manifold or noise covari-
ance matrix to adapt the array. The shortcoming is that a blind adaptive algorithm is devel-
oped to exploit a particular property of a class of signals, and it cannot be applied to all
signals.

Blind adaptive antenna array algorithms are of particular interest in a mobile envi-
ronment, because of their ability to adapt their weights without the use of a training
sequence and thus are more suited for time-varying channels. These blind adaptive algo-
rithms can mitigate the effects of multipath and fading, which are the causes for fluctua-
tion in the signal level. The algorithms can benefit from multipath components, because
they provide extra diversity. These algorithms can mitigate the effects of co-channel inter-
ference and thus can increase the cell capacity. Much work has been carried out in the
development of blind adaptive array algorithms, but no effort has been made so far to
study the relative performance merits of these algorithm subjected to the same conditions.
This motivates us to study how different blind algorithms perform in a mobile communi-
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cations environment.

1.2 Overview

Blind adaptive algorithms can be classified according to the properties that they
exploit. For example, these algorithms might restore certain known properties of the sig-
nals like constant modulus or spectral redundancy. In this study we consider the following
algorithms. An algorithm that exploits the modulus property is called the Constant Modu-
lus Algorithm (CMA) and the one that exploits the spectral redundancy is known as Spec-
tral self-COherence REstoral algorithm (SCORE). A new blind adaptive array algorithm
called the time-dependent adaptive array (TDAA), which uses time-dependent filtering, is
proposed.

s
§

1.2.1 Constant Modulus Algorithm (CMA)

The CMA exploits the constant modulus property of FM, PSK, or FSK waveforms,
by minimizing the modulus variation of the signal at the beamformer output. The CMA
can remove the effect of multipath propagation and interference on the transmitted signal
by sensing the modulus variation of the received signal introduced by the interferers and

noise and adapting to minimize this variation.

1.2.2 Spectral Self-coherence Restoral Algorithm (SCORE)

Most digital communication signals encountered in mobile communications possess
underlying statistical periodicities, which are caused by amplitude, phase, frequency mod-
ulation or by periodic keying. Although these underlying statistical periodicities are
neglected in conventional receiver processors, exploiting cyclostationary properties can

bring substantial improvement in the performance of the system. These signals are called
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cyclostationary signals, i.e., the statistical parameters vary in time with single or multiple
fundamental periodicities.

A key iaoint is that this property can be exploited to discriminate undesired signals
and noise. Methods that exploit the property of cyclostationarity require only the knowl-
edge of baud rate, modulation type, carrier frequency, or other signal parameters that char-
acterize the underlying periodicity exhibited by the desired signals. SCORE is a blind
adaptive array algorithm that exploits the cyclostationary feature present in the signal. It
exploits the spectral redundancy present in the signal due to cyclostationarity.

1.2.3 Time-Dependent Adaptive Array (TDAA)

The time-dependent adaptive array (TDAA) is an extension of the time-dependent
adaptive filtering to an adaptive array. A time-dependent adaptive filter (TDAF) is an
adaptive filter with a filter response that varies periodically in time. The principle behind
the TDAR is to use spectrally correlated portions of the signal of interest (SOI) or/and the
signal not of infcrest (SNOI) to improve the portion of the SOI spectrum corrupted by the
interference. When the signal statistics change periodically, a TDAF outperforms a time
independent adaptive filter (TIAF) in approximating the optimal time-varying solution
[Ree87]. A TDAA exploits spatial, frequency, and time diversities. Blind adaptation is
accomplished by configuring the TDAF to predict signals having known spectral correla-

tion characteristics.

1.2.4 Switched Diversity Algorithm
i
Switched diversity involves switching between transmitting antennas in the base sta-
tion on the basis of the strength of the signals received by the mobile. Here an implemen-
tation of the switched diversity is explained [Win83]. In the forward link, the base station

transmits the Signal using one of its antenna. The mobile compares the received signal to
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the threshold level. When the signal level falls below the threshold, the mobile station tells
the base station to switch to the next antenna. After the antenna is switched, the mobile
examines the signal level, and if it falls below threshold, the mobile tells the base station
to switch to the next antenna again. In the reverse link, the signal from the mobile is com-
bined to detect the output bits and the switch control bits. These switch control bits are
used to control the transmitting antennas at the base station. Because it is difficult to dis-
tinguish the power of the interference from the SOI, switched diversity has limited appli-

cations for interference rejection.
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Chapter 2

Previous Work in Blind Adaptive Arrays

Widrow et al. [Wid67] were the first to introduce an LMS adaptive antenna array.
They showed that the array can adapt to reject interference without the knowledge of the
interference and noise. After the pioneering work on blind equalization by Sato [Sat75],
blind equalization for one- and two-dimensional communication systems has become an
area of great interest for research and industry applications. Blind equalizers converge
without resofting to a known training sequence. For some blind equalizers phase recovery
is not necessary. A new self-recovering equalization algorithm was introduced by Godard
[God80] for application to phase and amplitude-modulated signals. Both blind adaptive
equalization and adaptive antennas continued to be developed in parallel for many years

"y . . .
before these signal processing operations were combined.

In the 1980’s, many blind adaptive algorithms were developed and eventually
applied to train adaptive arrays. The Constant Modulus Algorithm (CMA), introduced by
Treichler and Agee [Age83] in 1983 has become one of the most commonly applied blind
algorithms. They showed that this adaptive digital filtering algorithm can compensate for
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both frequency-selective multipath and interference on constant modulus signals. The first
application of CMA to arrays is attributed to Gooch and Lundell [Goo86]. The perfor-
mance of this algorithm for an FM signal with a tonal interference and for a QPSK data
signal with intersymbol interference was presented in this paper. They used the least mean
square (LMS) algorithm to train the weights of the FIR filter.

Thereafter extensive studies of this algorithm have been carried out. Treichler and
Larimore [Tre85a] analyzed the asymptotic convergence behavior of the weight vector
when the norm of the initial weight vector is very large. They also analyzed the conver-
gence behavior of the output modulus to investigate the tone capture effects [Tre85b]. In
addition, the abnormal phenomena in the CMA, such as the tone capture and noise capture
effects, were studied [Lar85a] [Lar85b]. Recently, Agee proposed a least-squares CMA to

improve the convergence speed, but his algorithm is computationally intensive [Age86].

Asa hew application, Ferrara proposed a CMA structure that can reject strong con-
stant envelope interference from a weak desired signal with known modulus [Fer85]. In
this application, the a priori knowledge of the absolute value of the transmitted signal
modulus is used. Also, to prevent the CMA from locking to an interference signal, the tap
weights of the interference-cancelling are constrained such that its filter weights be sym-
metric about the center weight with the unity constraint. More recently, Kammeyer et al.
modified the CMA in order to be used in a commercial FM stereo broadcasting system for
multipath echo cancellation [Kam87]. Recently, several researchers have tried to analyze
the performance of CMA. Chan and Shynk analyzed the stationary-point performance of
the CMA when the equalizer input signal is a zero-mean, real Gaussian signal [Cha90].
Bershad and Roy analyzed the performance of the 2-2 CMA for Rayleigh fading sinusoids
in Gaussian noise assuming Gaussian input signals [Ber90]. Takeo Ohgane [Tak91] ana-
lyzed the characteristics of the CMA adaptive array for frequency selective fading com-
pensation in digital land mobile radio communications. It was shown that there is great

improvement in BER by employing an adaptive array. The channel was modeled using
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two-ray model. It was also shown that the error rate is improved better when the delay dif-
ference between the two arriving waves is large. Takeo Ohgane et al. [Tak93] imple-
mented a CMA adaptive array for a high speed GMSK transmission in mobile
communications. They implemented a 4-element adaptive array based on the digital
beamforming concept to reduce the multipath fading effect in high-speed communica-

tions.

Gooch and Lundell [Goo86] were the first to apply the CMA to the adaptive array to
reject interference. Simulation results were presented showing the beampattern adapting
to the desired signal and placing nulls in the direction of the interferers. Capture analysis
was also presented in this paper. Performance of constant modulus adaptive filter for inter-
ference cancellation was analyzed by Kwon et al [Kwo092]. They investigated the opti-
mum weight vector that minimizes the performance index of the CMA which is defined as
the mean-square’ difference between the estimated and true modulus. The convergence
behavior of the squared output modulus and the performance index was analyzed in this

work.

Tugnait et al. [Tug93] came up with a way to improve the convergence of CMA
adaptive filters. They used higher-order statistics to estimate the channel and then compute
the channel inverse of a specified length to initialize a CMA equalizer. Kikuma et al.
[Kik91] used non-steepest descent algorithms (Marquardt method), in contrast to the con-
ventional steepest descent algorithms, to speed up the convergence. The fast covergence
of this algorithm makes it useful in a highly dynamic environment like the mobile chan-
nel. It was shown that the Marquardt method, a nonlinear least squares method, can reduce
the convergence time by a factor of 10 to 100 compared to the steepest descent method.
Agee [Age88] also examined the convergence behavior of the CMA arrays in Gaussian
interference environments. Simulation results of the performance of the least-squares
CMA (LSCMA) array for a mobile channel was presented by Agee et. al. [Age93]. Spatial

equalization without beamforming using the CMA for a mobile channel was analyzed by
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Sylvie [Syl93], the equalization was performed without temporal processing i.e., acting

upon a single snapshot.

Agee, Gardner and Schell [Age88] [Gar86] [Gar91] were the first to use the property
of cyclostationarity to help mitigate interference and fading in a mobile environment.
They presented three different adaptive processors least-squares SCORE, auto-SCORE
and cross-SCORE processors. Cross-SCORE performs better than the least-squares
SCORE, because of its ability to separate signals with same cyclic periodicities. Simula-
tion results show the superior performance of this algorithm in rejecting narrow band and
wideband interferers. Gardner et al. [Gar92] discussed the increase in the capacity of a cel-
lular radio by applying blind adaptive spatial filtering. Space/time/frequency division mul-
tiplexing access (STFDMA) was proposed in this paper and simulation results show that
the cell capacity is increased by a factor of 128 compared to FDMA. This system can
accommodate five times as many users as the proposed CDMA scheme using the same
bandwidth. Schell and Gardner [Gar93] analyzed the maximum likelihood and common
factor-analysis based adaptive spatial filtering for cyclostationary signals. They derived a
blind adaptive spatio-temporal filtering for unknown cyclostationary signals in noise in
two ways, one by maximizing a constrained conditional likelihood function and by solv-
ing a common factor analysis problem. It was shown that the specific choice of free con-
straint-parameters within the resulting beamformer structure yield the existing cross-
SCORE and cdnjugate cross-SCORE algorithms which blindly adapt an antenna array to

extract signals having specified cyclostationary properties from the interference and noise.

A new cost function for adaptive beamformers which uses cyclostationary signal
properties was developed by Castedo et al. [Cas93]. This new approach exploits the prop-
erty of higher order cyclostationarity to generate spectral lines by use of a particular class
of nonlinear transformations. They demonstrated that the beamformer can extract the
desired signal using only the information from the spectral lines. It was also shown that

the interferences can be eliminated even when they exhibit the same cyclostationary prop-
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erties as the desired signal.

Shamsunder [Sha93] proposed new bearing and range estimation algorithms which
uses cyclostationary of the underlying processes. Direction finding algorithms were pro-
posed for narrowband non-Gaussian signals by exploiting the higher order temporal prop-
erties of communication signals. Schell et al. [Sch93] presented a blind adaptive
spatiotemporal filtering for wide-band cyclostationary signals. Schell et al [Sch88] applied
SCORE algorithm and SCORE extensions to sorting in the rank-L spectral self-coherence
environment. This paper investigated the ability of the SCORE algorithm to separate
cyclostationary signals from a rank L spectral self-coherence environment where L signals
exhibit spectral self-coherence at the same value of frequency separation. It was shown
that the signals with spectral self-coherence at the same frequency separation can be sepa-
rated if their relative self-coherence strengths are different. Agee et al. [Age90] analyzed a
blind capture and geolocation of general spatially self-coherent waveforms using multi-
platform SCORE. This approach can simultaneously estimate the time difference-of-
arrival of multiple temporally-uncorrelated SOIs impinging on multiple receiver plat-
forms, and blindly separate those signals with maximum-attainable SINR at each plat-

form.

Decision-directed algorithms was also investigated by many in the 1980’s. Gooch
and Sublett [Goo88] described joint spatial and temporal equalization using a decision
directed adaptive algorithm. They presented two methods for jointly optimizing the
weights of a single-weight per channel adaptive diversity combiner followed by a frac-
tionally-spaced equalizer and showed that this system can reject multipath distortion and
co-channel interference for a variety of digital communication system. “Stop and Go”
decision directed algorithm for blind equalization and carrier recovery was presented by
Picchi and Pratti [Pic87]. They showed that the standard decision-directed estimated gra-
dient adaptation algorithm for joint MSE equalization and carrier recovery, normally uti-

lized in the open-eye condition, can be used for closed-eye start-up condition with no need
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of a training sequence. They used a simple flag to tell the synchronizer and the equalizer
whether the current output error with respect to the decided symbol is sufficiently reliable
to be used.

Switched diversity is another blind adaptive technique which switches the antennas
depending on the signal strength. Winters discussed the performance of the switched
diversity mefhod with feedback applied to DPSK mobile radio systems. Bit error perfor-
mance of this array as a function of threshold was presented in this paper [Win83]
[Win84]. Methods have been proposed to combine adaptive equalization and diversity to
the mobile channel problem. Falconer et al. [Fal90] demonstrated the feasibility of a digi-
tal cellular radio system which employs a jointly adaptive decision-feedback equalizer and

diversity combiner.

Kailath et al. [Kai93] showed the performance of adaptive arrays for CDMA sys-
tems in a multipath environment. Recently Liberti and Rappaport [Lib94] have presented
analytical results for capacity improvements in CDMA. Performance improvement pro-
vided by adaptive arrays for IS-54 standard signals have been shown by Winters [Win93]
[Win94].
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