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PREFACE

This thesis deals with theoretical studies on the adaptive arrays
toward their wider applications. The efficient utilization of frequency
spectrum is one of the recent important topics in the field of
communication. From this viewpoint, the receiving systems are required to
reject the unwanted waves in.a complicated radio environment. Passive
countermeasure such as shielding .or uniformly low sidelobes has been
conventionally used against the interference. While the strength, angle
of arrival and other parameters of the interference are mnot known ‘a
priori, such an approach must prepare for all possibilities, which may
lead to unnecessary redundant, expensive system. On the other hand, an
adaptive array is an "active" system that suppresses the unwanted signal
while maintaining the desired signal. We strongly propose applications of
the adaptive array, In future, it is ekpected that the adaptive array is
also applied to ease the problem of site selection of the earth station
for . satellite communication in the area of crowded terrestrial
communicationvnetwork.

So far the characteristics of the adaptive arrays have been
investigated in detail, but the further investigations remain which will
make the adaptive arrays applicable to the conditions under which the
conventional algorithms have not functioned well. The subjects of our
étudy toward wider applications of adaptive arrays are as follows:

(1) realization of an adaptive %rray with phase-only control for the
convenience of hardware implementation.

(2) enhancement of adaptability under the effect of coherent
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interference.

(3) remedy for degradation of performance in the presence of setting error
in the constraint conditions.

(4) improvement toward broadband adaptation (where the desired signél and
interferences are broadband signals).

(5) pursuit of the optimum initial values in the optimization algorithms
based on the steepest gradient method.

After survey of the previous works on the adaptive arrays, the concept
of the adaptive array with the directional constraints is described at
first. Afterward, the above subjects are examined individually in detail.
Theoretical and numerical analyses give the good understanding on the
devised and improved adaptive array system in each subject, which will

enable the future prospect of the adaptive arrays to be mﬁch brighter.
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CHAPTER 1

GENERAL INTRODUCTION

Recently, an increase of amounts of communication has complicated - the
radio environments, so interference among communications is becoming a
serious problem. Accordingly, it 1is expected that improvement of
characteristics of antennas which play important roles in transmitting and
receiving informative electromagnetic waves will contribute to effective
and efficient utilization of frequencies. For the transmitters, the
antennas are desired which intensively radiate waves toward the receivers
while not emitting them to the unnecessary directions. For the receivers,
on the other hand, the antennas are expected to extract only the desired
wave from noisy radio environments, and hence applications of a nature of
the antenna as a spatial filter (selection of incident waves based on
directivity Qf antennas) is given much attention as significant means.

As far as . the receiving antennas are concerned, they have been
designed to increase the gain of mainbeam while preserving the whole
sidelobe levels to be uniformly low for the case of no knowledge .on the
interfering waves. For this purpose, signal reception using an antenna
array has long been an attractive solution. It is because an antenna
array has many advantages over a single antenna in terms of the mainbeam
direction, beamwidth, sidelobe level and pattern null directions, which
can be easily controlled by choosing the phase and amplitude of electrical
excitation of each element antenna. As the representative pattern-
synthesized.arrays, the Dolph-Chebyshev array[1], Taylor array[2] (which

is more applicable for continuous distributions) and so on, are well



known.

If the incident directions of interferences are fixed, deterministic
design procedures as mentioned above can be applicable to reject
interferences by steering nulls toward them. In general, however, the
incident directions and the time of occurrence of interferences may be
undeterministic. Therefore, the conventional procedure for array design
fails to reject interferences selectively and must prepare for -all
possibilities. ‘For the purpose, it requires a large number of antenna
elements on the large aperture and hence is inefficient for the more
realistic case where the interferences impinge from specific directions.

- It is the adaptive antenna arrays that have appeared as the systems
more flexibly coping with this problem. The term, "adaptive", is used to
describe the ability of a system to change its characteristics in
accordance with the condition, especially radio environments under which
it is operating. 'Adaptive arrays are composed of antennas that detect the
signals of interest and -a real-time adaptive signal processor which
automatically adjusts the array pattern so that a measure of quality of
the array performance is improved. In addition, the advent of highly
compact, inexpensive and speedy digital computers has now made it possible
to exploit well-known results from statistical detection and estimation
theory and from control theory to develop  adaptive ‘array systems.
Adaptive arrays require the a priori knowledge on the characteristics of
the desired signal. Using this knowledge, the adaptive arrays distinguish
the desired signal from the unwanted interferences and noise, and extract
only the desired signal from the noisy radio environments.

So far the detailed characteristics of the adaptive arrays have been
clarified, but the further investigations remain with us so that the

adaptive arrays may become applicable to the conditions under which they



have not functioned well as yet. In this thesis, we proceed to studies on
the adaptive arrays toward their wider applications.

In Chapter 2, we first make survey of the previous works on the
adaptive arrays and grasp the transition of them systematically.

In Chapter 3, we introduce the adaptive array under the directional
constraints that will be adopted throughout this thesis and present
derivation of the optimum weights and the algorithms for controlling the
weights. Our method of analysis makes use of the well-known Lagrange
multipliers. As for the optimization algorithms, the asymptotic and
iterative algorithm based on the steepest gradient method and the direct
calculation algorithm by sampled matrix inversion. .are presented.
Numerical examples are also shown..

In.Chapter 4, an adaptive antenna array system with phase-only control
and under the principle of directionally constrained minimization of power
(DCMP) is discussed. A new penalty function is introduced for the system
in order to take into consideration the protection of the desired signal
while minimizing the unwanted interference and/or noise. Because of the
analytical limitation, computer simulation experiments -are extensively
carried out. The constraint coefficient that is the most important factor
of the penalty function is especially investigated, and the optimum choice
is given. It is also shown that the theoretical consideration leads to
the same value. Finally, the quantization of phase-shifters is
attemﬁted.

In Chapter 5, the adaptive array under the directionally constrained
minimization of power (DCMP) algorithm is improved by injecting a 'pseudo
noise." It is effective to protect the desired signal from cancellation or
distortion in such cases _as; (1) where a cocherent interference is

incident, or (2) where the desired signal direction for the constraint



contains some pointing error, or (3) when the desired signal is
broadbanded. The optimum amdunt of pseudo noise to-be injected is also
discussed and its formula is given. We name this system '"tamed adaptive
antenna array" since its killing capability is somewhat moderated so as
not to hurt the desired signal. Next, extending the problem of pointing
error, we study the effects of general setting errors in the constraint
conditions. 1In practice, if this setting contains some error, the desired
signal will be taken for the unwanted one and hence become a target of
suppression. To prevent this malfunction, we employ the tamed adaptive
array again and demonstrate its effectiveness against such imperfect
constraint. We consider two examples that cause such effects, i.e., the
mutual coupling and random input errors.

Chapter 6 deals with a technique which enables the adaptive array to
suppress the coherent interferences. The conventional adaptive arrays
which work under the guiding principles of output minimization have
difficulties: If the interference is coherent with the desired signal such
as in a multipath environment, the system tends to cancel the desired
signal by using the coherent interference, which is also discussed on the
directionally constrained minimization of power (DCMP) adaptive array in
Chapter 5. In the new technique, the array is divided into sub-arrays,
whose input correlation matrices are adaptively averaged so as to produce
a Toeplitz matrix which would be obtained when the interference did not
correlate with the desired signal. The averaged matrix is now free from
correlation terms between the desired signal and interference, and
- therefore may be used to derive the optimum weight for the array element
just as in the ordinary radio environment of incoherent interference.
Althouéh this technique can be applied to any adaptive arrays, the

demonstration is made in the DCMP system. Theoretical analysis and



numerical examples show how highly the adaptive array with this new
technique is capable to suppress the coherent and  incoherent
interferences. Next, this technique is coupled with the sampled matrix
inversion (SMI) algorithm and the transient performance is observed by the
computer simulation.

Chapter 7 is devoted to introducing an alternative principle of power
minimization under a correlation constraint. Unlike the conventional
directional constraints, this new principle sets the constraint condition
on the cross correlation value between the input desired signal and its
array output. This principle is applied to reception of the broadband
desired signal and to countermeasure against the pointing error that is a
problem peculiar to the conventional directional_ constraints. Numerical
results show the performance of the adaptive array with this new
principle.

In Chapter 8, the effect of initial weight values on the transient
characteristics is investigated on three kinds of adaptive arrays under
different principles, i.e., the directionally constrained minimization of
power (DCMP), the least mean square (LMS) and the maximum signal-to-noise
ratio (MSN). Analysis and computer simulation demonstrate how the
convergence rate is affected by the initial setting. Afterward, the best
choice of the initial value is discussed.

In Chapter 9, spmmary and conclusions are described to declare the

various performances of the adaptive array systems of our interest.



CHAPTER 2

A SURVEY OF THE PREVIOUS WORKS ON THE ADAPTIVE ARRAYS

chording to "IEEE standard definitions of terms for antennas" in
Ref.[3], édaptive arrays are defined as "a system having circuit elements
associated with its radiating elements such that some of the antenna
properties are Eontroiled by the received signal." Adaptive arrays derive
from the fieids where wave motions are treated, such as retrodirective or
self-phasing arréys[4]:[5]; sidelobe cancellerS[G], adaptive filters
[71,[8], acoustic or sonar arrays[lO],[llj, and seismometers[12],[13].
The functions of £he adaptive arrays are classified into adaptive
beamforming and adaptive null steering according to their purposes[14].
Adaptive beamforming is to automatically steer the mainbeam of the array
to the direction of the object, which is also called auto-focusing.
Adépfive‘null steering, on the other hand, is to produce the pattern nulls
in the directions of unwanted waves. Recently, most researches on the
adaptive arrays.canentratelon the latter subject.

" The first system of adaptive null stéering is a sidelobe canceller
proposed by Howells[6]. This system consists of a main, high gain antenna
and several auxiliary antennas as shown in Fig.2.l. ‘The auxiliary antenna
gains are normally desigﬁed to be comparablé with the sidelobe level of
the main antenna gain pattern, and the amount of desired target signal
received by the auxiliaries is negligible compared with the desired signal
in the main antenna. Thé purpose of the auxiliary antennas is to provide
independent replicas of interferences in the sidelobes of the main pattern

for their cancellation. Thus, this system can create the nulls to the



Desired Signal

Jamming
Signals

Q

1 2 3 K

® e
Main (? ° ,
Channel Vvl Auxiliary

: v : Channels
W,
Wo
We
s e o
=

Output

wozfixed weight .

wl,..,wK:adjustable weights

Fig.2.1 Structure of sidelobe canceller.



directions of the interferences in the synthetic pattern.

As understood from performance of the sidelobe canceller, the most
significant function of adaptive null steering is to flexibly control the
amplitudes and phases of the interferences in the individual array
elements and synthesize those channel outputs so that the interferences
may be cancelled at the array output. Therefore, tapped-delay-line
(transversal) filters with variable gain amplifiers associated with each
element are generally used to achieve cancellation of the interferences,
which is shown in Fig.2.2. This system composes the combined filter in
spatial and time domain by connecting the filters with the array. In
narrowband applications, a phase shifter and an amplifier with variable
gain can be employed in place of a tapped—delay-line filter.

In the adaptive array systems, the épriofi(knowledge on the desired
signal, i.e., the center frequency, inci&ent direction, modulation method
and so on, are effectively utilized for extracting the actual desired
signal from noisy radio environments. Learning the informatiQn on the
radio environments, the adaptive array systems change their spatial and
frequency characteristics to match the environments. Therefore, they do
not require in advance the knowledge about the conditions of unwanted
noises (interferences and isotropic noise). For adaptation, various
criteria have been proposed. Among them are
(1) maximum signal-to-noise ratio (MSN),

(2) least mean square error (LMS),
(3) maximum likelihood ratio (MLR),
(4) constrained minimization of power (CMP),
and so on.
Adaptive nulling based on the MSN criterion was developed for an

intermediate frequency (IF) radar sidelobe canceller as represented by the
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patent of Howells[6]. Applebaum analyzed this approach and established
the control-law theory governing the operation of an adaptive control loop
for each array element[15]. The Applebaum algorithm maximizes the output
signal-to-noise ratio (SNR) with the assumptions that the desired signal
is absent most of the time and the direction of arrival of the desired
signal is known. Therefore, this algorithm is frequently applied to the
fields of pulsed radar or sonar systems where the desired signal is
negligiblé compared with the jamming signals, and in practice the noise
correlation matrix required for processing is approiiﬁated by the received
signals at eaﬁh element. His scheme is shown in Fig.2.3. The control law
can be approximated by the actual implementations only if the feedback
loop gain is sufficiéntly high. As he pointed out, however, instabilities
in feedback 1éops may occur if the loop gains are allowed to become
excessive. Furthermore, Brennan and Reed developed this MSN algorithm as
an adaptive radar[16], and they presented the effects of control loops
noise on the performance of the MSN adaptive array, i.e., the degradation
of the output signal-to-noise ratio[17]. They derived the expressions for
the first and the second order loops. For reducing the effects of control
loop noise, they introduced the concept of hard limiting in the control
loops and demonstrated the effectiveness of this technique[18].

_Array signal processing scheme based on the least mean square error
(LMS) criterion was developed for the adaptive filter presented by Widrow
et al.[8]. They applied this concept to the adaptive arrays and
established the LMS algorithm for the adaptive array[9]. Fig.2.4 shows
the LMS adaptive array system. This adaptive algorithm adjusts the
weights to minimize the error between the reference signal and the array
output. It is performed either by the digital feedback control based on a

steepest gradient method or by the analogue feedback control. With those



1 k Array Elements K
x e e x )( x . . .

fat ;"’/’,,Same for each element

S—
\\\ L] L)
| AT .

Linear ADDER

Output

*

t, :steering signal, u

K :input signal,

k

Wk:welght

Fig.2.3 Weight control scheme of Howells-Applebaum (MSN) adaptive
array.



WEIGHT

INPUT
w
1
xl(t):> ng
w
1 v2
xz(t)\ ) ) g"
4 W
o o
o [+
[+
o w
K
X (t)r\
kY )
AUTOMATIC CIRCUITS
FOR WEIGHT
ADJUSTMENT

€(t)
e
ERROR

Fig.2.4 Weight control scheme of least mean
array.

- 12 -

Y(t)
L )} 7o)
OUTPUT

SIGNAL +

d(t)

DESIRED
RESPONSE

square (LMS) adaptive



controls, the weights converge asymptotically to their optimum condition.

The LMS algorithm has a merit of carrying out the adaptive null steering
and adaptive beamforming at the same time, namely, it can automatically
track the desired signal while also nulling interferences. On the other
hand, there is a contradiction that the desired signal itself is required
for the best reference signal. In practice, artificially generated
(pilot) signal which is also known to the receiver is transmitted with the
desired signal and used as a reference signal in the IMS array system,
thus the minimization of the error between the array output and the
reference signal causes pattern nulls in the directions of interferences.

For the case of the amplitude modulated (AM) signal, its carrier is
frequently used as a reference signal, but it was reported in Ref.[19]
that the gain of the beamforming is degraded according to the degree of
modulation. To make matters worse, it was shown in Ref.[19] that the LMS
algorithm is unable to be applied to the other modulation methods such as
frequency'modulation (FM). Griffiths pointed out the limitation of the
above methods with the reference signal, i.e., the fact that the presence
of the actual desired signal in adaptation processing may cause a bias of
weights from their optimum solution[20]. He proposed the alternative
adaptive algorithm for LMS processing using the estimated correlation
vector between the received signals at each channel and the reference
signal. Estimation of the correlation vector requires the apriori
knowledge on the spectral density and the incident direction of the
desired signal. Thus, although his method cannot carry out the adaptive
beamforming, it may be effective for real-time processing if  the
estimations could be performed easily. Chang and Tuteur also proposed the
adaptive algorithm based on the LMS method which resembles Griffiths'

concept[21}. It is evident that these alternative algorithms are similar



to the MSN algorithm with the steering vector. Zahm, however, pointed out
that it results in the large amount  of deteriorations in  output
signal-to-noise ratio if the estimation of the incident direction of the
desired signal includes some errors[22].

In the field of seismology, Capon et al. proposed the procedures for
designing the maximum-likelihood estimator in time domain and frequency
domain[23]. Their method is, however, so used for the seismometers'
records that off-line processing may be significant. Lacoss presented the
adaptive algorithm based on the minimum-variance estimate which converges
to the maximum-likelihood estimator[13]. This algorithm is designed for
minimizing the system output power subject to a constraint by a steepest
gradient method. He also proposed the clipped gradient method for
reducing the influences of significantly anomalous data on the weights of
processor., His method required the occurrence of the same waveform of the
desired signal at the same time at each element, thus spatial correction
filter which compensates the misalignment between the wavefront and the
array geometry. was indispensable. This method resembles the hard limiting
in the MSN system. The above described methods made the real-time
processing of the MLR possible. The MLR algorithm is very similar to the
algorithm based on the constrained minimization of power (CMP) which is
mentioned later.

Griffiths also proposed the adaptive algorithm based on the maximum
likelihood ratio (MLR) criterion and the maximum signal-to-noise ratio
(MSN) criterion[24]. The algorithm for achieving the MLR processor is
derived based on the fact that under the high signal-to-noise ratio
environment, the LMS processor may tend to the MLR processor. Thus, the
high power pilot signal was used for adaptation. The algorithm for

achieving the MSN processor also uses the steepest gradient method in the



following manner. At first, negative gradient direction of the
performance measure (the output power in this case) with respect to the
weights may be chosen. Then, the gradient components which minimize the
desired signal may be estimated and be subtracted from the gradient to
which the output power may be reduced. Detailed analysis for MSN
processor was not performed because of the complexity due to the
nonlinearity of the problem.. Computer simulatjons were carried out to
compare the performances of the systems obtained by the LMS, MLR and MSN
algorithms. These results showed that the MSN algorithm gives the higher
output signal-to-noise ratio than the LMS and MLR algorithm, however, the
frequency characteristics is poorer than the others.

Applebaum introduced the MSN adaptive array with the constraint of
mainbeam to prevent the above degradation of frequency characteristics to
the desired signal[25]. Booker and Ong discussed the adaptive method for
processing the seismometer array data subject to constraints[26]. The
examples of some constraint conditions were expressed and analyzed. They
suggested the possibility of the constraint condition which utilizes the
information on the expected incident direction of the desired signal,
Thus, some constraint conditions of the desired signal had been given much
attention.

Frost summarized and analyzed in detail the IMS method subject _to
constraints and considered some applications of this method[27]. He
presented the new constraint condition which designates the frequency
characteristics of the system in digital filter form in the broadside
direction to which the mainbeam is steered by a spatial correction filter.
It is often called '"fidelity constraint"[28]. He also presented the
method to prevent the accumulation of errors in the iterative application

of algorithm due to the truncation or quantization in digital computer.



Furthermore, Frost proposed a method of minimizing the output power under
the linear constraint condition and established the CMP (constrained
minimization of power) criterion[29]. Takao et al. paid attention to the
redundancy of the spatial correction filter, and proposed the principle of
directionally constrained minimization of power (DCMP) which incorporates
the directional information into the constraint condition without the
spatial correction filter[30]. Since the characteristics of the system
with the DCMP are determined only by the weights, it is more flexible and
feasible toward wider applications.

As shown aone, various types of adaptive arrays have been developed
by many researchers. As the algorithms for real-time processing, the
digital or analogue feedback control based on the steepest gradient method
is mainly adopted. Zahm presented the analytical method for evaluating
the dynamic behavior of the LMS adaptive array based on the feedback
control when exposed to the actual environment[31]. He showed that the
time constant of decrease of the output interference power depends on its
input power. Later, Reed proposed the direct calculation of the optimum
weights with the estimated dinput correlation by the sampled input
data[32]. It is a so-called sampled matrix inversion (SMI) algorithm.
Although the SMI algorithm depends on accuracy of estimation of the input
correlation matrix, the convergence to the optimum condition is not
affected by the radio environments and hence rapid optimization can be
attained compared with the gradient method.

In 1964, ﬁhe first "special issue on active and adaptive antennas" was
published by IEEE Transactions on Antennas and Propagation. At that time,
it was a fledgling field and characterized by retrodirective and
self-steering or self-focusing array systems. These were largely based on

phase-lock loop and phase-conjugate network schemes. In 1970's, further



investigation was performed, leading to the second publication of "special
issue on adaptive antennas" by the same IEEE Transactions in 1976. It
included the adaptive interference nulling as the key capability. The
passage of another decade brought us to the third special issue in the
series on adaptive antennas in 1986. Just as the second special issue
differed markedly from the first, so the third issue differs markedly from
the second due to inélusion 6} “the key capability for high-resolution
spatial spectrum estimation. Another marked difference between the third
issue and the second is the scope and level of research and development
activity. 1In the third issue, four major groupings were chosen: (a)
spatial spectrum estimation; (b) adaptive look-direction constraints; (c)
adaptive algorithms/techniques; (d) applications oriented contributioﬁs.
Also, recently, some authors have paid attention to the adaptive array for
multipath environments where coherent interferences exist. In the
following, the outlines of recent studies on the adaptive arrays and their
applications are given.

The high resolution algorithms for direction finding of incident
signals have been developed by Pisarenko[33], Ligget[34], Owsley[35],
Schmidt{36],[37), Reddi[38], Bienvenu and Kopp[39], Johnson l éﬁd
Degraff[40], and Wax et al.[41]. These algorithms adopt  the
eigenstructure technique and yield asymptotically wunbiased estimateé.
Among them, Schmidt presented much-referenced MUSIC (multiple signal
classification) algorithm, which provides estimates of number ofv signals,
directions of arrival, and so on[36],[37]. He showed the examples. and
comparisons with methods based on maximum 1likelihood (ML) and maximﬁm
entropy (ME), as well as conventional beamforming. Gabriel also presented
the method of direction finding using spectral estimation techniques in

adaptive processing antenna systems[42]. Haber and Zoltowski addressed



the investigation of spatial spectrum estimation in a coherent multiple
signal environment, utilizing an array in motion[43].

For constraining the broadband desired signal, >Er and Cantoni
introduced the directional derivatives constraints[44]. They demonstrated
the effects of introducing derivative constraints to the optimum processor
by computer studies. Further, they concluded that the beamwidth in the
look direction can be made as broad as desired at the price of reducing
array gain. Buckley and Griffiths extended the works of Er and Cantoni,
and they presented an adaptive broadband structure which employed a
gradient-based weight adjustment algorithm to minimize output variance
subject to a set of linear constraints on  broadband directional
derivatives in the desired look direction[45]. They employed a
generalized sidelobe cancelling structure in which a nonadaptive
(conventional) beamformer operates in parallel with an adaptive
beamformer[25],[46]. By computer studies using unconstrained power
minimization algorithm, they demonstrated effectiveness of their system
and pointed out dependence of the system on the 1location of the phase
reference point for the array. In addition, they developed an efficient
orthogonal representation for impinging broadband sources and used it to
specify a minimal set of constraint equations for the beamformer[47].
Takao and Ishizaki carried out comparison of three broadband techniques,
namely, derivative constraints, multiple constraints, and a correlation
constraint[48],[49], and clarified their respective characteristics. Er
and Cantoni also presented a new set of linear constraints for designing
broadband time domain element-space array processors. The set of linear
constraints were used to ensure that the desired response of the processor
over a frequency band of interest in a specified look direction could be

approximated. This approach enabled the adaptive array system to achieve



the much-desired robustness against presteering vector error, and also
other types of errors and mismatches{50].

The earliest prior work on the problem of signal cancellation due to
coherence is that of Gabriel[51] and Widrow[52], who discussed some
"spatial dither" techniques for destroying coherence by moving the antenna
elements in some way. However, this techniques are not very specific and
do not provide a clear general procedure. Therefore, additional research
was necessary. |

Shan and Kailath developed an adaptive array beamformer able to work
well even when the desired signal and the interference are coherent, which
is based on the uniform spatial smoothing technique[53],[54]. The spatial
smoothing was originally suggested by Evans et al.[55] to resolve coherent
sources. However, as we point out later, this technique has an .essential
limitation of suppressing coherent interferences. Similar to Evans et
al., Shan and‘Kailath also applied their scheme to direction finding of
coherent sources in conjunction with eigenstructure techniques[56],[57]
and showed high resolution of the technique by simulation studies. Su,
Shan and Widrow addressed this difficult coherent sources problem and
presented a parallel spatial processing structure which results in a
spatially smoothed maximum-likelihood estimate[58].

Duvall proposed the beamformer structures that separate the desired
signal and the coherent interference through subtractive preprocessor in
the adaptive beamformer[52], which makes use of two beamformers, i.e.,
master (Frost) beamformer and slaved beamformer as shown in Fig.2.5. This
beamformer was named '"Duvall beamformer". Komiyama and Takao also
independently presented the same beamformer structure[59]. Citron and
Kailath presented a new eigenvector technique with Duvall beamformer and

demonstrated its robustness against the background noise[60]. However, as
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pointed out by Luthra, this Duvall beamformer is unable to null more than
one coherent interference[6l]. In Ref.[61], Luthra presented an
alternative technique that does not require the spatial smoothing and is
capable of nulling coherent or incoherent interferences while maintaining
a fixed gain in the look direction. The architecture of this approach is
similar to the Duvall beamformer, except instead of using the Frost
beamformer in the master array, his original beamformer is introduced that
calculates the array weights such that nulls are guaranteed in the
directions of the interferences.

Surveying the studies summarized briefly in this chapter, we will
employ mainly the adaptive array under the DCMP (directionally constrained
minimization of power) principle. In the following chapters, we will
present the detailed analysis and improvement on this DCMP system and some
numerical results with digital computer for demonstrating the performance

of this system.



CHAPTER 3

ADAPTIVE ARRAY UNDER DIRECTIONAL CONSTRAINTS

3.1 Introduction

In this chapter, we pay attention to the adaptive array which operates
under the principle of the directionally constrained minimization of power
(DCMP). First, we describe the general configuration of the adaptive
array system and present the definition and notation of controllable
system parameters and signals in Section 3.2. In Section 3.3, we explain
the constraint condition for the DCMP principle and give the optimum
solution which can be derived by solving the constrained minimization
problem withbthe method of the Lagrange multipliers. >Section 3.4 is
devoted to the description of two representative algorithms for sampling
control system by which we can obtain the optimum solution in actual radio
environments. In Section 3.5, we analyze the optimum performance of the
adaptive array and show it numerically for the simple case where the

narrowband signals are incident on the array.
3.2 Description of the Concept

3.2.1 Receiving System of an Array and Processor

Prior to the main discussion on the adaptive array, descriptions of
the receiving system are in order here. Fig.3.1 shows a general
configuration of a K-element, L-tap adaptive array with transversal

filters. In this figure, the adaptive processor is not depicted for
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simplicity. The time delay between the adjacent taps, T, is equal to one
quarter of the period of the center frequency of the desired signal, f,
i.e., 1=1/(4f,). Tﬁus, the‘phase of the signal at this frequency is made
to lag through the time delay by the amount of m/2, so that delayed and
undelayed signal are orthogonal to each othg;. The wp's(p;i; 2,.., KL)
represent the variable weights‘whiéh are usually positive or negative
gains of ‘the amplifiers attached to each tap point. All the weights are
real. For convenience of the following formulations, we adopt vectorial
expression, and denote the weights in the form of column vector as

L R v LI | (3.1)
where the superscript T means thé‘transpose. Hereafter, we will call W
the weight vector. On the other hand, the xp's(p=1, 2,.., KL) in Fig.3.1
represent the input signals at the tap point and they are connected to the
corresponding weights. According to the same manner as the weights, we
express the input signals in a vectorial form as follows:

X =[xy %y «eey 317 | (3.2)
which will be called the input vector hereafter. Thus, the output of the
array, y, can be given in the form of a scalar product of X and W as

y = XIw = wix - ‘ (3.3)
The above descriptions are independent.of the arrangement of the antenna

elements so that we do not refer to the antenna array itself.

3.2.2 Models of Signals

In general, the input vector X consists of the desired signal and
undesired noise. Besides, the undesired noise includes three kinds of
components; (a) the coherent interference, (b) the incohe:ent
interference, (c) the internal (thermal) noise. For simplicity, we will

call the waves of (a) and (b), c-interference and i-interference,



respectively, in this thesis. The c-interference has the same source as
the desired signal, but arrives through a different path, which is usually
seen in multipath propagation. The i-interference, e.g., jammer, is
uncorrelated with the desired signal. The internal (thermal) noise which
appears at each tap with the equal average power. It is independent not
only of the external waves but also of each other at different taps. We
denote the input components of the desired signal, the c-interference, the
i-interference and the internal noise at the p-th tap point as Sps Cps ip

and np, respectively, and vector forms are again adopted for them as

follows:
S = [sy, 59, «uv, SKL]T (3.4)
C = [cl, Cos vres CKL]T ' (3.5)
I=[iy, ig, veu, dgg]T ©(3.6)
N = [nl, Ny, «eu, “KL]T (3.7)

Thus, eq.(3.2) can also be expressed as
X=S+C+I+N. (3.8)
Here, we introduce various input parameters such as SNR(signal-to-
noise ratio), SIR(signal-to-interference ratio) and CSR(coherent—to—sighal
power ratio) which are defined by the following:

(1) Input SNR is the power ratio of the input desired signal to the
internal noise both of which are defined at each’fap.

(2) Input SIR is the power ratio of the input desired signal to the i-
interference both of which are defined in terms of the wave field.

(3) Input CSR (denoted by r) is the power ratio of the c-interference to
the desired signal both of which are defined in terms of the wave
field.

Next, we treat the input signals statistically. The correlation

matrix of the input signals at tap points is defined as follows:
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Ryyx = E[XXT] (3.9)
where E[ ] denotes the expectation. Under the assumption of ergodicity,
the correlation matrix is normally estimated by temporal averaging. It is
to be noted that Ry, is a KL-dimensional symmetric matrix, which can be
easily proved by the direct application of transpose operation on
eq.(3.9). Under consideration of the correlation between the input

signals, we obtain the following equation using eq's.(3.8) and (3.9):

Ryx = Rgg + Rjji + PpU (3.10)
where

Rgq = E[(S+C)(S+C)T] (3.11)

Rjj = E[IIT] (3.12)

P, = E[npz] (p=1, 2,..., KL) ' (3.13)

where Rqq is a correlation matrix of both the desired signal and the
c-interference, Rjj is a correlation matrix of the i-interference, Pp is
the input power of the internal noise at each tap, and U is the identity
matrix. Rgq and Ry are positive semidefinite and P, is positive (i.e.,
P,U is positive definite). Therefore, Ryyx is positive definite as well as

symmetric.

3.3 Constraint Condition and Optimum Solution

We introduce DCMP (Directionally Constrained Minimization of Power)
approach[30]. The system tries to minimize the output power under the
constraint that it must maintain a constant response to the dincoming
signal from a specified direction at a certain frequency. The general
form of linear constraint with regard to the weights may be expressed as
follows:

Cqw = H (3.14)
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where Cyq is a [KLXN] matrix called the constraint matrix provided N is the
number of constraints, and H is a N-th order column vector called the
constrained response vector.

Now, we will derive the simplest constraint. Suppose a K-element,
L-tap array receives a CW signal with the unit amplitude, the arrival
angle 64 and frequency fq. Then, its array output, yd, 1s expressed as

follows:

K

L
L L wy(q-1)Kk" (1/VL)cos{ 2mE gt +¥yq(84)) (3.15)

Y4 521 g=1

where qu(ed) represents the phase of the signal at the k-th element, g-th
tap with respect to the reference point, and multiplication of 1/¥L means
that the input signal at each channel is divided by the passive and
lossless power-divider and supplied ﬁo each tap. In this system, Yrq(8q)
has the following relationship:

qu(ed) = ¥11(8q) - (2m)(q-1)  (k=1,..,K;q=1,..,L) (3.16)
Particularly, with the linear array, qu(Bd) is expressed as

qu(ﬁd) = - (2mdy/A) sin 84 - (2m1)(q-1) (k=1,..,K;q=1,..,L) (3.17)
where A is the wavelength, and dy 1is the distance(either positive or
negative) measured from the reference point which is defined in the
coordinates shown by Fig.3.2. Here, we will constrain this signal so that
its array output may have the following waveform:

¥4 = A cos(2mE4t+E) (3.18)
where A and & are the amplitude and phase of thé’ specified response,
respectively. Therefore, 63 and fq will be called the constrained
direction and constrained frequency, respectively. Identifying eq.(3.15)

with eq.(3.18), we obtain the following two equations:

K L

W qglwk+(q_1)K~(1//E)cos{wkq(ed)} = A cos & (3.19)



K L
L qzlwk+(q_1)K~(1//E)Sin{qu(6d)} = A sin & (3.20)

Thus, we can express eq's.(3.19) and (3.20) in the form given by eq.(3.14)

and Cq and H in this case are given as follows:
cos{¥171(8q)} sin{¥11(64)}
cos{¥21(84)} sin{¥21(6g)}

Cq = (A/VL) | cos{¥k1(8q)} sin{¥k1(8g)} (3.21)
cos{¥12(84)} sin{¥32(64)}

_cos{WKL(Gd)} sin{WKL(Gd)}_

H=[A cos &, A sin g]T (3.22)
As seen from the above two equations, the number of the constraints is 2
(N=2) for the simplest constraint condition. We will call the constraint
condition given by eq's.(3.21) and (3.22) "the single constraint.”" For
simplicity, we set A=1, and £=0 throughout this paper. In addition, we
can set the constraints for multiple 684's and fg's by using the same
straightforward manner and extending the column of Cq and correspondingly
the row of H.
The total output power of the array system, Pg,¢, is given by
Pout = E[y2?] = WIR,,W (3.23)
Pout is a quadratic form with respect to W. Since Ry, is positive
definite as stated previously, P,,+ grows up when every term of W
increases.
Now, the problem is to find W which minimizes the output power subject
to the given constraint condition and the formulation is given below:
min (Poyt = WIR, W) (3.24)
subject to C4IW = H (3.25)

Constrained minimization problem can be solved by the well-known method of
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Lagrange multipliers. The following analysis is after Frost[27],[29].
The cost function Q(W) is defined as follows by introducing N-th order
column vector consisting of undetermined Lagrange multipliers, A:

1

QW) = — WIR, W + AT(C4TW - H) (3.26)

where coefficient 1/2 is introduced for mathematical simplicity.
Eq.(3.26) is a quadratic function of W with positive definite matrix
coefficient so that it has a unique minimum. Therefore, taking the
gradient of Q(W) with respect to W and equating the result to zero, we can
obtain the optimum solution. That is,

VWQ(W) = RyyW+ C4A = 0 (3.27)
and thus the optimum weight vector, wopt’ can be written as follows:

Wopt = = Ry 1C4A (3.28)
where Ryy,~l evidently exists since Ryx is positive definite. Next, we
must determine the expression of A in terms of the previously defined
vectors and matrices. Considering that the optimum weight vector must
also satisfy the constraint coﬁdition given by eq.(3.14), we obtain the
following equation by substituting eq.(3.28) into eq.(3.14): |

CqTWopt = = CqTRyy~1C4A = H (3.29)
Solving eq.(3.29) with respect to A, we can determine the Lagrange
multipliers vector thch is written as follows:

A = - (CqTRyy1Cy)-1H (3.30)
The existence of (CdTRXX“lCd)‘} can be proved easily because Ry, is
positive definite and Cq has full rank. Thus, substituting eq.(3.30) into
eq.(3.28) gives the expression of Wopt as follows:

Wopt = Ryx 1C4(CqTRyy~1C4)~1H (3.31)

Here, we will investigate the DCMP principle furthFr. The output power

Pout consists of the desired signal component (including c-interference),
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i-interference component and internal noise component. Denoting these

components by Pd ., Pi .. and PO, we have

Pd ¢ = WIRgqW (3.32)
Pi e = WIRj;W (3.33)
Po ¢ = P WIW (3.34)

We can interpret geometrically that the optimum point minimizing Q(W)
exists on the N-dimensional hyperplane given by

z={w]cTw=1H)} (3.35)
which will be called constraint plane. If we denote the gradients of the
Pd ¢, Piour and PR, on the constraint plahe LI by 63, Gi and Gp,
respectively, then the optimum weight Wope is such that makes

Gq+ 6y +Gy=0 at W=Wop O (3.36)
Néﬁei&, it is the three gradients that cancel each other at the optimum
point. Consider the special case that the c-interference is absent and
also that the constraint condition is accurately settled. Then, since
Pdout is kept constant on the constraint plane, we have Gy = 0 on this
plane.and eq.(3.36) turns to be

Gi + 6, =0 at W=Wp ' (3.37)
Thus, Gi and G, are shown to be equal in magnitude. It should be
emphasized that the powers Piout and PP, are not necessarily balanced at
the optimum point. Fig.3.3 shows conceptually the relation given by
eq.(3.37).

As the measure of the system performance, we define the output

SINR(signal-to-interference-plus-noise ratio) by

Pd
SINR =~ 20T (3.38)

Plout + Plout

In general, the higher value of SINR brings about the better performance

of the adaptive array.

- 30 -



1€ -

Gi + Gn = 0 (at optimum point)

Plout

n
P out

OQutput Power

L e ]

///’N Constrdidt.Plcne

optimum point

Piout = output power of interference

PPout = output power of thermal noise

Gi

power gradient of interference

"

Gn = power gradient of thermal noise

Fig.3.3 The relation between the interference and internal noise
output powers at the optimum point on the constraint plane.



3.4 Algorithms for Sampling Control System

In this section, we introduce two algorithms for the sampling control
system to get the optimum weight vector given by eq.(3.31). Since the
speed of operation of digital computers has increased over the last few
years and their costs have also fallen, digital implementation of adaptive
arrays has attracted much interest. This makes the DCMP principle more
useful. Accordingly, flexible processing algorithms must be incorporated

for the accurate control of each weight.

3.4.1 The Steepest Gradient Method

The steepest gradient method is often adopted to iteratively and
asymptotically converge the weight vector to its optimum. In this method,
the weight vector is changed toward the direction to which the gradient of
the cost function with respect to the weight vector is the steepest.
Thus, the basic algorithm can be expressed as follows:

W(m+l) = W(m) - uV,Q[W(m)] (3.39)
where m is an iteration number and p is a parameter called a step size
which determines the amount of change of weight vector and controls the
stability and rate of convergence. In the following analysis, the method
of Lagrange multipliers is also employed for the formulation and Ryy is
temporarily assumed to be known. The cost function is a function of W and
W varies with itération, so that Lagrange multibliers are function of
iteration number m. The cost function is expressed in place of eq.(3.26)

as follows:
Q[W(m)] = % WE(m)Ry, W(m) + AT(m)[CqTW(m) - H] (3.40)

where A(m) is a vector of undetermined Lagrange multipliers at the m-th
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iteration. Thus, the gradient of eq.(3.40) with respect to W(m) is given
by

VuQIW(m) ] = Ry, W(m) + CyA(m) (3.41)
Substituting eq.(3.41) into eq.(3.39), we obtain the following algorithm:

W(m+l) = W(m) - u[RyyW(m) + CgA(m)] (3.42)
In the above algorithm, however, the undetermined Lagrange multipliers
vector is still included. Since the constraint condition must be
satisfied for W(m+l), we have the following equation:

CaTW(m+1) = C4TW(m) - u[CqTRyW(m) + C4TC4A(m)] = H (3.43)
Solving eq.(3.43) with respect to A(m), we can obtain the Lagrange

multipliers vector which is written as follows:
1
A(m) = _ﬁ.(chcd)-l[chW(m) - H] - (CqTCq)~1C4 TR, W(m) (3.44)

where it is noteworthy that [CdTW(m) - H] in eq.(3.44) is not assumed to
be zero. This intention will be explained 1later. Then, substituting
eq.(3.44) into eq.(3.42) and operating some arithmetical manipulations

gives the DCMP algorithm expressed as follows:

W(m+l) = P[W(m) - uRy,W(m)] + F (3.45)
with
P = U - Cq(CqTey)-1cyT (3.46)
F = cy(cqTcy)-1n (3.47)

where P is the projection matrix onto the constraint plane Z and F is the
orthogonal vector to that plane, the latter fact of which is easily proved
by operating P to F and getting zefo vector as the result. In addition,
since the relation CdTF = H holds, F is found to be the shortest vector
that satisfy the constraint condition. In fact, F is the uniform weight
vector with the mainbeam of the array pointed to the constrained

direction, which is cleared in Section 3.5. Therefore, using P and F, we
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can express W(m) as follows:

W(m) = PW(m) + F (3.48)
where PW(m) and F are orthogonal to each other. The relation of eq.(3.48)
is illustrated in Fig.3.4 for simple two-dimensional weight vector.

Next, in the actual system, the correlation matrix Ry, is not known,
and it is necessary to adopt some estimate of this matrix. We approximate
Rxx in eq.(3.45) by X(m)XT(m) where X(m) represents-the sampled value of
the input vector at the m—-th iteration. Thus, the practical form of the
algorithm is written as follows:

W(n+1) = P[W(m) - pX(m)y(m)] + F (3.49)
where

y(m) = XT(m)W(m) = W'(m)X(m) : (3.50)
and y(m) represents the sampled value of array output at the m-th
iteration. Here, the following should be noticed: The relation CdTW(m)=H
is not assumed to hold and the relation CdTH(m+1)=H is always guaranteed
throughout the derivation of the algorithm shown by eq.(3.49). This means
that even if once the weight vector at the m-th iteration does not satisfy
the constraint condition because of some errors, the weight vector at the
next (m+l)-th iteration does not run away from the constraint plane.
Therefore, even a large number of the iterative application of this
algorithm does not accumulate the errors in each weight value. Fig.3.5
shows the geometrical interpretation of this adaptive algorithm, which
demonstrates the function of error correction.

In a digital loop, the problem of stability must be argued. The 1loop
stability in a digital loop depends on the loop gain which corresponds to
a step size U in our problem, After Frost[27],[29], for the proof of
convergence of the algorithm, the behavior of the Euclidian norﬁ of the

difference vector between the actual weight vector and the optimum weight



vector is examined which must converge to zero as the iteration number
increases. Taking the expectation of both sides of eq.(3.49) gives the
following equation:

E[W(mt+1)] = P{E[W(m)] - uRy4E[W(m)]} + F (3.51)
We define the difference vector V(m) by

V(m) = E[W(m)] - Wopt (3.52)
Subtracting the optimum weight vector from both sides of eq.(3.51) and
using eq's.(3.48) and (3.52) and the relation PRxxwopt=0: we get the
following equation in terms of V(m):

V(m+l)

[U - uPRyxP1V(m)

[U - uPR,P]™+1V(0) (3.53)

From eq.(3.53), it follows that the matrix PRy,P determines both the
convergence and steady-state performance of this algorithm. PRyxP is a
KL-dimensional symmetric matrix because both P and Ryy are symmetric.
Therefore, KL eigenvectors of this matrix are all orthogonal to each
other. Since direct calculation shows that PRy4PC4=0 and N column vectors
of the constraint matrix Cy are linearly independent of each other, the
matrix PRyyP has N zero eigenvalues, corresponding to the column vectors
of C4[27]. It is also shown in Ref.[27] that the matrix PRyyP has KL-N
nonzero eigenvalues. Therefore, the N eigenvectors whose eigenvalues are
zero are normal to the constraint plane and the remaining KL-N
eigenvectors whose eigenvalues are nonzero lie entirely within the
constraint plane. On the other hand, if W(0) is such that satisfies
CdTW(0)=H, for example, W(O)=F, then we can confirm PV(0)=V(0) easily. It
means that V(0) also lies within the constraint plane. Consequently, the
initial difference vector V(0) can be expressed by a linear combination of
the KL-N eigenvectors of PRy P whose associated eigenvalues are nonzero.

Then, V(0) is expressed as follows:
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KL-N .
V(0) = I G 3.54
(0) = T “ayty (3.54)

where Gp's(p=l, 2,.., KL-N) are eigenvectors of PRyxP with nonzero
eigenvalues. ap's(p=1, 2,.., KL-N) are undetermined coefficients.
Substituting eq.(3.54) into eq.(3.53) and operating some arithmetical
manipulations, we obtain the following expression:

V(m+l) = KIz“—Napu - wp)mHG, (3.55)

p=1

where Ap's are eigenvalues associated with the eigenvectors Gp's. If we
choose U to satisfy the relation 0 < (1 - uAp) <1 for all p(=1, 2,..,
KL-N), convergence of eq.(3.55) to zero vector, namely, that of eq.(3.49)
to the optimum weight vector may be guaranteed in an expectation sense.

Thus, p must be chosen as follows for the convergence of the algorithm:

O0<ucx

(3.56)

max

where Ap,y is the maximum eigenvalue of PRyxP and proved in Ref.[27] to be
related to the maximum eigenvalue of Ryx» i.e., Opax by

0 < Mpax = Opax (3.57)
In practice, since the calculation of Amax needs much labor and we must
keep the ultimate weight vector obtained by the algorithm from being
misadjusted by some additional noise, the sufficient condition of
eq.(3.56) is adopted for safety in consideration of eq.(3.57), which is
expressed as follows[27],[29]:

2

<u< .
0<wu 3 trace(Ryy) ) (3.58)

where "trace" denotes the sum of the diagonal elements of the matrix.
Therefore, trace(Ryy) in eq.(3.58) means the sum of the powers of the tap

voltages and evidently satisfies



Opax S trace(Ryy) . (3.59)
In addition, to attain the more stable performance in the steady
state, we can smooth the feedback amount of X(m)y(m) in the algorithm of

eq.(3.49)[62]. It is called a smoothing algorithm and expressed as

follows:
W(m+l) = P[W(m) - pA(m)] + F (3.60)
with
1 J
A(m) = 5 Z X(mj)y(my) (3.61)
i=1

where J is the number of smoothing and mj denotes the i-th side-iteration

number between the m-th iteration and the following (m+l)-th iteration.

3.4.2 Direct Method by Sampled Matrix Inversion

An alternative to the steepest gradient method in the previous section
is a direct method by sampled matrix inversion (SMI1)[32],[63],[64]. The
gradient method has the difficulty that the convergence is slow for the
smaller eigenvalues of the matrix PRy4P, as is easily seen from eq.(3.55).
Thus, the réquirement for algorithms which make convergence more rapid
even for the smaller eigenvalues has stimulated researches aiming at
efficient methods of performing more direct matrix inversion. In the SMI
method, an estimate of fhe correlation matrix is made by averaging
successive data samples, and this estimated correlation matrix is used
directly in eq.(3.31) to get the optimum weight vector.

The general algorithm for the estimate can be expressed as follows:

Ryex(1)

Ryx(m) = (1-B)Ryy(m-1) + BX(m)XT(m) (m=2, 3,...) (3.62)

X(1)XT(1)

where B is a parameter which satisfies 0 < B <1 and controls the time

constant for the estimate. When B = 1/m, eq.(3.62) is rewritten by
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Ryp(m) = — bR RS (3.63)

m g
Eq.(3.63) means that the correlation matrix is estimated by the uniform
averaging of X(1)XT(i)'s(i=1, 2,..,m). We will call this approach '"the
simple SMI" hereafter. If, on the other hand, R is. constant at every

iteration, eq.(3.62) can be rewritten by
Ryx(m) = (1-B)™ 1Ry, (1) + B.gz(l—e)m-iX(i)xT(i) (m=2, 3,..) (3.64)
1=

From the above algorithm, it follows that the older data samples have the
less contribution to Ryy(m) in an exponential manner. = This approach is
called the deweighting matrix estimate and is useful for nonstationary
radio environments.

Using the estimated matrix of eq.(3.62) in eq.(3.31), we obtain the
weight vector at the m-th iteration which is expressed as follows:

W(m) = Ry 1(m)CqlCqT Ry~ 1(m)Cy]-1H (3.65)

If the Ryy(m) is ill-conditioned or singular, we may render it invertible
by augmenting its diagonals by a small amount.

Alternatively, inverting the both sides of eq.(3.62) by the matrix
inversion formula[63], we can obtain the inverse matrix Rxx‘l(m)
recursively as

1
1-8

Ryx~1(m) = Ryx~1(m-1)

B Ryx~L(m~1)X(m)XT(m)Ryy~1(m-1)

— —— T (3.66)
(1-8)* + B(1-B)X (m)Ryy ™1 (m-1)X(m)

In this way, we need not calculate Rxx_l straightforward, so the total
time of calculation for the weight vector is reduced.
In addition, we may smooth the second term of eq.(3.62) or eq.(3.66)

by using some data samples before adding it to each first one. After this



smoothing, the optimum weight vector is obtained by using the resultant
matrix in eq.(3.65). This aim is to efficiently attain the more accurate
estimate and the more stable performance, which is in common with the

gradient method.

3.5 Analysis of Optimum Performance

3.5.1 Complex Expression for Analysis

When the input signals are CW or narrowband, we can treat them in
complex expressions and evaluate the performance of the antenna system in
terms of the response to CW. In this case, each channel of the array
system has only to have two taps and thus each two-tap filter can be
expressed by one complex weight as shown by Fig.3.6. In the following
analysis, this complex notation is introduced. Then, from eq's.(3.1),

(3.21) and (3.22), matrices W, Cq and H must be modified as follows:

W= [wi+iwy g, WotdWo,gseees wK+jw2K]T (3.67)

Cq = (1/V2)[exp{j¥1(8g)} ..., explj¥g(84)}]T | (3.68)

_H =1 (scalar) (3.69)
where

Y (8g) = Yi1(8q) (k=1, 2,.., K) | - (3.70)

which represent the phase of the signal from the constrained direction 64
at each array element with respect to the reference point. Thus, the
constraint condition of eq.(3.14) is modified as

Cylw* = H (3.71)
where superscript % denoteé the complex conjugate. With the complex

notation of input vector X defined by

X = [X1+jX1+K, X2+jX2+K,..., XK+jX2K]T, (3.72)
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Fig.3.6 The relation between two-tap transversal filter and one
complex weight.
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the complex array output is expressed as follows:

y = XTw* = wix (3.73)
where superscript T denotes thé complex conjugate transpose. The real
array output can be obtained by taking the real part of the complex one.
It is to be noted here that the inner product of two complex vectors is in
compliance with Euclidian inner-product notation. The output power is
thus expressed as

Pout = ELyy*] = WiR W (3.74)
where

Ryx = E[XXT] : (3.75)
Ryx is a complex correlation matrix which is Hermitian and positive
definite.

Now, we will derive the complex optimum weight vector. The cost
function Q(W) is defined as follows:

QW) = WIR,W + ACCGTW" - H) (3.76)
where A is the complex undetermined Lagrange multiplier. The gradient of
eq.(3.76) with respect to W' is given by

VQ(W) = Ry W + Cgi _ (3.77)
where concerning the operation of complex differentiation, we follow
Ref.[65]. A necessary condition for eq.(3.76) to be minimized is that the
gradient be equal to zero so that

RyxW + Cgh = O (3.78)
Therefore, the optimum weight vector is given by

Wopt = - Rex~1Cgh (3.79)
where A rémains to be determined. This value may now be evaluated from
the conjugate constraint condition of eq‘(3.71):

CatWope = - CqTRgx"1Cqn = HY (3.80)

It then follows that the scalar A is given by
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A= - (CqT Ry 1Cy)-10* (3.81)
Combining eq.(3.79) and eq.(3.81), we can obtain the complex optimum
weight vector which is written as follows:

Wopt = Ryx 1Cq(CqTRyy~1Cq)~1H¥ (3.82)

Likewise, the complex expressions of two algorithms for sampling
control system given by eq's.(3.49), (3.62), (3.65) and (3.66) are derived
as follows:

(a) Steepest gradient method

W(m+l) = P[W(m) - uX(m)y*(m)] + F (3.83)
with
P =1U - Cq(Cafeg)-legt = v - (2/x)cscyt (3.84)
F = Ca(CqTey)-1H* = (20*/K)Cy (3.85)
(b) Samﬁied matrix inversion (SMI)
W(m) = Ryy~1(m)Cq[Cq Ryy =1 (m)Cq1-1H* (3.86)
with

Ry (1) = X(1)XT(1)

Ryx(m) = (1-B)Ryx(m-1) + BX(m)XT(m) (m=2, 3,..) (3.87)
or

Rex"1(1) = {X(1)XT(1)}-1

Ryx~1(m) = 138 Ryyx~1(m-1)

B Ryy~L(m-1)X(m)XT (m)Ryy~1(m-1)
(1-8)% + B(1-B)XT (m)Ryy~1(m-1)X(m)

(m=2, 3,..) (3.88)

Here, it should be noticed that the vector F of eq.(3.85) offers the
uniform complex weight with the mainbeam of the array steered to the
constrained direction, which is easily seen from the elements of Cy given

by eq.(3.68) and the relation CdTF*=H.
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3.5.2 Performance Analysis and Numerical Examples

Next, we consider the optimum performance for the simple case where
two narrowﬁahd signals, the desired signal and one i—intefference, are
incident on the array and the thermal noise exists at each weight. The

complex input vectors of the desired signal and the i-interference are

given by
S(t) = s(t)Zg = (1/V2)s(t)[exp{j¥1(8s)},. ., exp{jWK(GS)}]T (3.89)
I(t) = i(v)Z5 = (1//§)i(t)[exp{jwl(9i)},.., exp{jWK(ei)}]T (3.90)

where s(t) and i(t) represent the complex instantaneous signals at the
reference point of the desired signal and the i-interference,
respectively, and Zg and Zj their phasor vectors.- 0g and 65 are the
angles of arrival of the desired signal and the i-interference,
respectively, and ¥ (6g) and Yy (8i) are their phases at the k-th element.
Since the desired signal arrives from the constrained direction 64, it
holds that Z;=Cq. Thus, the complex correlation matrix Ryy can be
expressed as follows by‘using eq's.(3.10)-(3.13), (3.89) and (3.90):

Ryy = PoU + PCqCqT + P32424T (3.91)
where Pg and P; are the input powers of the desired signal and the

i-interference and given by the following equations:

T
1
P, = lim — J s(t)]|%dt 3.92
ST-onOI()I ( )
P, = lim - JT|i(t)|2dt (3.93)
1 T T Jo

Now, we define the following matrix:

Ry = PpU + P;2;2;7 . (3.94)
which is a correlation matrix of the wunwanted noise components. Then,
eq.(3.91) is expressed as follows:

Ryx = Rp + PsCaCq’ (3.95)
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Therefore, using the matrix inversion formula[63], the inversion of Ryx of
eq.(3.95) is written as follows:
PsRn—lcdcd-l-Rn_1

Ryx™1 = Ryl - (3.96)
1 + PgCy TR, "1y

Similarly, the inversion of Rp of eq.(3.94) is given by

.t.

1 2P;Z;24

Rpl= — v - el (3.97)
P, Ph(2P, + KP;)

After postmultiplying Ryy,~l of eq.(3.96) by Cq4 and operating some
arithmetic manipulations, Rxx‘lcd is expressed as follows:
Rex~1Cq = ¢ Ry~1lcy (3.98)

where

1
g = T (3.99)
1 + PsCq Ry 1Cy

Substituting eq.(3.97) into eq.(3.98) yields the following equation:

1.
z 2¢p;Z; T
Cq - g (3.100)

Rey—lCy = —
> om P,(2P, + KP;)

Thus, the optimum weight vector is expressed as follows by using
eq's.(3.82), (3.100) and the uniform weight vector F given by eq.(3.85):
(2P, + KP))F - (2p;2;1F)zZ;

2P + KPi(1 - |2;TF™|2/[H|?)

wopt = (3.101)

In the optimum state with the weight vector of eq.(3.101), the output
power P, is given by

Pout = woptTRxxwopt (3.102)
This output power can be divided into the three components which are
contributed by the desired signal, i-interference and thermal noise,
respectively, and they are expressed as follows by using eq's.(3.91) and

(3.101):

PSout = Pswopt+cdcd+wopt

P |H*|2 (3.103)

- 45 -



Piout = PiwoptTZiZiTWOpt

N (2P,)?
P; |2;TF*|? _ (3.104)
{2P, + KP;(1 - |Z;TF*|2/|H|?)}?

Plout = inoptTWOpt

2 2KPP;2|Z;TF*|2(1 - |Z;TF*|2/|H|?)
— PulH2 ¢ - (3.105)
K {2P, + KP; (1 - |2;TF*|%/|H|?)}?

where ZiTF* represents the response in the direction of the i-interference
of the directional pattern by the uniform weight F. Especially when the
linear equispaced array with the element spacing of "d" is used, the ZiTF*
is expressed as follows:

Z;TF* = a44H (3.106)

fee = sin{(Kmd/A)(sin 64 - sin 64)} (3.107)
41 = TYein{(md/N)(sin 6g - sin 61)} .

Assuming that the strong i-interference arrives within the sidelobe region
of the array so that we can set (|Z;TF*|2/|H|2) << 1 and 2P, << KPj, we
can approximate eq's.(3.104) and (3.105) as follows:

PL e = Pi|Z3TF*|2(2P,/(KP1)}2 = (1/P;) (3.108)

12

Plout (Z/K)Pn(lﬂlz + lZiTF*Iz) < Py (3.109)
.Eq.(3.108) designates that the output power of the i-interference, Pi,ies
is nearly in inverse proportion to its input power, Pj. This effect is
called '"power inversion". Furthermore, in eq.(3.108), Pi|ZiTF*|2
represents the output power of the i-interference in the case of receiving
it with the uniform weight F. By reforming eq.(3.108), we obtain the
following equation:
P;|2;TF*|?
————— = (K/2)?3(P;/P,)? (3.110)

Plout

This parameter is called "processing gain" which represents the degree of

suppression of the i-interference .by the adaptive optimum weight with
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reference to that by the uniform weight. The higher value of it means the
better performance of the system. From eq.(3.110), it turns out that the
stronger i-interference over the thermal noise level yields the higher
processing gain and that the more number of array elements also 1leads to
the higher one. On the other hand, (2/K)P,|H|? in eq.(3.109) is equal to
the output power of the thermal noise by the uniform weight system and the
additional term (2/K)P,|Z;TF*|2 is its increment for the suppression of
the strong i-interference in the optimum state. The ratio of both terms
is expressed as follows:

(2/K)P,|Z; TF* |2

= |Z;TF*|2/|1]2 << 1 3.111

which is found to be very small under the present assumption.

Thus, it is proved that with the DCMP adaptive array, the desired
signal can be preserved and the strong i-interference can be suppressed at
the expense of slight increment of the thermal noise at the array output,
resulting in the high output SINR.

Next, we will show the numerical examples. They are carried out on a
4-element (K=4), 2-tap (L=2) equispaced linear array with isotropic array
elements and the element spacing of a half wavelength. The desired signal
and i-interference are narrowband piane waves, The parameters of input
used in the following examples are shown in Table 3.1. Fig.3.7 shows the
directional patterns and frequency characteristics in the direction of the
i-interference. (a) and (b) in Fig.3.7 correspond to the results of the
uniform weight system and the adaptive  optimum weight system,
respectively. In the uniform weight system of (a), the system has the
finite response in the direction of the i-interference, which results in
the low output SINR of -5.61dB. In the optimum weight system of (b), on

the contrary, we can see that while the desired signal is preserved at the
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prescribed level, the null point is created in the direction and frequency
of the i-interference. Therefore, a higher output SINR is obtained which
is 22.85dB. As the reference, the values of output power of each
component are shown in Table 3.2. We can find that the output power of
the i-interference is very small compared with that of the thermal noise
in the adaptive optimum system. The reason for this is that the DCMP
principle tries to balance both output-power gradients of the i-
interference and the thermal noise on the constraint plane, not both

output powers themselves.

Table 3.1 Input data used in the numerical examples of Fig.3.7.

desired signal (S) | angle of arrival : 65 = 0°
power Pg =1
incoherent (I) | angle of arrival : 8 = 60°
interference power P; = 100
thermal noise power P, = 0.01

Table 3.2 Output components and SINR corresponding to the results
in Fig.3.7.

(a) uniform weight (b) optimum weight
desired signal _ 1.0 1.0
i-interference 3.64 9.79x10-9
thermal noise 5.0x10-3 5.19x1073
SINR (dB) -5.61 . 22,85
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Fig.3.7 Directional patterns and frequency characteristics in the
incoherent interference direction: (a) uniform weight system,
(b) optimum weight system.
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CHAPTER 4

ADAPTIVE ARRAY WITH PHASE-ONLY CONTROL

4.1 Introduction

Phase—dnly adjustment approach is frequently made in the pattern
syntﬁesis of antenna arfays because of the convenience of hardware
implementation. Besides, if we can introduce the quantized phase-
shifters, this approach becomes more attractive in terms of easy
reproduction of phase adjustment. On the other hand, adaptive array
systems usually require the control of both amplitude and phase to achieve
the optimum weighting to suppress the interferences. A suboptimum
adaptive system, however, may be conétructed with phase-only control after
the analogy of deterministic array synthesis. In fact, several papers
have reported the efforts along this line[66]-[69]. All of them, however,
either adopted the guiding principle of the least mean square error (LMS)
or followed the powef minimization algorithm in the absence of the desired
signal. As to how to preserve the desired signal, an algorithm is
proposed which works to minimize the weight perturbation[70], but this
assumes the known positions where to place the pattern nulls.. Thus, we
have yet to seek for the answer to compose the adaptive array with
phase-only control under the mainbeam constraint. In the present chapter,
we will show the results of the adaptive array under the principle of
directionally constrained minimization of power (DCMP) with the weights
solely consisting of phase-shifters[30],[71].

In Section 4.2, we discuss the basic principle and define a new
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penalty function for phase-only control with the mainbeam constraint.
Because of the analytical limitation, computer simulation experiments on
this type of adaptive array are extensively carried out in Section 4.3.
Afterward, the results obtained in Section 4.3 are reviewed theoretically
in Section 4.4. In Section 4.5, the quantization of phase-shifters is

attempted. Finally, Section 4.6 states concluding remarks.
4.2 The Basic Principle

We treat input signals in the compléx expression. Fig.4.1 shows the
structure of the linear adaptive array solely consisting of phase-
shifters. The system is assumed to be composed of K-element isotropic
antennas, each of which is accompanied with a phase~shifter denoted by ¢1,
¢2, esey OT ¢K in the figure. Also, ¢ shall represent the status of each
phase-shifter. Let the complex signals at the input and output terminals
of each channel be X1, X3, «.., Xg; and xpl’ sz, ceay pr; respectively

as shown in the figure. Thus, the array output y is given by the sum of

Xpl’ sz, ...y and XPK which is written as follows:

K
y =2 ka =k§1xk exp(-—jcl)k) (4-1)

Now, we will let Y(8) represent the complex response of the array to the
signal with the unit amplitude arriving from the direction 6. Then, the

Y(8) can be expressed as follows:

K
Y(0) = L expl-jiy(6)) (4.2)

where

Uk (8) = (2ndy/A)sin 6 + ¢  (k=1, 2,.., K) (4.3)

i.e., they are the total phase delays of the signal at the outputs of
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X : INPUT, Y : OUTPUT, ¢ : PHASE SHIFTER

Fig.4.1 Adaptive array with phase-only control.
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Fig.4.2 Vector diagram of element contribution to the output
where )= (64) (k=1,..,K).

- 52 -



phase-shifters with respect to the array center. dp(k=1, ..., K) is the
position of the k-th element antenna with the reference at the center, and
A is the wavelength.

First, we consider the case where the external interferences do not
exist. It is a matter of course that the optimum (i.e., maximum
signal-to-noise ratio) condition requires all channels to produce the
outputs of the equal amplitudes and the same phases in this case. This

situation corresponds to the S,,¢ in Fig.4.2 and it can be expressed as

follows:

Sout = Y(Bg) =14+ ¢+ +1=K (4.4)
by setting

Y(Bq) = 0, namely oy = — (2mdy/M)sin 84 (k=1, 2,.., K) (4.5)

When the interferences are present, the condition given by eq.(4.5)
must be abandoned because the phase-shifter should be readjusted to form
nulls in the pattern in order to suppress the interferences to attain the
maximum signal-to-interference~plus-noise ratio (SINR). The complex
response to the desired signal in this case is designated as S'g,¢ in

Fig.4.2, which can be expressed as follows in general:

K
S'out = Y(8q) =kEIeXD{~J'\Dk(9d)} (4.6)

In.Fig.A.Z, for simplicity, those Yy (84q)'s are denoted as Yp's(k=1,2,..,
K). Here, it should be kept in mind that the principle of minimizing the
output works to suppress the desired signal as well, and this S'y,;¢ tends
to be nullified. Unfortunately, the rigid constraint condition for
protection of the desired signal adopted in the ordinary DCMP adaptive
array, i.e., specifying the response of the system to the dinput coming
from a prescribed direction, cannot be used in this case. That is because

such a rigid condition may determine the status of the phase-shifters by
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itself. This problem is not encountered in the LMS system which has only
to imitate the reference signal.

Now, we will impose penalty on the increase of the deviation of S'gu¢
from Sgut, i-€.5-D=|S'gut=Sour| in Fig.4.2, in order to protect the
desired signal. As the penalty function to be minimized, the sum of the
output power and the squared D occurs to us readily. However, since the
algorithm based on this penalty function is a little complicated, we adopt |
an alternative penalty function denoted by Q. It is defined as the sum of
the output power and the squares of the distances of the useless
components in the contribution to the output by all channels in the

figure, and it is given by

K
Q(®) = Pout + B Ps L [exp{-ji(8a)} - exp(-j¥ko) 12
K
= Pout + B Pg k§1[{cos U (6gq) - cos wko}z
+ {Sin wk(ed) - sin wko}z]s (4°7)
or
. .
Q(®) = Pyt + 2 B Pg kEl[l - cos{Yp(8q) - Yo}l (4.8)
where
Yo = 0 . (4.9)
® = [0, «--s 0glT (4.10)

where superscript T denotes transpose and Pg and Pg,+ are the desired
signal input and total output, respectively. B is named "constraint
coefficient" which is non-negative. The value of this B is decisive on
the performance of the system and the target of our discussion. We will
define

bko = - (2mdy/A)sin 83 (k=1, 2,.., K) (4.11)
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which are the phase-shifts giving equi-phase condition for the desired

signal as discussed in eq's.(4.4) and (4.5). Then, eq.(4.8) becomes
K
Q(®) = Poyt + 2 B Pg k§1{1 ~ cos(dg - dye)} (4.12)

which reflects directly the effect of the phase-shift of each channel on
the deviation frbm equi-phase condition.

Next, we introduce the steepest gradient approach as the algorithm to
control the phase-shifters. The iterative gradient-type algorithm are
given by -

o (mt+l) = ép(m) - u{3Q(®)/3oy}n (k=1, 2,.., K) (4.13)
where m is the number of iteration and u is the step size. In eq.(4.13),
the partial derivative of the penalty function, Q in eq.(4.12), in terms
of the phase-shift of each channel is necessary, and it is given by the

following equation:

3Q(®) _ 9Pout
3dK 9K

+ 2BPgsin(dr - ko)  (k=1, 2,.., K) (4.14)

We must investigate 9P,,+/00x in eq.(4.14) further.

Here, several definitions are in order:

X = [Xq, X2, «.., XgIT (4.15)
Xp = [Xpps Xpos weey XpglT | (4.16)
®e = [exp(jd1), exp(idy), ..., exp(jog)1T (4.17)
Fexp(j¢1) ]
exp(j¢2) 0
d = . (4.18)
0 .
B eXP(j¢K)J

In addition, the operators of partial differentiation in terms of
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exp(jdk), exp(-jox) and ¢ will be denoted by

0 9 0
VeT= ’ yesey —_— (4'19)
a{exp(j¢1)} 3{exP(j¢2)} a{eXP(j¢K)}
0 0 0
VeT= , ey —————— | (4.20)
3{exp(~jop)} 3{exp(-joy)} a{exp(-jog)}
v,I= ? ° ° (4.21)
P a¢l ’ a¢2 geeey a¢K .

Using the vectors given by eq's.(4.15) and (4.17), the array output y of
eq.(4.1) can also be expressed as »

y = XTo.* = o.x (4.22)
where superscripts ¥ and 1 stand for conjugate and conjugate transpose,
respectively. Thus, the output power is given by

Pour = E[y¥y] = ¢ E[XXT10, = @2 Ryye (4.23)
where E[ ] denotes the expectation and Ryy is the correlation matrix of
the inputs defined by

Ryy = E[XXT] (4.24)

which is obviously a Hermitian matrix. According to Ref.[65], we can

derive
OPout dexp(jor) . 9Psut . dexp(-jok) . 9Pout
Lo by dexp(jok) adk dexp(-jok)
9Psut 9Pout
= jexp(jo )'—————12L—— - jexp(-jdg)s ———— (4.25)
W e Go 0 T Bexp(=3ox)

(k=1, 2,.., K)
Applying the vectorial notation to eq.(4.25), we obtain
VpPout = J®VePout - jQ*Ve*Pout
= J9Rey B -~ JORyxPe (4.26)

As in Ref.[68], y is delayed by 7/2 and the delayed one is denoted as y',
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y' = —J'y ([4.27)

Using this y', we have

1

E[X,"ey'] = -JE[("X)¥<XTo,"]
= -jOE[X*XT]9.*
= —jORyy B ™ (4.28)

and

E[Xpey'™] = JE[(7X)=(XTo "))

= O*E[XxT]0,

= jQ*RXXQe (4.29)
Therefore, eq.(4.26) can be expressed as follows by using eq's.(4.28) and
(4.29):

VoPout = - E[Xp%'y'] - E[Xp'y'*] (4.30)

or, in terms of each element,

aPout
3¢y

= - E[Xpk>y'] - E[Xpk*y'™] (k=1, 2,.., K) (4.31)

Finally, we obtain from eq.(4.14)

0Q(9®)
oy

= 2BPgsin(dy - Oko) — E[Xpi™ey'] - E[Xpeey'™] (4.32)
(k=1, 2,.., K)

In eq.(4.32), the expected values of ka*°y' and ka'y'* are included, but

in practice they may be approximated by their instantaneous values, as is

usually the case with the gradient algorithm of the ordinary DCMP system.,

Thus, with the initial phase-shifts satisfying the equi-phase condition

for the desired signal, the algorithm which is given by eq.(4.13) can be

expressed as
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Fig.4.3 Block diagram representation of the adaptive algorithm with
phase-only control under the mainbeam constraint.



¢ (0) = dko
b (mtl) = dp(m) - u[2BPgsin{dp(m) - oy}
= Xpic (m)+y'(m) = Xp(m)ey'*(m)] (4.33)
(k=1, 2,.., X)

where ka(m)'s(k=1,2,..,K) and y'(m) represent the sampled values at the
m-th iteration of ka's(k=1,2,..,K) and y', respectively. Block diagram
representation of the above algorithm is shown in Fig.4.3. Furthermore,
for the sake of preventing the system behavior from .the instantaneous
fluctuation, we can average several sampled data and update the phase-
shifters with this averaged one instead of updating them sample by. sample.
It is called a smoothing algorithm, which is given by

¢k(m+1) = o¢g(m) - u[2BPgsin{dy(m) - dol - Ap(m)] (4.34)

“with
J * *
Be(m) = B [Xp(mg)ey (mg) + Xpie(mg) oy *(m)] (4.35)

(k=1, 2,.., K)
where J is the number of data for smoothing and mj denotes the i-th
side-iteration number between the m-th iteration and the next (m+l)-th

iteration.
4,3 Computer Simulation

The problem of the algorithm proposed in the previous section are (i)
that the relation between the variables, ¢k 's(k=1,..., K), and the penalty
function Q is nonlinear as discussed in Ref.[70], and (ii) that the
constraint is not rigid. The absence of a closed-form solution is the
greatest difficulty to analyze the general characteristics of the system.

Therefore, computer simulation experiments on the basis of eq's.(4.34) and



(4.35) are carried out in place of the theoretical analysis. Especially,
the optimum choice of the value B is extensively pursued since it decides
the point of compromise between the suppression of the interferences and
protection of the desired signal.

In the following computer simulation, we adopt a 4-element, equally
spaced linear array with the element spacing of a half wavelength as the
standard array system. As to the inputs, we consider two external waves,
the desired signal and one i-interference, are incident on the array, and
the thermal noise with equal power exists at each channel. For
convenience, we will call the i-interference merely the interference here.
Table 4.1 shows the radio environment we used as the standard throughout
the computer simulation. In this table, P, represents the sum of the
input powers at each channel. In the later examples, only thoée
parameters that are different from this table will be <clarified, while
other parameters not mentioned are the same as shown in the table. For

adaptation by sampling feedback,‘ the step-size, 4 and the number of the

Table 4.1 Input data used in the computation.

desired signal (S) | angle of arrival : g = 0°
power Pg =1
interference (I) | angle of arrival : 8 = -50°
power Py = 100
thermal noise power : Pp = 0.01
step-size u = 10-3/p,
number of samples for smoothing J =10
constraint coefficient B =4

Note: Py, = Pg + Py + P, (sum of the inputs)
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Fig.4.6 B-value (constraint weight) and attained SINR (K=4, Pi=1):
(a) B=1, (b) B=4, (c) B=50.
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samples for smoothing, J have first been selected after our past
experience in the ordinary types of adaptive arrays, and also confirmed by
various experiments on this type. The figures shown in Table 4.1 are the
results selected after these trials.

Fig.4.4 shows the process of adaptation in terms of the temporal
variation of the signal-to-interference-plus-noise ratio (SINR) of the
output for various values of B. (a), (b) and (c) represent the results
where f=1, B=4 and PB=50, respectively. The directional patterns
corresponding to Fig.4.4 are shown in Fig.4.5. The dashed and solid
curves in Fig.4.5 describe the initial and final patterns, respectively.
It is clearly observed in (c) that too large B cannot give a good SINR due
to insufficient suppression of the interference. On the other hand, (a),
the case of small B may seem excellent, but a close look will reveal that
the desired signal is slowly diminishing. Fig.4.6 shows the process éf
adaptation in the case of the smaller value of the interference power,
i.e., Pj=1. (a), (b) and (c) correspond to the same case of B as shown in
Fig.4.4. The directional patterns for Fig.4.6 are shown in Fig.4.7 where
the curves are described in the same manner as Fig.4.5. The trend of
diminishing of the desired signal is more remarkably observed in
Fig's.4.5(a) and 4.6(a), demonstrating low SINR by small 8. In (c)'s of
Fig's.4.5 and 4.6 where B is too large, on the other hand, the adaptation
is hardly performed. After all, we have found too large or too small B
brings about unsatisfactory performance.

Next, Fig.4.8 demonstrates the relationship between B and output SINR
for four different values of Pi's, namely, (a) Pj=0.1, (b) P3j=1, (c) P3=10
and (d) Pj=100. The SINR's are read after 2,000 times of iteration. In
Fig.4.8, we learn that the value of B is a decisive factor on the output

SINR, and that B=4 is the best choice. The achieved output SINR does not
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Fig.4.8 Search for optimum B (K=4):
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seem to depend on the magnitude of Pj.
A number of computer simulations were carried out for other values of
ei's, the angles of arrival of the interference, and we obtained similar

results so long as 8 lies outside of the mainbeam.
4.4 Theoretical Discussion

In this section, we will consider the meaning of the results obtained
just above. First, the output will be divided into three components as
the following.

Pout = PSour + Ployr + Ploye (4.36)
where the superscripts s, i and n stand for the desired signal,
interference and noise components, respectively. The partial derivatives
of the penalty function in terms of the phase-shifts are obtained by using
eq.(4.8) as |

Q _ out + out + out + ZBPSSin d’k(ed) (4.37)
e Aoy Aoy Atk '

(k=1, 2,.., K)

Now, the output voltage of the desired signal shall be given by
K
yS = /Pg Y(8q) = vPg kzlexp{—jwk(ed)} (4.38)

Then, letting Yy substitute for Yy (84) temporarily for convenience, we

have
" K
PSout = E[yS"yS] = Pg[K + Z L cos(y - )] (4.39)
k#n
ops K
out _ _ 2Pg+ Z sin(YPp - Vp)
adk n=1
K K
= - 2Pg{sin Y- Zlcos Up ~ cos Y-+ lein Up} (4.40)
n= n=
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Combining eq's.(4.37) and (4.40), we obtain

3 opi opn K
Q = out + out + 2Pg{sin Yy (B - I cos V)
ddk ok 3ok n=1
K
+ cos Yy* lein Un} (4.41)
n=

In eq.(4.41), only the third term contains the desired signal component.
Now, let
B=eK(ez0) (4.42)

and name the third term in eq.(4.41) D3 which can be expressed as

K K
D3 = 2Pg{sin Yy (€K - Z cos Yp) + cos Yg* Z_sin Y}
n=1 n=1
3 K 2 K )
= _55; IPS{(EK —nzlcos Yn)? + (n£131n Un)?}]
3 ' 2
= {PsleSout = S'outl?? (4.43)
If
€ = 1, namely, B = K, (4.44)

then eq.(4.43) becomes the derivative of the deviation from the ideal
situation for the desired signal in the absence of the interference. With
this meaning of the third term, we have finally come to understand the
significance of eq.(4.41). The first and second terms respond to reduce
the interference and noise, respectively, while the third term works to
protect the desired signal. This is the interpretation of the previous
results by computer simulation.

In order to verify this consideration, further computation is done for
various numbers of elements K other than K=4. The results of B versus
SINR are shown in Fig.4.9. (a), (b) and (c) correspond to the results
where K=3, K=6 and K=8, respecti&ely. The SINR's are the values read

after 2,000 times of iteration, similar to Fig.4.8. From Fig.4.9, it is
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evident that the B satisfying eq.(4.44) gives the best performance.

In practice, the apriori knowledge on the desired signal input Py is
necessary when we adopt the penalty function of eq.(4.7). Pg may be
estimated by the power of the transmitter of the desired signal and the
distance between the transmitter and receiver. Since the estimation may
not be accurate enough, we should not expect the optimum choice of B.
According to the previous discussion, the value of B which is smaller than
the optimum is fatal for it is destined to cancel the desired component.
Therefore, a somewhat larger value of B than the optimum value K is
advisable for safety. Fortunately, the dependence of SINR on B is not
very sensitive as shown in the Fig's.4.8 and 4.9, and thus the above

treatment does not sacrifice the performance seriously.
4.5 Quantization of Phase-Shifters

In conventional phased arrays, quantized phase-shifters are frequently
used because of various reasons such'as cost or controllability. It would
be advantageous if this sort of implementation could be adopted in our
adaptive array without serious sacrifice of its capability. In order to
get a rough idea of how many bits of quantization of phase are necessary,
we kept the same algorithm in the computer simulation as before, and
replaced the analogue phase-shifters with quantized ones only after the
system reached convergence. Fig.4.10 demonstrates the dependence of the
output SINR on the bit numbers for various angles of arrival of the
interference., The dashed lines in the figure correspond to the results
obtained by the analogue phase-shifters. Many other experiments with
different power of interference, though whose figures are not shown here

for simplicity, have convinced us that the stronger interference results



OUTPUT SINR (dB) OUTPUT SINR (dB)

OUTPUT SINR (dB)

o
________________ O
. o 0 ~
o
<
w
[
° o
-
T T L T D
0 2 J ! + O
BIT NUMBER
(a)
o
e ————— e -0 :2
3 o c
B (U] o o Z
9] (7]
6—; '_
ME o
o
E o oy
3 "I"‘ Q. ) I T I ¥ I D
0 l 4 s 8 o
BIT NUMBER
(c)
é_—___*_—_—_E—%—%

BIT NUMBER

(e)

o —

- 71 =

27 —
U Q _o _
214 (u]
183 [v]
153
123 °
-
. o
0
33
-6—.
-9 cl’ CI) T T T T L
0 2 4 6
BIT NUMBER
(b)
274
I —o
213 0
3 o o
12
93
67
33
03
-33
-5 o o o o
-9 T I T T T T T 1
0 q 6 8
BIT NUMBER
Fig.4.10

Bit numbers and attained SINR
(K=4): :

(a) 64=-20°, (b) 8i=-40°,

(c) 64=-50°, (d) 84=-60°,

(e) 84=-70°.
The dashed lines correspond to
the results obtained by the
analogue phase-shifters.



OUTPUT SINR (dB)

'9|||l|||l|l|||l||||||
0 400 800 1200 1600 2000 2400 2800 3200 3600 4000

ITERATION NUMBER

(a)

OUTPUT SINR (dB)

B T o L L SN ML AL INLAN LA
0 400 800 IZOO|600200024002800320036004000

ITERATION NUMBER

(b)

OUTPUT SINR (dB)

S LI N LA LA RULA NLE RN L A
O 400 BOO 1200 1600 2000 2400 2800 3200 3600 4000

ITERATION NUMBER

(c)
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in the worse SINR. This is against the general fact of adaptive arrays,
and should be interpreted that the delicate discrepancy of the phase
values fails to cancel the interference.

The inspection of Fig.4.10 leads us to conclude that at least seven or
eight bits of quantization are necessary for the adaptive arrays. Next,
the behavior during the process of adaptation is examined with 8-bit
phase-shifters, while the same algorithm for the analogue system is used.
Fig.4.11 shows the results for three different choices of the step-size,
(a), (b) and (c) correspond to the cases where u=2X10‘2/P0, u=1.5X10‘2/P0
and u=1X10‘2/PO, respectively. It is remarkable that the step-size about
ten times that for the analogue system whose results are already shown in
Fig.4.4(b) is necessary for the quantized system. Also, the performance
of the system is very sensitive on this choice of the step-size. This
means that the compromise between the transient and static characteristics

of the system control must be made with very narrow margin.

4.6 Concluding Remarks

In this chapter, an adaptive antenna array system with phase-only
control and under the principle of DCMP (directionally constrained
minimization of power) was discussed. In this case, the rigid constraint
condition for protection of the desired signal such as adopted in the
ordinary DCMP adaptive array could not be employed successfully.,
Therefore, a new penalty function had to be devised for the system, which
must take into consideration the more flexible protection of the desired
signal while minimizing the unwanted interference and/or noise. Because
of the analytical 1limitation, computer .simulation experiments were

extensively carried out for narrowband signals. The constraint



coefficient that is the most important factor of the penalty function was
especially investigated. As the results, it turned out that too large or
too small constraint coefficient yields low SINR and that its optimum
value exists which offers compromise between the protection of the desired
signal and suppression of the interference. Thus, the optimum choice of
the constraint coefficient was given numerically. It was also shown that
the theoretical consideration leads to the same value. Finally; the
attempt to quantize the phase-shifters was reported, and it is shown to be
unsatisfactory for practical use.

At the end of this chapter, we will add the following remarks. It is
clear. that we can also apply our new algorithm to the directional pattern
.synthesis with phase-only control, similar to techniques discussed -in
Ref.[70]. Unlike the adaptive null steering, the radio environment 1is
specified for design in this case and we can use this.algorithm to obtain
the optimum phase-shifts for the given spécification. One of the greatest
advantages of this algorithm is to be able to attain the low sidelobes at
a partial angular sector by assuming that the interferences impinge from
the intended directions. Besides, since we héve only to quantize the
phase-shifts after the optimum ones are obtained in the analogue means, we
do not have such difficulties about quantization as in the adaptive null
steering. Thus, the quantized phase-shifters can Dbe introduced

successfully in this case.



CHAPTER 5

TAMED ADAPTIVE ANTENNA ARRAY

5.1 Introduction

An adaptive array requires some instruction on how to discriminate the
desired signal from the unwanted interferences. In the case of the
adaptive antenna under the algorithm of directionally constrained
minimization of power(DCMP)[30], the system is taught the direction of
arrival of the desired signal, and forced fo make a constant voltage
response of its transfer function to this signal. Several problems such
as the following arise from this guideline:

(a) If an interference which is coherent with the desired signal arrives,
as is usually the case in multipath propagation, the system tends to
utilize this interference to cancel the desired signal in order to
minimize the output power[55],[72]-[75].

(b) When the prescribed angle of arrival of the desired signal is not
accurate enough, the system takes the desired signal for unwanted
interference and tries to suppress it[30].

(c) When the desired signal is broadbanded, its sideband component which
does not satisfy the above constraint becomes a target for the system
to suppress[48],[76],[77].

A1l (a), (b) and (c) result from the excessive fidelity of the system
to the given mission to minimize the outpué power. In those cases where
nulls mustibe formed in the vicinity of the constrained direction or

frequency, the control algorithm usually guides the variable weights to
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extremely large values in magnitude. This may be compared to super-
directive arrays. By analogy, it is expected that the cancelling can be
moderated if we add some amount of internal noise to prevent the system
from being too super-directive, i.e., not so fierce as to harm the desired
signal. The idea of taming the adaptive array by injecting additional
noise(internal or thermal) is not new, but simply turned down for the
following reasons:

(1) the contamination of the desired signal by the added noise.

(2) the reduction of the capability to suppress the interference.

Fortunately, the nature of the DCMP system allows us to add 'pseudo"
noise, instead of real noise, during its feedback processing so that we
may avoid deteriorating the SNR of the output, solving the problem (D).
The second concern comes 'from the misbelief that the adaptive array
balances the internal and external noises. In fact, it is their gradients
in terms of the weights that are balanced as discussed in Chapter 3. Wheﬂ
we look at the components of the output of the adaptive antenna, we notice
that the external interference is very much smaller than the internal
(thermal) noise component. Therefore, we can moderate the cancellation
capability of this system and still have good suppression against the
external interference. This is how we reached the concept of the "Tamed
Adaptive Antenna Array"[78],[79].

As another cancellation problem, we will study the effects of mutual
coupling and random input errors on the steady-state performance of the
DCMP adaptive array. Most analyses on the performance of adaptive arrays
assume the uniform reception of the incoming plane waves by each element.
Several papers, however, reported the effect of the mutual coupling
between the array elements of the various adaptive arrays such as the

least mean square (LMS), Howells-Applebaum and power - inversion



principles[80]-[82]. Some other papers[83]-[85] dealt with the random
errors of the amplitudes or phases of the received signals at the
elements. These papers reported significant effects on the performance of
the adaptive arrays. If the DCMP adaptive array has such effects, there
arises some discrepancy between the desired signals actually received by
the elements and those assumed in setting the constraint. Consequently,
the desired signal may be regarded as the unwanted one and becomes a
target of suppression, which is similar to the cancellation problem of the
above (b). Therefore, it reminds us to adopt the tamed adaptive array of
the present interest to protect the desired signal in cases of the mutual
coupling and random input errors. We shall see the improvement over the
conventional DCMP adaptive array.

In the next section, we describe system and input models for the
analysis. In Section 5.3, we analyze the performance of the DCMP adaptive
array in adverse radio environments such as the problems (a) ‘and (b)
mentioned above, and afterwards we introduce the tamed adaptive array as
the improved DCMP system in Section 5.4. Section 5.5 1is devoted to
evaluating the broadband performance of the tamed adaptive array which we
deal with as the problem (c). Sections 5.6 and 5.7 are concerned with the
performance under the effect of mutual coupling between array elements and
under the effect of random input errors, respectively, and the results of
the conventional DCMP system and the tamed system are compared. Section

5.8 states the conclusions.

5.2 Description of Models for Analysis

Let us consider a K-element, L-tap adaptive array shown by Fig.3.1 and

assume that the elements are isotropic and spaced equally by a half



wavelength., There are three kinds of external wave fields arriving at the
system; (1) the desired signal, (2) the c-interference, and (3) the
j-interference. Their angles of arrival and average powers are denoted by
85, Ocs 9i, Pg, Pc and Pj, respectively. Another input, the internal
(thermal) noise appears at each tap with the equal average power of Pp.
Therefore, various input parameters defined in Chapter 3 such as SNR, SIR

and CSR{or r) are given by

P
Input SNR = S (5.1)
L P,
P
Input SIR = —2 (5.2)
Py
P
Input CSR = r = —0x (5.3)
PS

Throughout this chapter, we assume that r is equal or less than O dB.
. As the guiding priﬁciple, we adopt' DCMP approach with the single
constraint where the constraint matrix Cq4 and the constrained response

vector H are given by eq's.(3.21) and (3.22).
5.3 Protection of the Desired Signal in Adverse Environments

5.3.1 The Effect of the Coherent Interference[73],[86]

We take an example of 4-element, 2-tap system, and calculate eq.(3.31)
to obtain the optimum weight. Table 5.1 shows the parameters of the input
model and constraint we use. Fig.5.1 shows the results of the relation
between the input SNR and the output SINR while changing the c-—
interference power expressed in ferms of the input CSR, r. It is clearly
seen that the output SINR deteriorates as r increases. Moreover, it is

interesting that there is an optimum value of the internal noise that
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Table 5.1 Input model and constraints under the effect of coherent

interference.

desired signal (S) | angle of arrival : 64 = 0°
power Pg =1
coherent (C) | angle of arrival : 8. = 60°
interference power : Pe=1
incoherent (I) | angle of arrival : 6; = -50°
interference power P; = 100
thermal noise power Pp = 0.01
constrained angle : 0q = Bg
constrained frequency 2 £ = £o(=1)

Note: All external waves are narrowbanded.

30 1 v T T

OUTPUT SINR (dB)

INPUT SNR (dB)

Fig.5.1 The relation between the input SNR and the output SINR under
the effect of coherent interference. (see Table 5.1)



maximizes the output SINR, and that this optimum input SNR depends on the
power of the c-interference. Next, we examined its dependence on the
i-interference input, and found out that neither the power nor the angle
of arrival of the i-interference have remarkable effect except for the
vicinity of 6.=0i(=60°). This means that we can determine the optimum
internal noise without the knowledge on the i-interference.

Now, we will denote the above optimum internal noise by Pp,, and
obtain its formula analytically by assuming that no i-interference
arrives. For a narrowband input signals, L=2 is sufficient, and hence we
can adopt the complex expression defined in Section 3.5 here again. By

using notations defined by

Zg = Cq = (1/V2)[explj¥1(8s)}, .., explj¥k(8)}]T (5.4)

Ze = (1/VZ)[expli¥1(8c)},..s expl j¥g(6)}IT (5.5)
where

¥ (6y) = m{k - (K + 1)/2} sin 84, (x=s or c; k=1,.., K) (5.6)

we can express the complex correlation matrix as follows:

Ryx = PpU + ded+ (5.7)
X4 = VPgZg + VPeexp(-josc)Zc (5.8)

where ¢g. denotes the phase difference of the desired and c-interference
measured at the reference point(the center of the array). Since we can
obtain Rxx—l by applying the matrix inversion formula[63] to eq.(5.7), the
~ complex optimum weight vector given by eq.(3.80) can be derived for this

case as follows:
wopt = C[{ZPn + K(Pg + Pc + 2A43.VPgPc cos ¢SC)}F

- 2H¥(Pg + Agc/Pe exp(idgc)Xql (5.9)
where

z = {2P, + KP.(1 - Age)}L (5.10)
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2 z.TF* sin{Kn(sin 84-sin 6.)/2)
Age = — 225 S = S c (5.11)
K H Ksin{m(sin B4-sin 6.)/2}

Therefore, the output SNR (denoted by SNRy,t) can be expressed as

follows:
SNRout = P4ut/PPout (5.12)
Pdout = woptfxdxdﬂ"opt ‘
= (Pg + Agc?Pc + 2A3cVPPe cos bgc) (2Pz|H|)? (5.13)

Ploye = Pnwoptfwopt
(2/X)Py, |H|?

]

+ 2KPpP(1 - Agc®)T|H|2(Pg + Agc?Pe + 2A3/PgPe cos bgc)
(5.14)

Thus, equating the derivative of SNRy,¢ by P, to be zero, we have

Pho = (K/2)/P.(Pg + Pe + 244cPgPccos dgc)(l - Age?) (5.15)

Unless the angle of arrival of the c-interference is close to that of the
desired signal, we can appfoximate
Age? K1 : (5.16)

and eq.(5.15) becomes

Pho = (K/2)/P.(Pg + P. + 2A4cPgPecos dgc) (5.17)
With further approximation, we have
Pho = (K/2)YP.(Pg + P.) (5.18)

For K=4, and Pg,=P.=1, we obtain from eq.(5.18)

Pho =3 _ (5.19)
Review of the curve for r=0dB in Fig.5.1 showing the optimum input SNR of
about -7.8dB (i.e., P, amounts to 3.01) confirms that eq.(5.19) is a good

estimate.



Table 5.2 Input model and constraints in the presence of

pointing error.

desired signal (S) | angle of arrival : Og (var.)
power : Pg - 1
incoherent (I) | angle of arrival : 8 = -50°
interference | power : Py = 100
thermal noise power : Pp = 0.01
constrained angle : 6 = 0°
constrained frequency : fq =>fo(=1)
pointing error : 8 =0g - 8¢

"+ Note: All external waves are narrowbanded.

30
20
10

0

-10

-20

-390 .
-20 -10 0 10 20 30

INPUT SNR (dB)

OUTPUT SINR (dB)

Fig.5.2 The relation between the input SNR and the output SINR under
the effect of pointing error. (see Table 5.2)
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5.3.2 The Error in Pointing the Angle of Arrival of the Desired
Signal[87]

Using the same 4-element, 2-tap system, we calculate the effect of
pointing error of the constraint direction. The parameters of the input
model and constraint are shown in Table 5.2. Fig.5.2 shows the relation
between the input SNR and the output SINR while varying the pointing error
8. With a high input SNR, i.e., weak internal noise, the output SINR is
sensitively affected by the error of the constraint direction. With
stronger internal noise, however, the decrease of the output SINR is more
gradual although the best possible output SINR obtained at the error-free

condition is somewhat low compared with the case of weak internal noise.
5.4 The Improved System Using the Pseudo Noise (Tamed Adaptive Antenna)

As we discussed in the previous section, we can improve the output
SINR by intentionally adding some amount of internal noise when the
c-interference is strong or when the setting of the constraint direction
is not accurate enough. This method, however, brings about a broblem that
the internal noise component in the output increases. Here, we can take
advantage of the DCMP algorithm that the feedback signal is generated by
the matrix manipulation in a feedback route as will be discussed later.
In short, we do not inject any real internal noise in the sigﬁal—floﬁ
route, but add some pseudo noise in the feedback route to affect the
calculation of the optimum weight. Thus, we can escape from increasing

the noise component in the signal-flow route output.

5.4.1 The Method of Injecting the Pseudo Noise

We denote the pseudo noise power by o (2 0), and modify the input
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correlation matrix Ryy, i.e., we use R'yy in place of Ryy when we
calculate the optimum weight. R'yy is given by

R'yx = Ryx + 0 U (5.20)
The optimum weight vector W'pny is now given by

Wiopt = R'yxx71C4(CaTR i~ 1)~ 1H (5.21)
Let us consider two extreme cases. With a=0, the above w'opt corresponds
to Wopy of eq.(3.31) and we have an ordinary DCMP array. With o tending
to infinity,

Wopt = Ca(CqTCe)~1H = F (5.22)
and we have the pattern of a uniformly excited array with its mainbeam
pointed to the constrained direction. In order to get a mathematical
interpretation, let us recall the cost function to be minimized in the
conventional system, Q(W) of eq.(3.26), which is rewritten here as

follows:

[y

QW) = WIR, W + AT(C4TW - B) (5.23)

2

For the improved system, we have

Q'(W) = _;_ WIR' W + AT(C4TW - H)
-2 wT. W+ AT(CqTw - H Lo wlw 24
= 5 WRGW + AM(Cg'W - 1) + — « (5.24)

Thus, we have effectively introduced an additional constraint on the norm

of W so that it may not become excessively large.

5.4.2 New Gradient Algorithm

The description of the new algorithm for the improved system using the
pseudo noise is now given on the basis of the conventional DCMP algorithm.
The new algorithm is first given by

W(mt+l) = W(m) - pv,Q' [W(m)] (5.25)
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Therefore, tracing the same process as the conventional one shown in
Chapter 3, we obtain the following equation from eq.(5.25):

W(m+l) = P[W(m) - uR'"yyW(m)] + F (5.26)
which is equal to the form of eq.(3.45) where Ryx is merely replaced by

R'yx. Substituting eq.(5.20) into eq.(5.26) gives

W(m+1) = P[W(m) - u(Ryy + aU)W(m)] + F

P[(1 - pa)W(m) - uRy,W(m)] + F (5.27)
Thus, approximating Ryy in eq.(5.27) by X(m)XT(m), we obtain the practical
algorithm for the improved system which is written as follows:

W(m+l) = P[(1 - po)W(m) - puX(m)y(m)] + F (5.28)
Eq.(5.28) shows that the system trieé to decrease the norm of the weight
by compression factor, (1 - pa), at every iteration. The geometrical
interpretation of this new algorithm is shown in Fig.5.3, which is
compared with the conventional one shown in Fig.3.5.

The convergence condition of this algorithm can be obtained in the
same manner as the conventional one given by eq.(3.56), i.e.,

1 (5.29)

max

0<uk

where A'p.y represents the maximum eigenvalue of PR'yxP and, similar to
the conventional case, it is related to the maximum eigenvalue of R'yx»
0'max by

0 < Mpax S 0'pax (5.30)
Also, it is clear from eq.(5.20) that the relation 0'pay = Opax + @ holds
where Opay is the maximum eigenvalue of Ryy. Therefore, the sufficient

condition of eq.(5.29) is expressed as

1 1

1
0 max Omax + @

0<u<

(5.31)

After all, making reference to eq.(3.58), we can obtain the practical
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"Fig.5.3 Geometrical interpretation of the algorithm of tamed adaptive
array.
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convergence condition for the new algorithm which is written as

2
3{trace(Ryy) + a}

0<u<l (5.32)

5.4.3 Numerical results

Optimum weights are calculated by eq.(5.21) for the system of
4-element, 2-tap array. Various characteristics of the array are then
derived from them.
Case A the presence of the coherent interference

We use the values of the parameters of input and constraint vshown in
Table 5.1. Fig.5.4 shows the adapted pattern for three different values
of a, the pseudo noise, with.r béing 6dB; The'output components and SINR
corresponding to these patterns are summarized in Table 5.3. For the case
(a) which is actually the conventional system, the suppression of the
i-interference is best while the desired signal is also cancelled by the
c-interference. Comparing the output components of the i-interference and
internal noise, we notice that the former is unnecessarily low. As we
increase a, as in case(b), the suppression capability is somewhat
moderated, and the signal is saved from cancellation. If- we increase o
too much, however, as in case(c), the system does not make a null in the
direction of the i-interference and loses its function as an adaptive
antenna. This suggests that there is an optimum value for the ~ pseudo
noise. Fig's.5.5 and 5.6 show the investigation of how the optimum
internal noise is affected by CSR and P;, respectively. In Fig.5.5, the
meaning of the abscissa is twofold. For the solid curves, it is the sum
of real and pseudo noise, i.e., P,+a with an assumed value of P,=0.01.
For the dashed curves, the abscissa means true value of Ph. They differ

because the pseudo noise does not contaminate the signal-flow route. The
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- Fig.5.4 The directional patterns for various levels
power(a) where I, S and C in the figure
arrival of the incoherent
coherent interference, respectively:

(c) 0=100. (see Table 5.1)

(a)

Table 5.3 Output components and SINR corresponding
in Fig.5.4.

show the
interference, desired

of pseudo noise
angles of
signal and

a=0, (b) a=1,

to the patterns

(a) a=0 (b) a=1 (c) a=100
desired signal 0.187x10~4 0.728x10-1 0.525
i-interference 0.141x10-8 0.102x10~% 0.834
thermal noise 0.838x10~2 0.653x10~2 0.517x1072
SINR (dB) -26,51 10.47 -2.04
Note: The desired signal component includes coherent

interference.
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Fig.5.5 Solid curves show the relation between the pseudo noise

power(a) and the output SINR while dashed curves show that
between the real internal noise and the output SINR. The
input coherence-to-signal ratio(r) is varied: (a) r=0dB,
(b) r=-20dB, (c) r=-40dB. (see Table 5.1) -
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Fig.5.6 Solid curves show the relation between the pseudo noise

power(a) and the output SINR while dashed curves show that
between the real internal noise and the output SINR. The
interference power P; is varied: (a) Pj=10, (b) Py=1,
" (c) P4=0.1. (see Table 5.1)
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Fig.5.7

QUTPUT SINR 15.18 dB

i 1 i J B
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PRI | c .
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The directional pattern obtained by using the optimum pseudo
noise power of a=3., I, S and C in the figure show the angles
of arrival of the incoherent interference, desired signal and
coherent interference, respectively. (see Table 5.1)
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solid curve in (c), the case of weak c-interference, shows a plateau of
the output SINR which means a wide region of the pseudo noise can produce
a good SINR. Therefore, the setting of o for the worst case, i.e., r=0dB,
will guarantee good performance for other cases of r<OdB. Now, we fix
r=0dB, and vary the power of the i-interference, Pj. Fig.5.6 shows the
results. The abscissa has the same twofold meanings as in Fig.5.5. This
figure designates that the optimum pseudo noise is almost constant for
 different P;'s. Also, the optimum values of P, corresponding to the peak
of the dashed curves give high SINR's of the solid curves in all cases of
(a) through (c). Although eq.(5.15) is for the real internal noise, the
above results suggest that we can utilize it to determine the optimum
pseudo noise, o as well. Thus, o may be calculated by the approximation

of eq.(5.18) for Pe=Pg(or r=0dB):
dopt = KPg/v2 (5.33)

Qopt is proportional to the number of elements, K and the input power of
the desired signal, Pq. We only need a rough estimate of Py since the
range of the pseudo noise for good‘SINk is quite wide as demonstrated
above. For the case of 4-element system, and Pg=1, we use eq.(5.33) and
approximately decide.

Gopt =3 (5.34)
Fig.5.7 shows the adapted pattern where the parameters are the same as 1in
Fig.5.4 except that o is chosen to be 3. By the obtained optjmum weight,
the output SINR is calculated to be 15.18dB, in contrast to -26.51dB for
the conventional system (a=0).

We carried out numerous calculations with various combinations of the
c- and i-interferences. The results conclude that the performance of the

improved system is satisfactory unless the angle of arrival of these
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Fig.5.8 The relation between the pseudo noise power(a) and the output
SINR in the presence of the pointing error. (see Table 5.2)
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Fig.5.9 The relation between the pointing error(§) and the output
SINR. The solid curve is by the tamed system, while the
dashed one, the conventional system. (see Table 5.2)
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interferences falls into the vicinity of the desired signal,
Case B Pointing error of the constrained direction

We used the parameters shown in Table 5.2 for the same 4-element,
2-tap system. Fig.5.8 shows the relation between the pseudo noise power
and the output SINR for different values of the pointing error, 8. It is
seen that the pseudo noise of the same order of the desired signal again
gives high SINR throughout. We adopt the same value of a=3 as in the
previous case, and calculate the relation between the pointing error and
the output SINR. The solid curve in Fig.5.9 show the result. The dashed
curve in the same figure is the result by the conventional system and
shown here for comparison. It is demonstrated that the tamed system

allows us wide margin for the pointing error.

5.5 Broadband Performance of the Tamed Adaptive Antenna

The next topic is the frequency characteristics of an adaptive array
in terms of the desired signal[88]. In most DCMP adaptive arrays, the
sideband component of the desired signal is taken for the unwanted
interference and becomes a target of suppression. This results in the
uneven passband characteristics of the system transfer function, hence,
distortion of the desired signal. By analogy of space to frequency, the
favorable effect shown in the previous section in terms of the pointing
error is expected to solve this problem. Our numerical.results did prove
that this is true. We use a 4-element, 4-tap system[89] and the desired
signal is assumed to have a flat spectrum over its specified band as shown
by Fig.5.10. We denote the center frequency and bandwidth by f, and d&f,
respectively. In the following calculation, the fractional bandwidth is

taken to be 407. Other parameters used in the calculation are shown in
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Fig.5.10 Frequency spectfum of broadband signal.

Table 5.4 Input model and constraints for the case of

the broadband desired signal.

desired signal (S) | angle of arrival : 85 = 30°
power : Pg=1
bandwidth : O8f = 0.4f,
incoherent (1) | angle of arrival : 63 = -50°
interference power : P; = 100
thermal noise power : Py = 0.01
constrained angle : 8 = B¢
constrained frequency : 4 = £,(=1)

Note: The incoherent interference is narrowbanded.
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Fig.5.11
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The frequency characteristics for the broadbanded desired
signal. The solid curves are the results by the tamed
system, while the dashed ones are by the conventional
system. The former gives 20.99dB in SINR, and the latter,
7.46dB. (see Table 5.4)
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Table 5.4. The i-interference is assumed to be narrowbanded. Fig.5.1l1
compares the frequency ~responses  to the signal from the constrained
direction. The amp1i£ude and phase curves of the taﬁed system are flatter
and straighter, respectively, than those of the conventional system. Ve
also obtain higher output SINR of 20,99dB by the tamed system, in contrast

to 7.46dB by the conventional system.
5.6 Performance under the Effect of Mutual Coupling

5.6.1 Description of Input Models
Since we treat only the narrowband signals hereafter, we will express
them in complex notation. Then, the complex optimum weight vector of the
tamed adaptive array is given by
Wopt = (Rey + a)71Cy [CqT(Ryy + aU)-1Cq]-1n* (5.35)
where the pseudo noise a is given by eq.(5.33). The expression for the
element output voltages under the effect of the mutual coupling between
array elements must be derived. After Ref.[81], the required expression
can be obtained by considering the K-element array as a K+1 terminal
linear, bilateral network responding to an outside source as shown
by Fig.5.12. In Fig.5.12, each port of the K-element array is shown to be
terminated in a known load impedance zj. The array has as its driving
source a generator with opén circuit voitage Vg and internal impedance Zg-
Using standard notation, we can write the Kirchoff relation for the K+l

terminal network as

Vl = lell + ¢ ¢ + Zlklk + ¢ * 4+ ZlKlK + leis
Vg = 2zpqdip 0t Zpgdg + 00+ iy + 2zksis (5.36)
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Fig.5.12 Antenna array as a K+l terminal network.
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VK = ZKlil + ° ° + ZKkik + * * + ZKKiK + ZKSiS

where zj} represents the mutual impedance between the i-th and the k-th
ports (in the special case of i=k, it is the self-impedance). Further,
making use of the relationship between terminal current and load impedance
gives

i = - —& (k=1 2,.., K) (5.37)

. 2y,

If all the elements in the array are in an open circuit condition, then

ik, =0 (k=1, 2,.., K) (5.38)

and thus from eq.(5.36)
Vk = sziS é Vok (k=1, 2,.., K) (5.39)

Substituting eq's.(5.37) and (5.39) into eq.(5.36), we obtain the

following matrix equation:

ZoV =V, (5.40)
where
1+211/ZL ZIZ/ZL ceee ZlK/ZL
221/2L- 1+222/ZL oo 22K/ZL
Zg = . . g y (5.41)
B zKl/zL ZKZ/ZL ceee 1+ZKK/ZL_
V= [Vl, V2,.., VK]T (5.42)
Vo = [Voy» Vogs++s VoglT (5.43)

Zy is the impedance matrix normalized by the load impedance z;, and V and
Vo, are the vectorial expressions of the element output voltages and the
open circuit voltages at antenna terminals, respectively. Since the

matrix Z, is nonsingular, eq.(5.40) is reformed as follows:
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V= 2,1v, (5.44)
If we ignore the mutual coupling between array elements, then the
matrix Z, becomes the identity matrix multiplied by a scaling factor since
the self-impedance zyp's(k=1,...,K) are identical. Therefore, let V'
represent the element output voltage vector in the absence of the mutual
coupling, which can be expressed as
vt =g-lyy (5.45)
where B=1+zkk/zL and is a complex constant. Eliminating Vo with
eq's.(5.44) and (5.45), we obtain the following equation:
V=821V (5.46)
We can use BZO‘1 in eq.(5.46) as a transformation matrix which transforms
the element output voltage vector without the effect of mutual coupling
into the expression under that effect. By using the above transformation
matrix, we can express the input signal vector to the array processor, X,
as follows:
Cx- BZ,ml vt + N (5.47)
where N is the vectorial expression of the thermal noise  input.

Consequently, the complex correlation matrix is expressed as follows:

Ryyx = E[XXT]

1812 Zo=lE[V'V' T1(zo-1)t + P U (5.48)
E[V'V'+] in eq.(5.48) corresponds to the correlation matrix of the input
signals in the absence of mutual coupling. If we suppose that the desired
signal and only one i-interference are incident on the array, it can be
expressed in the following manner after eq.(3.91):

gvv'ty - pecicit 4 pizezi T (5.49)
svdd ibidy

5.6.2 Numerical Examples

Numerical calculation is carried out on a linear, equi-spaced adaptive
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array consisting of four, half-wavelength, center-fed dipoles with the
adjacent spacing of a half wavelength. The configuration of the array is
shown in Fig.5.13. The system adopts side-by-side arrangement of the
vertical dipoles. The desired signal and interferences are assumed to be
vertically polarized and incident in the horizontal plane. The self- and
mutual impedances between the dipoles are computed by the induced
electromotive force (EMF) method[90]. The load impedance is equal to the
complex conjugate of the self impedance of the single dipole, i.e.,
zL=zkk*. The parameters fbr radio environment are shown in Table 5.5.

We obtain the optimum weight by eq's.(5.35), (5.48) and (5.49), and
calculate the directional pattern in the horizontal plane of the array by
using

D(8) = [{BZo1S(8)} TWope™|? (5.50)

where S(0) is a scanning vector which is expressed as follows:
S(8) = (1/V2)[exp{j¥1(0)},..., exp(j¥x(8)}1T (5.51)

Also, the output SINR can be given by

Psout

SINR = — (5.52)
Plout + Plout
where
PSout = Psl(BZo_lcd)Twopt*I2 (5.53)
Ploue = P3| (BZo7123)TWop |2 (5.54)
Plout = Pnlwoptl2 (5.55)

We show the directional patterns in the horizontal plane of the
conventional DCMP adaptive array (a=0) in Fig.5.14, and those of the tamed
adaptive array (0=3) in Fig.5.15, where (a) and (b) in each figure
correspond to the patterns in the absence and presence of mutual coupling,

respectively. Fig.5.14(b) shows the serious decrease of the response in
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Fig.5.13 An array of four, center-fed, half-wavelength dipoles in
side-by-side arrangement.

broadside

Table 5.5 Input model and constraints in the presence

of mutual coupling or random input errors.

desired signal (S) | angle of arrival : 65 = 0°
power Pg =1
incoherent (I) | angle of arrival : 6; = -50°
interference - ‘power P; = 100
thermal noise power P, = 0.01
constrained angle : 6 =0°
constrained frequency : £9 = £4(=1)

Note: All external waves are narrowbanded.
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Fig.5.14 The directional patterns of conventional DCMP adaptive

array, where I and S in the figures show the angles of
arrival of the interference and desired signal,
respectively: (a) pattern in the absence of mutual coupling
(SINR=22.69dB), (b) pattern in the presence of mutual
coupling (SINR=2.53dB). (see Table 5.5)
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Fig.5.15 The directional patterns of tamed adaptive array (a=3),
where T and S in the figures show the angles of arrival of
the interference and desired signal, respectively:
(a) pattern in the absence of mutual coupling
(SINR=21.56dB), (b) pattern in the presence of mutual
coupling (SINR=21.41dB). (see Table 5.5)

- 103 -



the direction of the desired signal due to the effect of the mutual
coupling. As the result, the output SINR of this conventional DCMP system
degrades from 22.69dB for Fig.5.14(a) down to 2.53dB for Fig.5.14(b). On
the other hand, the tamed system is little affected by the mutual coupling
as shown in Fig.5.15(a) and (b). Good output SINR of 21.41dB is kept even

in the presence of mutual coupling.
5.7 Performance under the Effect of Random Input Errors

The mutual coupling is one of the causes of errors in the constraint.
Wavefront distortion or array geometry errors are other possible causes.
In this section, we will extend our discussion to the effect of general

random input errors.

5.7.1 Description of Input Models
For simplicity, we consider here two external waves, the desired
signal and i-interference. Let V'g, represent an output voltage of the
desired signal at the k-th array element in the absence of random errors,
and Vg the output voltage in the presence of those errors. Then, Vg
shall be expressed as follows:
Vek = (1 + gga1) V' skexp(j2megpy), k=1, ..., K (5.56)
where €gak and €gpy represent the error components in the amplitude and
phase of the desired signal of the k-th array element, respectively.

In the vectorial notation, eq.(5.56) is written as follows:

Vs = DgV's (5.57)
where

Vs = [Vsq, Vegrenr Vg7 (5.58)

Vig = [V'sys Vigpoews ViggdT ' (5.59)
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Dg = diag{(1+€sal)exp(j2nssp1),.., (1+€saK)exp(j2ﬂespK)} (5.60)
where diag{ } denotes the matrix having specified elements in the
diagonal. Likewise, we assume that the element output voltages of the
i-interference, Vjy(k=1,..,K), include similar random error components,

which is expressed in the vectorial notation as follows:

Vi = DiV'y (5.61)
where

Vi = [Vigs Vigsees ViglT (5.62)

V= [V, VVigsen, Vgl (5.63)

Di = diag{(1+€ial)exp(j2ﬂ€ip1),.., (1+€iaK)exp(j2n€ipK)} (5.64)

where V'jy represent an output voltage of the i-interference at the k-th
array element in the absence of random errors, and €j,1 and Eipk are the
error components in the amplitude and phase of the i-interference of the
k-th array element, respectively. V'g and V'; are equal to the desired
signal and the i-interference input vectors S(t) and I(t) given by
eq's.(3.89) and (3.90), respectively. In this discussion, we assume that
all those error components are statistically independent random variables
with zero mean and common variances of Oaz in amplitudes and of 0p2 in

phases, respectively, namely,

Elegak] = El€jak] = O (k=1, 2,.., K) (5.65)
E[egpk] = E[ejpk] = 0 (k=1, 2,.., K) (5.66)
Elesak®] = Elejak®] = 03>  (k=1, 2,.., K) (5.67)
Elegpr®] = Elejpr?] = 0p?  (k=l, 2,.., K) (5.68).

Now, in this situation, the input vector X is given by
X=Vs+Vi+N (5.69)
where N is the thermal noise input vector. Therefore, the complex

correlation matrix Ry, is expressed as follows by using eq's.(5.57) and

(5.61):
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Ry = E[XXT]
= E[VeVsT] + E[v;v;T1 + PoU
= DE[V' V' TIDg* + D4E[V' V'3 71D + Py (5.70)
Considering E[V'SV'S+] = PSCdCd+ and E[V'iV'iT] = PiZiZi+, we obtain

further from eq.(5.70)
Ryy = PaDsCyCq Ds™ + PiD;iZ5Z; TD;* + PrU (5.71)
For the case where more than one interferences arrives, we can apply the

same input modeling as the above to them.

5.7.2 Numerical Results

We will show the numerical results of the output SINR in the presence
of random errors described above. The calculation are carried out on a
four-element, linear, equi-spaced adaptive array of the isotropic elements
with the element spacing of a half wavelength. The parameters for radio
environment in Table 5.5 are used here again. In this situation, after
the optimum weight is obtained by using eq.(5.71) in eq.(5.35), PS,ut»

Pi ¢ and PPy, are respectively given by

PSout = E[IvsTwopt*lzl = Psl(Dscd)Twopt*I2 ‘ (5.72)
Piout = E[IViTwopt*lzl = Pil(DiZi)Twopt*i2 (5.73)
Phout = Pnlwoptl2 (5.74)

The output SINR is computed by eq's.(5.52) and (5.72)-(5.74).

Fig.5.16 illustrates output SINR of the conventional system as
functions of variances, 0,2 and 0p®. Twenty independent trials of the
random errors were used to obtain the average output SINR at each point in
Fig.5.16. It is seen from Fig.5.16 that the conventional system suffers
from severe deterioration by the random input errors, especially sensitive
to phase errors. For example, the SINR degradation from its optimum value

at op?=0,%=0 is 34.88dB where 0,?=0.005 and 042=0, and 18.59dB where
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Fig.5.16 Output SINR of ‘conventional DCMP adaptive array as functions

of both amplitude variance, oaz, and phase variance, Op2
in the presence of random input errors. Output SINR at each
point is an averaged value using twenty independent trials
of the random errors. (see Table 5.5)
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Fig.5.17 Output SINR of tamed adaptive array (a=3) as functions of
both amplitude variance, oaz, and phase variance, 0p2
in the presence of random input errors. Output SINR at each
point is an averaged value using twenty independent trials
of the random errors. (see Table 5.5)
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0,%=0.005 and 0p2=0. Fig.5.17 shows the results of the averaged output
SINR of the tamed system that are obtained by the same method as Fig.5.16.
The deterioration of SINR due to those errors is very small. Comparing
Fig.5.17 with Fig.5.16, we can see that the tamed system is much more

robust against the random input errors.
5.8 Concluding Remarks

In this chapter, we discussed the steady-state performance of the
adaptive array under the DCMP algorithm suffering from cancellation or
distortion of the desired signal in such cases as;

(a) the presence of a coherent interference,

(b) the pointing error of constrained direction, and

(c) the broadband desired signal.

As the results of numerical calculation and theoretical analysis, we found
out that we can improve the output SINR by intentionally adding some
émountvof internal noise when the c-interference is strong or when the
setting of the constrained direction is not accurate enough. This method,
however, brings about a problem that the internal noise component in the
output increases. Then, we took advantage of the DCMP algorithm that - the
feedback signal is generated by the matrix manipulation. in a feedback
route. In short, we do not add any real internal noise in the signal-flow
route, but inject some "pseudo noise" in the feedback route to affect the
calculation of the optimum weight. Thus, we have succeeded in escaping
from increasing the noise component in the signal-flow route output. The
optimum amount of pseudo noise to be injected was also discussed and its
formula is given by eq.(5.33). We named this improved DCMP system "Tamed

Adaptive Antenna Array." The tamed adaptive array has been proved
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effective to protect the desired signal from the adverse cases of (a)
through (c).

All examples concerning the above are for the case of a 4-element
array. Though not shown here, other cases were also studied. To
summarize the results in short, the array becomes more sensitive to the
pointing error and bandwidth of the desired signal as the number of its
elements increases(as the natural results of larger aperture). The need
of "taming" will be more urgent in such cases. Also, the tamed system is
more effective against the coherent interference in a larger array.

As the extension of the above problem (b), we studied the effects of
mutual coupling and general random input errors on the steady-state
performances of the conventional and tamed DCMP adaptive arrays.
Concerning the mutual coupling, we examined the performance by using
the four-dipole linear array system and EMF (the induced electromotive
force) method for the self- and mutual impedances. As to the random input
errors, Gaussian random variables are employed in computation. The
results of numerical examples show that such effects cause serious
deterioration of the performance of the conventional system due to the
suppression of the desired signal. On the other hand, the tamed system is
shown to be robust against such effects by providing a good protection of
the desired signal.

A similar problem resulting from the effect of mutual coupling is
treated in Ref.[81] and a countermeasure is proposed which can be adopted
in the Howells-Applebaum adaptive array. This scheme requires precise
modification of the steering vector based on the exact knowledge about the
mutual impedances. It is evident by the results presented in this chapter
that our tamed system is much simpler and suited for wider variety of

circumstances.
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As stated above, only simple operation of injecting some pseudo noise
in the feedback route brings about various remarkable improvements over
the performance of the DCMP adaptive array. It is one of noteworthy
virtues of the DCMP system which adopts the digital computer as the

adaptive signal processor.
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CHAPTER 6
ADAPTIVE ARRAY USING

SPATIAL AVERAGING TECHNIQUE

6.1 Introduction

An adaptive array working under the guiding principle of directionally
constrained minimization of power (DCMP) wusually assumes that the
interference is not coherent with the desired signal[27]},[30]. 1If, on the
other hand, the interference is coherent with the desired signal, which is
usually the case in multipath environments, the system tends to utilize
this dinterference to cancel the desired signal under the  DCMP
algorithm{72]1,[731,[78]1,[79],[91]. The tamed adaptive array we proposed
in Chapter 5 is an improved system against the coherent interference, but
its objective is to protect the desired signal from such cancellation, not
to suppress ;he coherent interference. That is why in this chapter, we
investigate further improvement of the system for the purpose of
suppressing the  coherent interference. Examining cérefully the
characteristics of the correlation matrix of the complex inputs at
jdentical sensor elements, we have found out the following. In the case
of incoherent interference, the correlation matrix is Toeplitz, as well as
positive definite and Hermitian, because there is no cross correlation
between the desired signal and the incoherent interference. In the case
of coherent interference, on the other hand, the correlation matrix is not
Toeplitz since each element of the matrix is affected by the «cross

correlation term between the coherent waves arriving through different
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propagation paths. Therefore, it is expected that if by some means the
correlation matrix i; made Toeplitz, then this modified matrix can be used
to determine the weights of the array elements to suppress the coherent
interferences as well as the incoherent ones.

Recently, the techniques of spatially averaging the correlation
matrices have been reported iﬁ the fields of adaptive nulling[72],[53],
[54],[921,[93] and direction finding[56],[94]. They divide the array into
sub-arrays and average the input correlation matrices of these sub-arrays
to get a resultant matrix whose size is the same as that of one sub-array.
Thus, the size of the full array is sacrificed in order to "decorrelate"
the incoming coherent waves. The published results claim that this
technique can suppress the cross correlation term and obtain a
well-behaved correlation matrix. Particularly in the case‘ of direction
finding of coherent sources, this method brings about satisfactory
performance in conjunction with eigenstructure techniques of the
correlation matrix[33]-[41],[56],[57]. However, as shown in this chapter,
the interference suppression obtained using this techniques is not
perfect. The reason for this is that the resultant matrix is not close to
Toeplitz by the simple averaging over the finite array aperture.

In this chapter, we will introduce a toeplitzization algorithm for the
adaptive array which adopts a new spatial averaging technique and producgs
a pattern with deep nulls in the direction of each coherent, as well as
incoherent, interference[95],[96]. It is named an adaptive spatial
averaging since it adapts the variable weights to average the correlation
matrices according to the radio environment.

In Section 6.2, we introduce the spatial averaging technique for
multipath environments. In Section 6.3, we propose a new algorithm, and

demonstrate its successful performance by theoretical and numerical
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analysis. Section 6.4 is concerned with the application of the new
algorithm to the sampled matrix inversion DCMP adaptive array. Section

6.5 states conclusions.
6.2 A Method and Effect of Spatial Averaging

In the present discussion, we assume that the input signals are
narrowband and can be treated by complex expression. As for the array
system, we consider a linear, equally spaced array with the isotropic
sensor elements. For contrélling the element weights, we will adopt the
DCMP method in this qhaptér.

We use a direct hethod of estimating Ryy and determining Wope by

eq.(3.82) which is written as follows here again:
Wopt = Rxx-lcd(cdexx—lcd)_lH* (6.1)

The correlation matrix, Ryy, is ﬁormally obtained by simple temporal
average. Then, the cross correlation between the desired signal and the
c—intefferéncebis.non—zero since their phase relation stays constant.
Therefore, the system regards the sum of them as one wave and tries to
minimize the 6utput, resulting in the cancellation of the desired signal.
That is already demonstratediin Chapter 5.

The phase relation between the desired signal and c-interference can
be randomized by spatially moving the receiving point[51],[52]. If one
moves the receiving array as a whoie in estimating Ryy, the phases of
those waves at a particular element change differently according to their
respective directions of arrival. Thus their phase relation fluctuates.
If we measure their cross correlation at several points, it will tend to

be nullified by averaging. This is the concept of suppressing the
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correlation by spatial averaging. In the following, we will explain it in
detail.

Instead of actually moving the whole M-element array, the array can be
divided into partially overlapping K-element sub—arrays(K(M) as shown by
Fig.6.1. 1In this case, the cross correla£ion between the desired signal
and c-interference can be suppressed by averaging over the sub-arrays.
Let N denote the total number of sub-arrays, and it is expressed as
follows:

N=M-K+1 (6.2)
We put the common phase center for all sub-arrays at the center of the
full array. Then the full M-element input vector is given by

X = [xl, X9seaes xM]T, , (6.3)
and the K-element input vector fof the n-th sub-array, which shall be
denoted by X,, is expressed as follows:

Xn = [xps Xppqseees Xux g7 (n=1,...,N) (6.4)
Accordingly, the correlation matrix of the n-th sub-array, Ryyx.n, is
expressed as follows:

Rexen = B[XX,T1  (n=1,...,N) (6.5)
Fig.6.2 shows the relation between Ryy., and Ryxs the latter being the
correlation matrix of the full array. The spatially averaged correlation

matrix, R'yy,, is given by
1] N '
R XX =n£1v“ RXX'II ) (6.6)

where vn's(n=1,...,N) are averaging weights for the correlation matrices
of the sub-arrays. They are real and subject to the following equation:

N
Zovy =1 (6.7)
n=1

Next, we assume that only two waves, the desired signal and a c-
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interference, are incident on the array and we will examine the effect of
spatial averaging. The thermal noise shall be neglected here. In this
case, Xp, the input signal at the m-th element of the full array can be

expressed as follows:

xm = VPs/2 exp[ j{¥p(85)+0s} ] + VP72 expl j{¥n(Bc)+6c} ] (6.8)
(m=1,...,M)

¥m(8x) = (2md/XM){m ~ (M + 1)/2} sin 84y (x=s or c; m=1,...,M) (6.9)
where Pg and P. are the input powers of the desired signal and the
c-interference, 05 and 6 are their angles of arrival, and ¢g and ¢. are
their phases at the phase center, respectively. d and A are the' élement
spacing and the wavelength of the desired signal, respectively. Then, we
obtain the (p,q) element of Ryy.p, Ip,q-n» Dy using eq's.(6.4), (6.5) and
(6.8): |

E[x

I'p,q*n p+n—1'x"q+n-1]

fl

(Pg/2) exp[j(2md/A)(p-q)sin Og]
+ (Pc/2) exp[j(2md/A)(p-q)sin 6]
+ (PPPe/2)(Zge + Zes) . (py q=1,...,K)  (6.10)

= exp[ jlog-dc+(2md/A){ (p+n-1)sin 65 - (g+n-1)sin 6,

N
0]
(e]

1

-(M+1)(sin 85 - sin 6.)/2}}] (6.11)

= exp[ j{oc~dg+(2md/A){(p+n-1)sin 6. - (g+n~1)sin B4

N
(2]
0

I

~(M+1)(sin 6. - sin 64)/2}}] ) (6.12)

(n=1,...,N)
The third term of eq.(6.10) is the cross correlation of the present
interest. Now, the (p,q) element of R'yy, r'p,q9‘ can be derived from

eq's.(6.6), (6.7) and (6.10) as follows:

=

t
rp’q= E

Vp I .
nep'® TPsqrn
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(Pg/2) exp[j(2md/A)(p-q)sin 6g]

+ (Pc/2) exp[j(2md/A)(p-q)sin 6]

+ (/PgPc/2)(p Z'ge + P 2" ¢s) (p, q=1,...,K)  (6.13)
Z'ge = exp[j{log-0c+(2md/A){p sin 85 - q sin O
~(K+1)(sin 85 - sin 6c)/2}}] (6.14)
Z'cs = exp[jloc-dg+(2md/A){p sin 6¢ - q s‘in 0
~(K+1)(sin 6, - sin 8g)/2}}] (6.15)
N
P =n§1vn exp[ j{(2md/A){n-(N+1)/2} (sin Bg ~ sin 6¢)}] (6.16)

Comparing eq.(6.10) with eq.(6.13), we see that the cross correlation
terms are modiﬁied by the factor p. Therefore, we shall call p the
suppressed correlation factor hereafter. The smaller value of p makes the
c-interference the more 1like i-interference and performs the better
characteristics., Thus, p should be minimized by a proper choice of the
vp's. Conventional averaging techniques adopt. fixed values of vp's. For
example, in uniform weighting[53),[54]),[72],[92], we have

1

vp = 5 (n=1,...,N). (6.17)

In Ref's.[53] and [54], Shan and Kailath claimed that if they use the
sub-arrays which are at least as many as signal sources for the above
uniform spatial averaging, then they can recover the rank of the
correlation matrix that is reduced by the cohérency of those signals. It
is true that this is sufficient for direction finding of coherent sources
with the aid of eigenstructure techniques[33]-[41], but not adequate for
adaptive nulling. The reason is as follows.

We first calculate the adapted response in the direction of the
c-interference of one sub-array after the spatial averaging in the

situation given by eq.(6.8)., Taking the thermal noise input into
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consideration, the averaged correlation matrix R'yx can be expressed as
follows by using eq.(6.13):

R'yx = PpU + PsCaCa’ + Pe2.2.T + o expl j(0s-0¢)}VPoPCqz,

+ p¥exp{-j(0g-0)}VPaPoz.CqT (6.18)
where
Ca = (1/V2)[exp{¥.1(0)}, ..., exp{j¥.x(6s)}1T (6.19)
Ze = (1/V2)[expl3¥%.1(0c)} 1. .., expl j¥k.x(6)} 1T (6.20)
¥gek(Bx) = (21d/X){k - (K+1)/2} sin 64 (x=s or c; k=1,..,K) (6.21)
Letting |
Xy = p'VPsCq + VP2 (6.22)
p' = p expl{j(dg - o)} (6.23)
v =1-]p'|2=1- [p|2, (6.24)

we can rewrite eq.(6.18) as follows:

R'gx = PpU + WPeCaCqt + X4x4T (6.25)
The above eq.(6.25)ijhas a form similar to eq.(3.91) in ‘Chapter 3.
Therefore; we can obtain tﬁe optimum ﬁeight wopt for the sub-array in the
samé manner as the previous derivation. After operating somé

manipulations, it is expressed as follows:

Wopt = L(2/K)H'[{2P; + K(P; + p'*Aq/PoPo)}Cy

- K(p'""VPgPe + AgcPe)Zc] -~ (6.26)
where
g = {2P, + KP.(1 ~ Ag.2)}-1 (6.27)

sin{(Kmd/A)(sin 8¢ - sin 80}
Ksin{(wd/A)(sin 8g - sin 6.)}

sc = (6.28)

Thus, the power responses to the desired signal and the c-interference,

which shall be denoted by Gg and Ge, are expressed as

Gg = |H|? (6.29)
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G

| chwopt* |2

£2|H{2PpAge — Ko'VPgPo(1 — AgcD}|? (6.30)
Under the assumption that the input power of the thermal noise is much
smaller than those of external waves and that 8. lies in the sidelobes of
the sub-array, we have from eq.(6.30)

G = (Ps/Po)|p]?[H|? (6.31)
Here,‘for convenience, we define the output CSR (c-interference to signal
ratio) as

CSR = —c%¢ (6.32)
sGs

,gnd, in this situation, the output CSR can be given by

CSR =~ |p|? (6.33)
We see that eq.(6.33) directly relates the suppression of the cross
co;relation term to the nulling of the c-interference.

"in the meanwhile, eq.(6.16) shows that with vp's given by eq.(6.17), p
becomes an array factor for the uniformly excited N-element linear array
with the hainbeam directed to the desired signal. The directional pattern
ih general haé sidelobes with finite levels and we cannot totally suppress
the cross correlation unless the direction of c-interference happens to be
at a null of this patterh. Therefore, from eq.(6.33), it follows that the
uniform spatial averaging is insufficient for nulling of the
c—interference. Frost also stated this fact in a different expression in
Ref.[94] that for perfect rejection of the c-interference, a number of
sub-arrays are necessary so that the total amount of phaseshifts of the
c—interference in the whole array may be evenly distributed over integer
multiple cycles of the c-interference's carrier frequency to ensure that
the sub-arrays cancel each other when their outputs are summed.

In temporal domain, we could calculate the average over a sufficiently
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long interval and expect the cross correlation to vanish when the phase
relation was random. In spatial domain, however, the aperture is not
large enough for this effect to arise. Even if we could have such a large
aperture, we could not achieve the SCR higher than 13.2dB in the case of
the c-interference arriving at the peaks of the first sidelobes of the
sub-array, which is a well-known fact in the field of linear antenna
array. Therefore, we must find some smart method. In fact, eq.(6.16)
clearly shows that this problem is the pattern synthesis of the array by
controlling the magnitudes of the weights of each element in order to

place a null of p for the given combination of 85 and 6.
6.3 Adaptive Spatial Averaging Technique

6.3.1 Principle of Toeplitzization

As for the weighted spatial averaging techniques other than thé
uniform weighting, the Dolph-Chebyshev or Hamming-window type weighting
[93] was suggested so that the sidelobes of the array factor of eq.(6.16)
could be reduced to some extent, but they have a certain 1limit as
mentioned in the above section. For complete suppréssion, we will
introduce an adaptive averaging technique[95],{96]. As we discussed
previously, if the third term in eq.(6.13) is forced to vanish, the
correlation matrix R'yy, becomes Toeplitz which has equal valued elements
along each diagonal. Therefore, Qe will opt to control the averaging
weights, vy's so as to equalize the elements in the diagonal of the
resultant matrix, R'yy,. The details of this technique are given below.

Let us define a quantity to be minimized, €, which is a measure of
deviation of the correlation matrix from a Toeplitz form. It is expressed

by the sum of the covariances over all the elements of R'yx where the
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covariance is defined in terms of each along-diagonal mean. Thus, € 1is

given by
52 K | ¢ '(i) |2 (6.34)
€ = r ; -r'(i .
120 kel k+i,k
where
'(d L 1SR (6.35)
r'(1) = 3= R S Rl o (n=1v“ Tk+i,k+n) .

(i=0,...,K-2)
r'(i) is a mean value of r'k+i,k's(k=1,...,K-i), the elements in the i-th
sub-diagonal of R'yy. Since the correlation matrices are Hermitian, only
the elements of the main- and sub-diagonals (except super-diagonals) in
R'yx are taken into consideration in eq's.(6.34) and (6.35). Eq.(6.34)

can be also rewritten in a vector form as follows:

€ = VTReeV (6.36)
where
V= [vl, Voseens vN]T (6.37)
K-2 K-i + .
Ree = LI Relerii ke k+i,kl (6.38)
i=0 k=1 ’ ’
€ti,k = [€kti kelsevs Ckti,k-NIT (6.39)
1 K-i
®k+i,ken = Tkti,k'n = T3 k§1rk+i,k-n (6.40)

(i=0,...,K-2; k=1,...,K-i; n=1,...,N)
where Re{ } denotes the real part and eyyj k.n is a deviation of the
(k+i,k) element of Ryy., from the mean value along its i-th sub-diagonal.
Therefore, this problem is considered linearly constrained minimization,

and its formulation can be expressed as follows:

min (€ = VIR V) (6.41)

subject to VII =1 (6.42)
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where eq.(6.42) is a vectorial representation of eq.(6.17) and I denotes a
N-dimensional vector in which all the elements are unity. Since Ree is a
semi-positive~definite matrix, its inverse matrix does not always exist.
Thus, we make Rge invertible by augmenting each element along its main
diagonal by a small positive quantity n. Let R'ee represent the reformed
matrix, then it is expressed as follows:

R'ee = Ree + N U (6.43)
Now, replacing Ree in eq.(6.41) with R'ge of eq.(6.43) .and solving the
problem given by eq's.(6.41) and (6.42), we obtain the optimum value of V,
i.e., Voptr as follows:

Vopt = R'ee II(ITR go~11)-1 (6.44)
Averaging the correlation matrices of sub-arrays by using vopt: we can
make the correlation matrix R'yy very close to a Toeplitz form, which in
effect corresponds to nullifying of the suppressed cross correlation
factor, p.

By using this resultant matrix R'yx in eq.(6.1), we can obtain woptv
the optimum weight for the K-element array. Now, either one of sub-arrays
may be used as a conventional adaptive array to have this weight applied
to, then both i- and c-interferences are suppressed. Here, it should be
noticed that the application of this technique is universal since it is an
algorithm for modifying the correlation matrix to be used in the adaptive
systems in general: It can be used not only in the DCMP adaptive array but
also in other systems such as the Widrow[9] or Howells-Applebaum

arrays[15].
6.3.2 Theoretical Analysis of Coherency Suppression

In this section, we analyze theoretically the decorrelation by the

adaptive spatial averaging technique, and investigate the necessary
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degrees of freedom of the system, i.e., the number of sensor elements
required for suppressing the c-interferences[97].

Suﬁpose-the desired signal and J c-interferences are incident on the
array. Then, the input signal at the m-th element of the full array can be

expressed as follows:
J
Xp = hZOVPh/Z exp[ j{¥n(Oh)+on} ] (m=1,...,M) (6.45)

where Pn's, 8y's, and ¢p's(h=0,...,J) are the input powers, the angles of
arrival, and the phases at the phase center of the incoming waves,
respectively, Among them, let Py, 65, and ¢, represent the parameters of
the desired signal. The thermal noise is neglected again. Then, in the
same manner as the derivation of eq.(6.13), we can obtain the (k{i,k)

element of R'yy, i.e., r'yyi k as follows:

N

N *
Tlkbiyk = 2 Vo Thad,ken = 2oV El¥pg4n01 % k011

h%O(Ph/Z) exp[ j{(2md/A)i sin 6p}]
O(VPhPh'/Z) Phh' Zhh'(i,k) (6.46)

(i=0,..,K~1, k=1,..,K-1i)
where

Zhh'(i,k).= exp[j{¢h—¢h'+(2ﬁd/X){(k+i) sin O - k sin By

~-(K+1)(sin O - sin 6y')/2}}] (6.47)
N

Ohh' = Zlvn exp[ j{(2md/A){n-(N+1)/2} (sin B} - sin 8p1)}] (6.48)
n=

Phh' = Ph'h" (6.49)

(h,h'=0,.., J, h=h")
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Therefore, {r'k+i,k—r'(i)}'s which appear in the summation of eq.(6.34)

are expressed as

J J
'keik - () = I I (PRPn/2) pppt
ki, k 2o 1ol PoPh h
(hzh')

1 K-i
1Zpn' (1,k) - 3= 5 Gt (k") (6.50)

(i=0,..,K-2, k=1,..,K-1i)

The total number of the terms given by eq.(6.50) amounts to (K-1)(K+2)/2
by directly calculating {K+(K-1)+ees +2}, but all of them are not
independent of each other. This fact can be cleared in the following.

Eq.(6.50) can be rewritten as follows in vector and matrix forms:

-0 @W] im0 a0 - a0 ] Ten ]
r'opi,2 - T'(1) -1 K-i-1 -1  « b(i,2)
. = -1 -1 . . . . (6.51)
. . . e . .
rlg x-i - (1) -1 . ¢ -1 K-i-1| |b(i,K-i)
(i=0,...,K-2)
where
b(i,k) = 1 % g (VPpPp'/2) opn' Zppt(i,k) (6.52)
K-1 h=0p h'=0
(h=h") (i=0,...,K-2; k=1,..,K-1)
Let
[(K-i-1 -1 -1 . -1 ]
-1 K-i-1 -1 .
T =] -1 -1 . e e (6.53)
. . e
-1 . ¢ -1 K-i-l
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T is a [(K-i)x(K-i)] matrix and its rank is proved to be K-i-1 by direct
calculation. Therefore, arbitrary (K-i-1) terms of all {r'k+i,k-r'(i)}'s
(k=1,..,K-i) for a certain i-th diagonal in eq.(6.35) are independent of
each other, and the remaining term can be represented as a linear
combination of those (K-i-1) independent terms. It means that we can set
the following equivalent equation in place of eq.(6.34):

K-2 K-i-
= I Z

1
- | r'ygi,k - r'(3) | 2 (6.54)

[

Accordingly, Ree given by eq.(6.38) comes to

2 a0 | (6.55)
= i, .
€€ 7 420 k=l

where
R(i,k) = Relepsi,k ki, ik}  (i=1,..,K=2; k=l,..,K-i-1)  (6.56)
which are defined for convenience of the following analysis. In this

situation, ey, k is expressed as follows:

J J
€k+i,k = hEO h§=oahh'(i,k) Epp'  (3=0,...,K-2; k=1,..,K-i-1) (6.57)
(h=h')
where
Kei
aph' (i,k) = (/PpPLt/2){Zppt (4,k) - K-l-i kiilzhh'(i,k')} (6.58)
Ehn' = [exp{j¥1(h,h")},..., exp{jWN(h,h')}]T (6.59)
¥.(h,h") = (2md/M){n - (N+1)/2}(sin By - sin Bp') (6.60)

(i=0,...,K-2; k=1,..,K-i-1; h,h'=0,...,J, h=h'; n=1,...,N)
Using eq's.(6.37) and (6.59) gives the following vectorial expression for
Phh' of eq.(6.48):
onh' = Enn' TV = VIEq,: (h,h'=0,...,J, h=h') (6.61)
Now, from eq's.(6.57)-(6.60), R(i,k) of eq.(6.56) can be written as

R(i,k) = EA(i,k)ET (6.62)

- 126 -



where

A(i,k) = aj(i,k)a T(i,k) + ay(i,k)a,T(i,k) (6.63)
E = [Eoir 015 - Enn'r Enn'j -.. E@-1)ar EJ-1)J;] (6.64)
Bnh'r = Re{Epn'}  (Enp'r=En'hr) (6.65)
Epp'j = Im{Eppt}  (Enp' j=-En'hj) (6.66)

(h,h'=0,...,J, h<h'")

p— —

aOIr(i,k) + alOr(i,k)

a10j(1,k) 7 agy j(i,k)

+ o o |

al(i,k) = aph'pr(i,k) + ap'pe(di,k) (6.67)

an'hj(i,k) - apn'j(i,k)

+ o o |

3(3-1)Jr(H:K) + aggqyr(i,k)

aj(J-1)j(i:k) - a(J_l)Jj(i,k)_

agyr(isk) - ajor(i,k)
a,(i,k) = ahh'j(i,k) + ap'pj(i,k) (6.68)
aph'r(i,k) - ap'pe(i,k)

3(3-1)g3(1,k) + ajg_1)5(1,%)

| 3@-1)ar(1:K) — agegoyyr(i.k) -

aph'r(i,k) = Relapy'(i,k)} (6.69)

app'j(1,k) Im{app(i,k)} (6.70)
(i=0,...,K-2; k=1,..,K-i-1; h,h'=0,...,J, h=h')

where Im{ } denotes the imaginary part. The columns of the matrix E are

composed of J(J+1) real direction vectors Epp', and Ehh'j, so we call it a

direction matrix in [NxJ(J+1)] dimension. From eq.(6.63), it follows that

the rank of A(i,k) which are J(J+1l)-dimensional square matrices is two at
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most. Thus, considering that direct calculation  shows az(O,k)=0

(k=1,..,K-1), the matrix Ree is expressed as follows by substituting

eq.(6.62) into eq.(6.55):

Ree = EA'ET (6.71)
where
A = 52 K_%_lal(i,k)alT(i,k) s 5 K_%_laz(i,k)azT(i,k)
i=0 k=1 i=1l k=l
_ ool (6.72)

D= [a1(0,1)... a;(0,k-1)... a;(i,1)... a;(i,K-i~1)... a;(kK-2,1)
az(l,l)... a2(1,K—2)... a2(i,1)... a2(i,K—i—1)... a2(K—2,1)]
(6.73)
- The above D is a matrix whose columns are composed of al(i,k)'s (k=1,..,
K-i-1;i=0,..,K-2) and az(i,k)'s (k=1,..,K-i-1;i=1,..,K-2). Let n' denote
the number of summation in eq.(6.72). Then, n' is
n' = (K-1)+2{(K-2)+(K-3)+e+++1} = (K-1)2 (6.74)
and the D is a [J(J+1)*n'] matrix. By summing up al(i,k)alT(i,k) and
a2(i,k)a2T(i,k) for every i and k in eq.(6.72), we have to attain the
matrix A' having full rank so that the matrix Ree may have rank of J(J+1)
equal to the number of the real direction vectors. This thought is
analogous to that of the direction finding with the spatial averaging[56].
Clearly, the rank of A' is equal to the rank of D. Furthermore, from our
experiences, we guess that the matrix D is of full rank, whose proof is
not shown here because of its difficulty. Therefore, assuming here that
the matrix D has been proved to be of full rank, we obtain
rank(A') = rank(D) = min{n', J(J+1)} (6.75)
Thus, if and only if the following inequality holds
n' = (K-1)2 2 J(J+1), (6.76)

the matrix A' has full rank of J(J+1). Solving the above inequality under
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the condition that K and J are positive integers, we obtain the simple
inequality as follows:

KzJ+2 (6.77)
On the other hand, concerning the direction matrix E, it turns out that
the following equation holds as the result of matrix manipulation:

rank(E) = min{N, J(J+1)} (6.78)
Therefore, if and only if N 2 J(J+1), the matrix E has full rank of
J(J+1). Under the above conditions, the matrix Ree also has rank of
J(J+1). The following analysis proceeds under these conditions.

Now, we introduce the modal representation of Rge as follows:

Nl
Ree = i§1YiuiuiT (6.79)
where
N' = J(J+1) ' (6.80)

and vi's and ui's are the nonzero eigenvalues and the corresponding
eigenvectors of the matrix Rge. Since Rge is a symmetric matrix, we have

uiluy = 655 (i,3=1,...,N) (6.81)
where 6ij is Kronecker's symbol. By analogy of the direction finding[56],
it is necessary that the matrix Ree should have the dimension of at least
N'+1 to recognize the N' directions, namely,

Nz N'+1 = J(J+#1) + 1. (6.82)
Since Rge is singular in this case, we must employ R'ee in place of Rege to
get the vopt- Using eq.(6.79) under the condition of eq.(6.82), we obtain

the modal representation of R'ge as follows:

' y T N T
R'ee = iEI(Yi+n) ujuit + N iEN'+?iui (6.83)

Thus, R'ee™! is expressed as
N' 1 1 N

v =1 Y P cus T
Rlae™® = izl o ujuit + - iEN'+¥1UI (6.84)
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When we choose the value of n such that
Yi >>n (i=1,...,N'), (6'85)
we can write the Vo, as follows:

Vopt = R'ee I(ITR' oo ~11)-1

N' 1 1 N
=z{ I (uiTDu; + — I (uiTD)uy}
i=1 Yitn ot Tt o oyt 0T
N ,
4
=2 ¥ (u-TI)u' (6.86)
noieN'41t T
where
g = (ITR' g 11)-1 (6.87)

Now, by construction, the real direction vectors {En'y, Ehh'j|h,h'=
0,..,J, h<h'}, which are the columns of the matrix E, lie in the span of
the first N' eigenvectors {ul""uN'} and are therefore orthogonal to the

remaining eigenvectors {uys,7,..,uy}. Thus, we shall have
g €18 N'+1 N

N ‘
Enh'r Vopt * % .ZN.S_iliTI)(Ehh'rT“i) =0 (6.88)
: iZ
and
N
Enn'j Vopt = % i§N,§llliTI)(Ehh'jTui) =0 (6.89)

(h,h'=0,...,J, h<h'")
Hence the suppressed correlation factors ppp! (=ph'h*) with the Vopr are
expressed as follows by using eq's.(6.61), (6.88) and (6.89):
Phh' = Enh'™Vopt = Enn'rVopt + JEnh'j Vopt = O (6.90)
(h,h'=0,...,J, h<h'")

As stated above, the cross correlation terms between coherent waves
can be nullified by adopting the adaptive spatial averaging technique. It
should be noticed here that the conditions given by eq's.(6.77) and (6.82)
determine K and N, i.e., the size and number of the sub-arrays necessary

for suppressing the <cross correlation terms. Table 6.1 shows them
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numerically together with M, the size of the full array.

Table 6.1 Examples of degrees of freedom required by

the adaptive spatial averaging technique.

J K- N M
1 3 3

2 4 7 10
3 5 13 17
4 6 21 26
5 7 31 37
6 8 43 50

: the number of the c-interferences
: the size of the sub-array

: the number of the sub-arrays

= =2 R G

: the size of the full array

6.3.3 Numerical Results

Numerical examples will be shown for a linear array with the element
spacing of a half wavelength. First, an eight-element array that does not
utilize the spatial averaging is considered as the reference for
comparison. Next, we divide the eight-element (M=8) full array into
four-element (K=4) sub-arrays for the spatial averaging technique.
Therefore, the number of the sub-arrays becomes five (N=5). Table 6.2
shows the parameters we use as the input model. The desired signal ‘and
the c-interference are assumed to be in-phase at the phase center, In
later examples, only those parameters that are changed will be stated.

Fig.6.3 shows the directional pattern adapted by the conventional DCMP
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Fig.6.3

Table 6.2 Parameters of input models for the case of

one coherent interference.

desired signal (S) | angle of arrival : 64 = 0°
power : Pg=1
coherent (C) | angle of arrival : 6. = 60°
interference .power t Pe=1
incoherent (I) | angle of arrival : 6; = -50°
interference power : Py = 100
thermal noise power : Py = 0.01

20 T T T T T

-20

- 40

AMPLITUDE (dB)

-60 ! 1 1 1 1
-90-60-30 0 30 60 90

ANGLE (degree)

The directional pattern by the conventional DCMP adaptive
array (M=8) where no spatial averaging is adopted. I, S and
C in the figure show the angles of arrival of the incoherent
interference, desired signal and coherent interference,
respectively. (see Table 6.2)
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Fig.6.4 The relations between the magnitude of the suppressed

correlation factor(p) and the angle of arrival of ' the
coherent interference(8.) by three 'methods of the spatial
averaging of the correlation matrices (N=5): (a) adaptive
spatialiaveraging (n=10"6), (b) uniform spatial averaging,
(c) -30dB Dolph-Chebyshev spatial averaging.

(see Table 6.2)
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(b) (c)

Fig.6.5 The directional patterns by the DCMP adaptive array-using the

spatial averaging of the correlation matrices (M=8, K=4,
8.=60°), where I, S and C in the figures show the angles of
arrival of the incoherent interference, desired signal and
coherent interference, respectively: (a) adaptive spatial
averaging (n=10‘6), (b) uniform spatial averaging, (c) -30dB
Dolph-Chebyshev spatial averaging. (see Table 6.2)
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Fig.6.6 The directional patterns by the DCMP adaptive array using the

spatial averaging of the correlation matrices (M=8, K=4,
8.=20°), where I, S and C in the figures show the angles of
arrival of the incoherent interference, desired signal and
coherent interference, respectively: (a) adaptive spatial
averaging'(n=10‘6), (b) uniform spatial averaging, (¢) -30dB
Dolph-Chebyshev spatial averaging. (see Table 6.2)
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array as the "reference for comparison" defined above. In this figure, we
see that the response to the c-interference is such that the desired
signal is canceled as the result of power minimization.

Next, we show the effects of the spatial averaging techniques with
three different settings of vp's. The plots in-Fig.6.4 are the examples
of calculation of eq.(6.16). They show the magnitu&e of the suppressed
correlation factor p as the function of 6., the angle of arrival of the
c-interference. The curve(a) represents the results by our adaptive
spatial averaging using eq.(6.44) with n chosen to be 10-6, the curve(b),
by the uniform spatial averaging using eq.(6.17), and the curve(c), by the
Dolph-Chebyshev spatial averaging with the sidélobe level of -30dB. The
curves(b) and (c¢) are identical to the directional patterns of 5-element
uniformly excited linear array and Dolph-Chebyshev array with the sidelobe
level of -30dB, respectively. The curve(a) by our technique shows that
the excellent suppression of the cross correlation.is attained for a wide
range of the angle, whereas the curve(b) by the uniform weighting and the
curve(c) by the -30dB Dolph-Chebyshev weighting contain some finité
sidelobes. Fig's.6.5 and 6.6 show the directional patterns of the
adaptive array after these sub-array processing. . The former gives the
results where 6,=60°, and the latter, the results where 6.=20°. (a), (b),
and (c) in each figure correspond to the patterns by the adaptive spatial
averaging, uniform spatial averaging, and -30dB DolthChebyshev averaging,
respectively. While all patterns in Fig's.6.5 and 6.6 show equally good
rejection against the i-interference, the responses to the direction of
the c-interference are different. In Fig.6.5(a)-(c), the responses are
-54,55dB, -19.78dB, and -41.21dB, respectively. In Fig.6.6(a)-(c), on the
other hand, they are -49.91dB, -15.52dB, and -7.33dB, respectively. Our

technique, i.e., (a) yields the best suppression of the c~interference in
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Table 6.3 The elements-of the [4 X 4] averaged correlation matrices

corresponding to Fig.6.5.

(a) adaptive spatial averaging (n=10-6)

1 2 3 4
1 51.010 *® *® *
2 | -37.048-333.325 51.010 * ‘ *
3 5.865+j49.373 -37.048-3j33.325 51.010 *
4 29.974-339.801 5.865+j49.373 -37.048-3j33.325 51.010

(b) uniform spatial averaging

1 2 3 4
1 50.950 * * *
2 | -37.067-333.415 51.031 * *®
3 5.846+3j49.382 -37.027-3j33.226 51.031 *
4 29.915-3j39.883 5.846+3j49.382 -37,067-3j33.415 50.950

(c) -30dB Dolph-Chebyshev spatial averaging

1 2 3 4
1 51.006 *® * . ®
2 | -37.049-333.331 51.011 * *
3 5.864+j49.374 -37.047-3j33.318 51.011 *
4 29.970-339.807 5.864+j49.374 -37.049-333.331 51.006

Note: Since the correlation matrices are Hermitian, only the
elements in their main- and sub-diagonals are shown.
"#" means abbreviation of the elements in the super-

diagonals.
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Table 6.4 The elements of the [4 X 4] averaged correlation matrices

corresponding to Fig.6.6.

(a) adaptive spatial averaging (n=10‘6)

1 2 3 4
51.010 * * *®
-36.354-3j33.089 51.010 * *

ES

5.259+350.165 -36.354-3j33.089  51.010
29.628-3j40.319 5.259+350.165 -36.354-333.089 51.010

S~ LN =

(b) uniform spatial averaging

1 2 3 4
1 51.003 *® * *
2 | -36.283-333.048 51.158 * *
3 5.329+j50.295 -36.206-3j33.002 51.158 ' *
4 29.621-3j40.147 5.329+350.295 -36.283-3j33.048 51.003

(c) ~30dB Dolph-Chebyshev spatial averaging

1 2 3 4
1 50.992 * * *
2 | -36.175-332.983  51.385 * *
3 5.437+3j50.494 -35,980-j32.866  51.385 *
4 29.610-3j39.883 5.437+j50.494 -36.175-332.983  50.992

Note: Since the correlation matrices are Hermitian, only the
elements in their main- and sub-diagonals are shown.
"%" means abbreviation of the elements in the super-

diagonals.
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Fig.6.7

(a) (b)

The directional patterns by the conventional DCMP adaptive
array: (a) the case where the coherent interference of
Fig.6.5 is replaced by an incoherent interference with the
same power, (b) the case where the coherent interference of
Fig.6.6 is replaced by an incoherent interference with the
same power. (see Table 6.2)
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both cases. The comparatively good result of the -30dB Dolph-Chebyshev
averaging is also obtained in the case of 6,=60° in Fig.6.5(c). It is
because the direction of the c-interference happens to lie near a null
point of the curve(c) in Fig.6.4. Whereas, in the case of 6.=20° in
Fig.6.6(c), the suppression of the c-interference is worse, since the
magnitude of p becomes large as shown by Fig.6.4. The resultant averaged
correlation matrices are shown in Table's 6.3 and 6.4, which correspond to
Fig's.6.5 and 6.6, respectively. It is seen that our adaptive spatial
averaging has successfully achieved toeplitzization, whereas the averaged
matrices of the other two techniques still have non-uniform diagonals. To
further examine how similarly the system using our technique treats the
c-interference and the i-interference, we show in Fig.6.7 the conventional
DCMP array patterns where the c—inﬁerferences of Fig's.6.5 and 6.6 are
replaced by i-interferences. There, (a) and (b) correspond to the cases
where 0,=60° and where 6.=20°, respectively. In Fig.6.7(a> and (b), as
naturally expected, nulls are formed in the directions of the newly placed
i-interferences, i.e., at 60° in (a) and at 20° in (b), and hence only the
desired signal survives in any case. Comparing Fig.6.5(a) with Fig.6.7(a)
and Fig.6.6(a) with Fig.6.7(b), respectively, we see that the patterns are
almost identical, showing that ~our adaptive sub-array processing has
succeeded in conducting the system to treat the c-interference as if it
were an i-~interference.

We show another example where the two c-~interferences with the same
powers as the desired signal are incident on the 10-element full array
(M=10) which is divided into the seven sets of 4-element sub-array (N=7
and K=4). These numbers are chosen in compliance with eq's.(6.77) and
(6.82). Table 6.5 shows the input data used in this example. The two

c-interferences are in-phase with the desired signal at the phase center.
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There is no i-interference in this case. Fig.6.8 shows the directional
patterns obtained by the processing similar to Fig.6.5 or Fig.6.6. (a),
(b), and (c¢) in Fig.6.8 correspond, respectively, to the same averaging
techniques as those in Fig.6.5 or Fig.6.6. The responses to the
directions of the two c-interferences are (a) -49.92dB, (b) -16.06dB, and
(c) -16.41dB, at -20°; (a) -52.60dB, (b) -18.29dB, and (c) -29.49dB, at
50°. We can see. the remarkable difference in suppression  of
c-interferences between our technique and the others. Table 6.6 shows the
resultant averaged correlation matrices corresponding to Fig.6.8. We see
that the correlation matrix by our technique has a Toeplitz form, but that
the others do not. Moreover, in order to designate the equality of
treatment of the c-interferences and the i-interferences by the system
using our technique, we show in Fig.6.9 the conventional DCMP array
pattern where the both c-interferences of Fig.6.8 are replaced by
i-interferences. Coincidence of Fig.6.8(a) with Fig.6.9 demonstrates
again that our system virtually treats the c-interferences as

i-interferences.

Table 6.5 Parameters of input models for the case of

two coherent interference.

desired signal (S) | angle of arrival : g = 0°
power tPg=1
coherent (C1) | angle of arrival : 6.7 = -20°
interference 1 power : Pe1 =1
coherent (C2) | angle of arrival : 8. = 50°
interference 2 power t Pep =1
thermal noise power : P, = 0.01
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Fig.6.8 The directional patterns by the DCMP adaptive array using the

spatial averaging of the correlation matrices (M=10, K=4)
where two coherent interferences with the same powers as the
desired signal (Cj and Cp in the figures) are incident: (a)
adaptive spatial averaging (n=10‘6), (b) uniform spatial
averaging, (c) -30dB Dolph-Chebyshev spatial averaging.

(see Table 6.5)
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Table 6.6 The elements of the [4 X 4] averaged correlation matrices

corresponding to Fig.6.8.

(a) adaptive spatial averaging (n=10-6)

1 2 3 ' 4
1 1.5100 * * *
2 0.3672-3j0.1044 1.5100 * ¥
3 0.2771-j0.9162  0.3672-3j0.1044 1.5100 *®
4 0.2979+j0.4437  0.2771-30.9162 0.3672-30.1044  1.5100

(b) uniform spatial averaging

1 2 '3 4
1| 1.3752 3 , * *
2 | 0.3066-j0.1227 1.4263 # *
3| 0.1786-j0.7539  0.2318+j0.0654 1.4263 *
4

0.2119+30.4981  0.1786-~3j0.7539 0.3066-3j0.1227 1.3752

(c) -30dB Dolph-Chebyshev spatial averaging

1 2 3 4
1 1.4727 * * *
2 | 0.4295-70.1574  1.6555 % £
3 0.3330-3j1.0247 0.5038-j0.1617  1.6555 *
4 0.2689+30.2669  0.3330-3j1.0247  0.4295-j0.1574 1.4727
Note: Since the correlation matrices are Hermitian, only the

elements in their main- and sub~diagonals are shown.
"#" means abbreviation of the elements in the super-

diagonals.
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Fig.6.9 The directional pattern by the conventional DCMP adaptive
array where the two coherent interferences of Fig.6.8 are
replaced by the two incoherent interferences with the same
powers (I and Iy in the figure), respectively,

(see Table 6.5)
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Table 6.7 Parameters of input models for different sub-divisions of

the array in Fig.6.10.

desired signal (S) | angle of arrival : 85 = 0°
power : Pg=1
coherent (C) | angle of arrival : 6. = 60°
interference power t Pe=1
thermal noise power : Py = 0.01

20 T .l T 1 T

-20

-j40

AMPLITUDE (dB)

~60
-90-60-30 0 30 60 90

ANGLE (degree)

Fig.6.10 The directional patterns by the DCMP adaptive array using
the adaptive spatial averaging technique (M=5, n=10‘6),
where S and C in the figure show the angles of arrival of

the desired signal and coherent interference, respectively:
(a) k=2, N=4, (b) K=3, N=3, (c) K=4, N=2.

- 145 -



Finally, we demonstrate numerically that both conditions on K and N,
i.e., eq's.(6.77) and (6.82), are indispensable for our adaptive spatial
averaging technique. We show examples whefe one c-interference is
incident on the 5-element full array (M=5). The inputs are shown in Table
6.7. The desired signal and the c-interference are assumed to be in-phase
at the phase ceﬁter. The three ways of sub-array division are examined:
(a) k=2 and N=4F (b) K=3 and N=3, (c) K=4 and N=2. The cases (a) and (c)
satisfy only the condition on N and only the condition on K, respectively.
On the other hand, the case (b) satisfies both conditions. Fig.6.10 shows
the adapted directional patterns of sub-array after the adaptive sub-array
processing. It is seen that the responses in the direction of the
coherent interference (60°) are (a) -14.39dB, (b) -54.11dB and (c)
-13.61dB. The case (b) in compliance with both conditions shows the
remarkable suppression of the c—interferenée, whereas the suppressions of
the cases (a) and (c) are unsuccessful since ‘they do not satisfy both
conditions. | | |

After extensive caicuiation»for a variety of parameters whose results
are not shown here, we havé come to conclude that our ’téchniqué has an

excellent capability to suppress the c-interferences.
6.4 Improved Convergence Characteristics by Adaptive Spatial Averaging

In this section, we will show another merit of our adaptive spatial
averaging technique. It is the improved transient behavior for the
i-interference as well as the c—interference[98]. Since this technique
gives the particular processing to the input correlation matrix, the
sampled matrix inversion (SMI) algorithm is adequate for practice. We

adopt the algorithm given by eq.(3.87), which is written as follows
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again:

Ryx (1) = X(1)XT(1)

Ryx(m) = (1 - B)Ryx(m-1) + B X(m)XT(m)  (m=2, 3,..) (6.91)
As for B, we let

B = 1/m (6.92)

and use simple SMI. As pointed out by Ref.[99], it is possible that the
SMI algorithm has a correlation matrix which is close to singular or
ill-conditioned for the situation where signals from some directions less
than the number of array elements are present along with a small amount of
thermal noise. In such a case, we cannot obtain the inverse matrix
accurately, resulting in the misadjusted weight. Therefore, as the
countermeasure, we inject the pseudo noise larger than the real thermal
noise to the main diagonal of the correlation matrix. This thought stems
from the tamed system in Chapter 5. Thus, the weight vector for one of
the sub-arrays at the m-th iteration is written as follows:

W(m) = {R'yy(m) + aU}-1C4[CaT(R 4y (m) + aU}-lcy]-1H* (6.93)
where R'yy(m) is the correlation matrix after the sub-array processing at
the m-th iteration and o is the pseudo noise. Concerning the value of «
to be injected in this case, we do not use any longer the value that was
given as the optimum in Chapter 5 because the c-interferences can be
suppressed by the alternative method, i.e., the adaptive spatial
averaging.

Here, we derive another formula of the optimum pseudo noise for ﬁhis
case. It is a well-known fact that the suppression of the interfefences
become imperfect with too large value of a. That is why we choose as the
upper limit of o the value whose injection yields the output powers of the
interference and thermal noise of the same order. For convenience of

analysis, we assume that we have obtained the exact correlation matrix
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R'yyx for a radio environment where there are one i-interference and
thermal noise. Under this condition, the R'yy, can be expressed as
follows:

R'yx = PoU + P3Z;Z; T (6.94)
where Z; is given by eq.(3.90). Using the matrix inversion formula[63] in
eq.(6.94) and substituting the resultant R'xx"1 into eq.(6.93), we obtain
the optimum weight as follows:

Wopt = C[{2(Py + @) + KPj}F - (2P3Aq3H)Z;] (6.95)
where

z = {2(P; + a) + KPi(1 - Agi D} (6.96)
and Agi 1is given by eq.(3.107). Thus, the output powers of the

i-interference and thermal noise are written as

Pijue = PiAgi?|H|2{20(P, + o)}? (6.97)

(2/K)P, [H|2 + 202KP,P;2A4:2(1 - Agi?) [H|? (6.98)

Plout
Solving the equation Piout = PR ,¢ with respect to @ under the condition
that the i-interference arrives at sidelobes of the sub-array and that

P; >> Py, we obtain

a = (1/]Ags | WRPPL/Z > VKPoPi/Z = Opax , (6.99)

We use the above qpax as a standard of the value of a.

Next, we show the results of computer simulation for a 8-element (M=8)
linear array with the element spacing of a half wavelength. The whole
array is divided into 4-element (K=4) sub-arrays for the spatial
averaging. Therefore, the number of the sub-arrays is 5 (N=5). For
comparison, we also discuss other two systems, i.e., the conventional DCMP
system which uses the whole array without employing any spatial averaging
techniques and the DCMP system to which we apply the wuniform spatial

averaging. We consider two external waves, i.e., the desired signal and
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one i-interference, and thermal noise exist as the input. Table 6.8 shows
the parameters of the input models. In SMI algorithm, in order to smooth
the behavior of the system, the inverse correlation matrix necessary for
obtaining the weight vector is calculated at every ten samplings, which we
will call one iteration hereafter. As the measure of performance, we use

the output SINR and it is calculated at the m-th iteration by

SINR(m) = — F-out(m (6.100)
Plout(m) + Ploye(m)
where
PSout(m) = PgW' (m)CqCqW(m) . (6.101)
Ploye(m) = Piwf(m)zizifw(m)‘ , (6.102)
Ploye(m) = PoWl (m)W(m) | (6.103)

Fig's.6.11 and 6.12 show the variations of SINR with the ' SMI
algorithm. They represent the cases where Py =102 and Pn=10‘4,
respectively. In these figures, (a) and (b) correspond to the results of
one 4-element sub-array after the adaptive and the uniform spatial

averaging processings, respectively. On the other hand, (c) corresponds

Table 6.8 Parameters of input models used in computer simulation
for SMI algorithm.

desired signal (S) | angle of arrival : 65 = 0°
power : Pg =1
incoherent (I) | angle of arrival : 6 = -45°
interference power : P; = 100
thermal noise power : P (var.)
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(a) SPATIALLY AVERAGED SMI

(ADAPTIVE:SINRopt=22. 68dB)

—— — (b) SPATIALLY AVERAGED SMI

(UNIFORM:SINRQp t=22 .68dB)

—— ~—{c) SIMPLE SMI (SINROpt=26'OUdB)
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Fig.6.11 The variations of SINR by SMI  algorithm (Pn=10‘2):
" (a) adaptive spatial averaging (n=10‘6), (b) uniform spatial
averaging, (c) no spatial averaging. (see Table 6.8)

(a) SPATIALLY AVERAGED SMI
(ADAPTIVE: SINRo pt=4 2.68dB)

— — (b) SPATIALLY AVERAGED SMI
(UNIFORM:SINRopt=42.68dB)

— ~— (c) SIMPLE SMI (SINRopt=46'00dB)
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Fig.6.12 The variations of SINR by SMI  algorithm (Pn=10‘4):
(a) adaptive spatial averaging (n=10‘6), (b) uniform spatial
averaging, (c) no spatial averaging. (see Table 6.8)
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to the result of the conventional 8-element adaptive array. The curves
reach their own optimum SINR's when. each system obtains the exact
correlation matrix by a sufficiently long observation. The optimum SINR's
are 22.68dB in Fig.6.11(a) and (b), 26.00dB in Fig.6.11(c), 42.68dB in
Fig.6.12(a) and (b), and 46.00dB in Fig.6.12(c). We see that the systems
using the spatial averaging techniques, as shown by (a) and (b) in both
figures, reach the higher SINR rapidly. The reason for this is that the
spatial averaging techniques give the more accurate correlation matrix by
incorporating the effect of the spatial averaging into that of the
temporal averaging. Comparing the (a) with (b), the adaptive spatial
averaging yields slight fluctuation. It is due té the random thermal
noise, Particularly, in the caée of smaller thermal noise power as shown
by Fig.6.12, this trend is remarkable. It designates that the adaptive
spatial averaging technique is more liable to be affected by the random
thermal noise. Therefore, in Fig.6.12, the high SINR is not attained even
at the 20-th iteration by ourisystem (a) compared with its optimum SINR of
42.68dB.

In order to improve the above performance, we inject the pseudo noise,
The value of the pseudo noise must be larger than the real thermal noise
and be smaller than that of op,y given by eq.(6.99), so we choose it as
follows here:

& = Oy /20 | (6.104)
which is selected after our experience. The variations of SINR obtained
in the cases of P,=10"2 and Pn=10‘4 are shown in Fig's.6.13 and 6.14,
respectively. (a), (b), and (c) in these figures correspond to the same
systems as in Fig's.6.11 and 6.12., The values of the pseudo noise by
eq.(6.104) are 0.07 in Fig.6.13(a) and (b), 0.1 in Fig.6;13(c), 0.007 in

Fig.6.14(a) and (b), and 0.01 in Fig.6.14(c). In Fig.6.13, it is seen
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(a) SPATIALLY AVERAGED SMI
(ADAPTIVE:SINRopt=22.68dB) .

—— —— (b) SPATIALLY AVERAGED SMI
(UNI]E‘ORM:SINROp t=22 .68dB)

- - — (c) SIMPLE SMI (SINROPt=26.OOdB)
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Fig.6.13 The variations of SINR by SMI algorithm when the pseudo

noise is injected (Pn=10'2): (a) adaptive spatial averaging
(n=10‘6), (b) uniform spatial averaging, (c) no spatial
averaging. (see Table 6.8)

(a) SPATIALLY AVERAGED SMI
(ADAPTIVE: SINRo pt=4 2.68dB)

— ~—— (b) SPATIALLY AVERAGED SMI
(UNIFORM:SINRopt=42.68dB)

— =-— (c) SIMPLE SMI (SINRopt=46'OOdB)
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Fig.6.14 The variations of SINR by SMI algorithm when the pseudo

noise is injected_(Pn=10‘4): (a) adaptive spatial averaging
(n=10-), (b) uniform spatial averaging, (c) no spatial
averaging. (see Table 6.8)

- 152 -



that all systems are improved by injecting the pseudo noise. Therefore,
especially the systems using the spatial averaging techniques attain the
SINR very close to its optimum one with few sampling data, compared with
Fig.6.11. This improvement is observed remarkably in comparison of
Fig.6.14 with Fig.6.12 for the case of smaller thermal noise of Pn=10‘4.
Although all systems are improved also in Fig.6.14, the system using the
adaptive spatial averaging has the most noteworthy improvement. Thus, it
is emphasized that we can obtain more effectively the exacter correlation
matrix by applying the adaptive spatial averaging technique to the
imperfect matrix by temporal average alone and furthermore by suppressing
the effect of the random thermal noise with the pseudo noise.

For 'setting the pseudo noise by eq's.(6.99) and (6.104), we need
information on the input power of the i-interference. However, it is
almost impossible for the unknown radio environments. Therefore, we try
to use the input power of the desired signal in place of that :of
i-interference for the standard of pseudo noise. Let o denote the

formula in place of ap,y based on the above. Then, it is written as
o = VKP,Pg/2 (6.105)

In the situations of Fig's.6.11-6.14, the pseudo noise given by eq.(6.104)
can be expressed as follows:

a = a,/2 (6.106)
With the various values of input power of i~interference, we carried out
computer simulation similar to Fig's.6.11-6.14 for the adaptive spatial
averaging technique using eq.(6.106). As the results, it has been shown
that the setting of the pseudo noise by eq.(6.106) yields satisfactory
suppression of the i-interference regardless of its input  power.

Moreover, by other examples, we confirmed that the value of pseudo noise
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given by eq.(6.106) is almést optimum.

Thus, the adaptive spatial averaging technique brings about rapid and
steady transient performance in the SMI algorithm for suppression of the
i-interference with the aid of the pseudo noise. The effect of the rapid
convergence is also confirmed for the suppression of the c-interference by

other examples which are not shown here.
6.5 Concluding Remarks

In this chapter, we proposed a technique by which we can cancel the
coherent interferences as well as the incoherent ones. The technique is
based on the spatial averaging of the correlation matrices obtained by the
sub-arrays. that are extracted from the full array and partially overlapped
with each other. The performance of conventional averaging techniques
with fixed weights depends on the incident angle of the interference and
suffers from degradation in certain situations. On the other hand, our
new averaging technique is to adapt the averaging weights in accordance
with the radio environment so that the averaged matrix may have a Toeplitz
form. We named it adaptive spatial averaging technique. The theoretical
analysis was performed on this adaptive spatial averaging, and the number
of antenna elements necessary for suppressing the coherent interferences
has been obtained as the results. Although this technique can be applied
to any adaptive arrays, the demonstration was made in the directionally
constrained minimization of power (DCMP)Vadaptive array. The results of
numerical calculation show that the new adaptive array is effective to
suppress the coherent interferences as well as incoherent ones. It should
be emphasized that our adaptive array creates deep nulls in all directions

of the coherent interferences instead of depending on their cancellation
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with each other, whose merits are suggested by Luthra[61].

Next, we applied the adaptive spatial averaging technique to the
sampled matrix inversion (SMI) adaptive array in practice, and we examined
the transient performance in suppressing the interference. We carried out
computer simulation especially for the case where the  incoherent
interference arrives. The results show that our system rapidly converges
to the high SINR with the aid of the pseudo noise, compared with the
system using the uniform spatial averaging and the conventional full array
system. Besides, we analyzed the pseudo noise and gave its optimum value.
Thus, it has been cleared that the adaptive spatial averaging also brings
about efficient transient performance for suppression of the incoherent

interferences in the SMI algorithm.
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CHAPTER 7
ALTERNATIVE PRINCIPLE OF POWER MINIMIZATION

UNDER A CORRELATION CONSTRAINT

7.1 Introduction

In the preceding chapters, various applications of the adaptive array
with the directional constraints has been discussed.

We introduce an alternative guiding principle of power minimization in
this chapter. The new principle sets the constraint condition on the
cross correlation between the desired signals at the input and output of
the array by making use of information about the characteristics of the
desired signal such as its angle of arrival, its frequency spectrum, and
so on. Obviously, it is different from the conventional DCMP method
constraining the voltage transfer function of the system to the desired
direction. It has already been reported that this new principle achieves
good constraining of the broadband desired signal[48],[77]. By analogy,
it is expected that this new principle can work well under the broadband
constraint in angular domain. This suggests that it may be applied to
improve the performance of the conventional DCMP under the effect of the
beam pointing error.

In Section 7.2, we first explain the principle of power minimization
under a correlation constraint. Sections 7.3 and 7.4 are concerned with
the performance of the adaptive array with this new principle to the
broadband desired signal and to the pointing error, respectively. In

Section 7.5, we deal with the above problems simultaneously, i.e., the

- 156 -



performance to the broadband desired signal in the presence of pointing

error. Finally, Section 7.6 states conclusions.

7.2 The Concept of Power-Minimizing Method under a Correlation Constraint

We introduce the new guiding principle called the correlation-
constrained minimization of power (CCMP) method. The CCMP method is
different from the conventional DCMP method only in terms of the
constraint condition. The constraint condition in the conventional DCMP
method is for specifying the voltage response of the system in the
direction from which the desired signal arrives. On the other hand, the
new CCMP method sets the constraint condition for specifying the cross
correlation between the input desired signal at the reference point and
the output desired signal. In the following, we give the detailed
explanation.

We use the linear array as shown by Fig's.3.1 and 3.2. First, for
setting the constraint condition, we introduce the model of the desired
signal which is incident from the specified direction of 04 with the unit
power level. Let d,(t) denote this signal at the reference point (the
center of the array). The input vector by this model desired signal,

which shall be denoted by D(t), is expressed as follows:

D(t) = [d1(t), dp(t),.n., dgr(t)]T (7.1)
where

dp(t) = do(t—Tp) (7.2)

Tp = (di/c) sin 8q + (q-1)t (7.3)

p=k+K(q-1) (p=1,..,KL; k=1,..,K; q=1,..,L) (7.4)

c: light velocity, T: time delay between adjacent taps

Tp stands for the time delay of the modeled desired signal at the p-th tap
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point with reference to the array center. The array output of this
modeled desired signal, ygq(t), is given by

va(t) = DT(t)Ww = WID(t) (7.5)
Thus, the constraint condition for the CCMP method is written as

E[do(t)eyg(t)] = P ' (7.6)
where P, is a scalar constant specifying the cross correlation between the
modeled desired signals at the dinput and the output. Substituting
eq.(7.5) into eq.(7.6), we have

rglW = P, v (7.7)
where ry represents the auto-correlation vector of the modeled desired
signal which is defined by

rg = E[do(t)D(t)] (7.8)
Eq.(7.7) is a linear equation with respect to W and it is adopted as the
constraint condition of the CCMP method. This principle is formulated as
follows:

min (Pout = WIR, W)

subject to rylW = P, (7.9)
and the optimum weight vector is obtained by solving the following cost

function in the same manner as the DCMP in Chapter 3:
1
QW) = — WIR, W + A(rgIw - Py) (7.10)

where A is an undetermined Lagrange multiplier. The optimum weight vector
is éﬁus written as:

Wopt = Ryx 1rg(rqTRyx1rg) 1P, (7.11)
Likewise, we can also obtain readily the optimization algorithms of this
CCMP ﬁethod which have the forms with ry and Py in place of C4q and H,
reépectively, in the DCMP algorithms. As for the value of P;, we choose

hereafter
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Py =1 (7.12)
Next, we analyze the characteristics of the CCMP method. We express

the correlation matrix Ry, as the sum of the desired signal component Rgg
and the noise (including interferences) component Rpn. Namely,

Ryx = Rgg + Ryp (7.13)
If characteristics of the modeled desired signal are completely equal to
those of the actual desired signal, then Rgs can be expressed further as

Rgs = PsRpp (7.14)
where Rpp is a correlation matrix of the input vector by the modeled
desired signal and it is defined by

Rpp = E[DDT] (7.15)
Substituting eq's.(7.13), (7.14), and (7.15) into Pout=wTRxst we have the
output power written as follows:

Pout = WIR W + PWIRppW (7.16)
We can modify the above equation as follows by using eq.(7.6) and the
assumption E[dy2]=Py=1:

Pout = wTRnnw + PsE[Yd2]

It

WIR W + PE[(yq - dg)2] + Pg (7.17)
From eq.(7.17), minimization of the total output power Py, under the
constraint condition of eq.(7.7) is interpreted as twofold performances,
i.e., minimization of the output noise power and minimization of the
difference between the waveforms of the output desired signal and the
modeled desired signal at the reference point. That is how the CCMP
method suppresses the unwanted interferences and/or thermal noise while
preserving the desired signal at the array output.

Besides, as easily seen from eq.(7.17), there exists a trade-off
between minimization of the noise power and preservation of the desired

signal, which depends on the input power ratio of the desired signal and
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the unwanted signal. Therefore, in order to enhance the ability to
preserve the desired signal, we modify the actual input correlation matrix
Ryx by adding intentionally the correlation matrix of the modeled desired
signal Rpp and increase seemingly the power of the desired signal 'in
calculating the optimum weight in the signal processor. Thus, the optimum
weight vector is calculated using the following R'yy in place of Ryy:

- R'yx = Ryx + agRpp , ‘ (7.18)
where og 1is a non-negative scalar. In this case, the equation
corresponding to eq.(7.17), which shall be denoted by P'g,t, 1is written
as

P'out = WIRy W + (Pg + ag)E[(yq - do)?] + Pg + ag ©(7.19)
From eq.(7.19), it follows that preservation of the desired signal can be
enhanced byias. Accordingly, the optimum weight vector using eq.(7.18) is
expressed as
Wopt = Ry Irg(rgTR' wx )~ 1P, (7.20)
This principle is named "improved CCMP method"[48],[77],” and we analyze
this improved method hereafter.
In the following analysis, the performance of the DCMP method with the
multiple constraints is mentioned for comparison. The multiple constraint
conditions for frequencies or angles can be derived in the same

straightforward manner as the single constraint in Chapter 3.
7.3 Performance to Broadband Desired Signal
7.3.1 Formulation of Models
As stated in Chapter 5, when the broadband desired sigpal is incident

on the conventional DCMP adaptive array, the sideband component of the

desired signal is taken for the unwanted interference and becomes a target
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of suppression. In Chapter 5, we proposed the tamed adaptive array by
which we attained the satisfactory broadband characteristics. However,
this is a system for protecting the sideband component of the desired
signal from fierce suppression by adaptation and not for actively
constraining the response to the sideband component to have the specified
value. Especially, the more number of antenna elements or taps does the
system consist of, the more urgently it needs the constraint for the
sideband. Therefore, for the purpose of constraining it, we must use
another method. In this section, we show that the improved CCMP method is
adequate for this problem.

The evaluation of the constraiﬁing performance is supposed to depend
on the modulation method, but as the general measure for it, we consider
the deviation of the transfer function to the desired signal from the
ideal non-distorted one, as well as the output SINR. Let o represent the

above measure of distortion. Then, it is expressed as

1 Ifo+6f

S
f) - £)|? df 7.21
e ly(£) -~ yn(£)] (7.21)

o= L
A fo-0fg

where f, and 6fg are the center frequency and the bandwidth of the desired
signal, respectively, "A" is the amplitude of the specified response to
the desired signal (where A=1), y(f) is the actual transfer function to
the desired signal, and yh(f) is the non-distorted transfer function which
is the closest to y(f). ypj(f) is obtained by calculating the average of
the amplitude of y(f) and linear approximation of the phase of y(f) over
the specified bandwidth. In the following discussion, after Ref.[48], we
will judge the system good if o 5 0.05.

Next, we describe the input signals and the modeled desired signal for

the constraint. We assume that the incoming broadband signals and the
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modeled desired signal have flat spectra over their respectively specified
bands where their spectra are symmetric as to their center f£frequencies,
respectively, as shown by Fig.5.10. Let f§4 and &fg denote the center
freqdency and the bandwidth of the modeled desired signal, respectively.
Then, the normalized correlation function of this signal, Rg(At) (where At
is a time lag), is related to the power spectrum by the following equation

resulting from the well-known Wiener-Khintchine theorem[100]:

Re(At) = Re{Rgc(At)} (7.22)
with
Rfc(At) = — J exp(j2rfAt) df (7.23)
_ 8fq Jf£4-6£4/2

The Rf(At) after executing the integration of eq.(7.23) is written as
Rf(At) = cos(2mfgAt)esinc(néfgAt) (7.24)
where sinc( ) is a fﬁnctioq defined by

in X
sinc(X) = —n % (7.25)
X .

Considering that the power is divided into L taps at each channel, the
p-th entry of ry, Tdp> and the (p,p') entry of Rpp, rp,p', are expressed

as follows, respectively by using eq's.(7.3) and (7.21)[48],[77]:

rgp = (1/VL) Re(Tp)
= (1/YL) cos(2mfyTp)esinc(ndfqTy)  (p=1,..,KL) (7.26)
rp,p' = (1/L) Re(Tp = Tp1)
= (1/L) cos{ZTde(Tp - Tp')}'sinc{ﬂdfd(Tp - Tp')} (7.27)

(p,p'=1,..,KL)
In practice, f4q and 6f4 are determined from the a priori knowledge on the
frequency characteristics of the desired signal.
In such ways as shown above, the constraint condition for the

broadband desired signal is settled.
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7.3.2 Numerical Results

The numerical examples are shown on the 4-element, 4-tap broadband
adaptive array with isotropic elements and the equal spacing of a half
wavelength corresponding to the center frequency of the desired signal.
For comparison, we also discuss the performance of the DCMP method with
the double-frequency constraints which sets the constraint conditions on
the two close frequencies f,=f34-0.2858fq and fo=£4+0.2856£4[48]. Table
7.1 shows the parameters of the inpﬁt and constraint used as the standard.
The interference in Table 7.1 means the incoherent interference, which
will be kept the same in the following tables.

First, we investigate the optimum value of ag for the ‘improved CccMP
method. Fig.7.1 shows the variations of the output SINR and distortion o
in terms of ag for the five values of the interference power ranging from

0 to 100. (a), (b), and (c) in Fig.7.1 correspond to the results where

Table 7.1 Parameters of input models and constraints

for the broadband desired signal.

desired signal (S) | angle of arrival : 85 = 90°
power : Pg=1
bandwidth : 0fg = 0.4f,
interference  (I) | angle of arrival : 8; = -50°
power : Py = 100
bandwidth :8f; =0
thermal noise power : Py (var.)
constrained angle : 6g = Og
constrained center frequency : £ = £,(=1)
constrained bandwidth : 8fyq = 8fg
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Pn=10'4, P,=10"2, and P,=10"1, respectively. From these figures, we can
see that the larger ag and the smaller thermal noise yields the lower
distortion of the output broadband desired signal, which is also pointed
out by Ref.[49]. In addition, it should be noticed that for the larger
value of ag, distortion ¢ is little affected by the dinterference power.
On the other hand, the output SINR's do not vary so seriously with og as
the distortion. This suggests that we may determine the value of ag based
upon the distortion. We see that when we have 0g larger than about 10“Pp,
distortion © can be reduced tb less than 0.01 regardless of the
interference power. I1f, however, the constrained bandwidth is discrepant
from the real bandwidth of the desired signal (i.e., &fg#6fq), the
situation differs from the above. Fig.7.2 shows the results similar to
Fig.7.1 where 6£4=0.2 and 6f4=0.4. In this case, both SINR and distortion
O vary rémarkably with ag, and og larger than about 100 times P gives
high SINR and low distortion. Thus, we obtain the following relation as
the standard for the lower bound of the value of og:

ag 2 max{10*P,, 10%Pg} (7.28)
By other examples, we verified the choice of ag by the above relation is
successful. Since the SINR of the system is not seriously degraded by too
large ag as shown in Fig's.7.1 and 7.2, 'a little larger approximate
estimates éf P, and Pg are preferable for ag of eq.(7.28). As for the
upper bound of ag, we do not refer to it particularly for the same
reason.

Next, we assume the interference is incident from the broadside (0°)
and has the same bandwidth as the desired signal. For simplicity, .we
express the common bandwidth of the incoming waves as &f. Fig's.7.3-7.5
show the relations between the output SINR and the bandwidth 6f and

between the distortion ¢ and 6f for three different bandwidth
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constraining. In Fig's.7.3-7.5, the results are represented where §f4=0f£,
6£4=0.758f, and 8f4=1.256f, respectively, and curves(a) and (b) in each
figure correspond to the improved CCMP method with g being 100 in
compliance with eq.(7.28) and the DCMP method with the double-frequency
constraints, respectively. These figures describe that the improved CCMP
method gives better constraining performance than the DCMP with the
double-frequency constraints. on the whole. Particularly, when the
constrained bandwidth includes some error, the difference between both
methods becomes remarkable and the improved CCMP method still has good
constraining characteristics. Thus, the improved CCMP is also shown to be
robust against the setting error of the constrained bandwidth and hence

enlarges the margin for determining the constrained bandwidth.
7.4 Performance to Pointing Error

7.4.1 Formulation of Models

In this section, we deal with the countermeasure against the beam
pointing error in the conventional DCMP method other than the tamed
adaptive array in Chapter 5. As stated in Chapter 5, if there exists the
pointing error, the desired signal becomes a target of suppression,
resulting in deterioration of SINR. In Section 7.3, we have realized the
way of constraining the broadband desired signal with the improved CCMP
method. By analogy, we can expect that it is possible for the improved
CCMP methodlto be applied to the broadband constraint in angular domain.
Therefore, this section is devoted to such an application of the improved
CCMP method.

First, we must define the modeled desired signal for the constraint

condition. To settle some wider margin for the directional constraint, we
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consider the modeled desired signal with its power spectrum spread over a
certain angular region as shown in Fig.7.6. This angular spectrum has a
flat power density at the region from ug-6u/2 to ugy+éu/2 and zero
elsewhere, where u=sinf is the reduced angular variable. Each angular
component contained in this flat spectrum is assumed to be uncorrelated
with the others. It is entirely on the analogy of the frequency spectrum
of Fig.5.10. Let us consider the normalized correlation function between
the p-th and p'-th inputs of the modeled desired signal which ére at the
g-th tap of the k-th element and the q'-th tap of the k'-th element of the

array, respectively., Then, the normalized correlation function R, is

given by
Ru(Cpp'sTpp') = Re{RuC(gpp"Tpp')} (7.29)
with
1 uo+(5u/2
Ruc(Cpp'erp') = — J exp{j(Zm;ppv/A)u+2nfdrpp'}du (7.30)
Su ‘ugy-6u/2
(p,p'=1,..,KL)
where
Tpp' = di - di (k,k'=1,..,K) (7.31)
Tpp' = Tq = Tg' (q,q'=1,..,L) (7.32)
A= c/fy

where dg is the position of the k—-th antenna element with reference to the
array center (see Fig.3.2), Tq is the time delay at the q-th tap with
reference to the first tap in the channel, and c is the 1light velocity.
The subscript p is related to subscripts k and q by eq.(7.4) and p' is
related to k' and q' by

p' = k' +K(q¢' - 1) (p'=1,..,KL; k'=1,..,K; ¢'=1,..,L) (7.33)
Thus, we have the following analytic form of R:

Ru(Cpp'vap') = cos{(2ncpp'/X)uo+2ﬂdepp'}'sinc(ﬂéucpp'/k) (7.34)
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Considering that the power is divided into L taps at each channel, we
obtain the formulas of the p-th entry of ry, r'dp, and the (psp') entry of
Rpp, Tp,p'» which are written as follows:
rdp = (1//L) Ry(dy,Tq) (7.35)
Ip,p' = (1/L) Ru(Zpp*»Tpp") (7.36)
The values of &u and Up are chosen beforehand from the apriori information
on the desired direction and upon prospect of the pointing error.
As shown above, the constraint condition for the narrowband desired
signal in the presence of the pointing error is established, which
resembles the broadband constraint condition in the frequency domain

discussed in Section 7.3.

7.4.2 Numerical Results

The numerical calculation is carried out on the 4-element, 2-tap

Table 7.2 Parameters of input models and constraints

for the wide-angle constraint.

desired signal (S) | angle of arrival : s (var.)

power s =1

8

P
interference (I) | angle of arrival : 6; = -50°

P

P

power i = 100
thermal noise power n (var.)
constrained angular region :ug = 0(64=0°)

Su (var.)
constrained frequency 2 fq = £4(=1)

Note: All external waves are narrowbanded.
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narrowband adaptive array. As the representative of the DCMP with the
multiple constraints, the double-directional constraints = system is
discussed for comparison, which sets the constraint conditions at the two
close directions 8, and 0,(specified later)[30]. Table 7.2 shows the
parameters of the input and constraint under the effect of the pointing
error.

Fig's.7.7 and 7.8 show the relations between the output slNR and g,
Fig.7.7 represents the results where Pn=10‘2 and. Fig.7.8 fhose where
Pn=10‘4. The curves (a), (b), (c), and (d)- in ‘Fig's.7.7 and 7.8
correspond to the cases  where 6g=0°, 05=2°, 05=4°, and 6g=6°,
respectively. Froh thééé figﬁ;éé, we can éééjthéf High SINR is obtained
in the wide region of the value of tg ranging from about 10°Pg to 10°Pg.
In the following éxamples, as=100 for Ps=l'is adapted; which is in the
same order as the case of broadband constraint distussed.in Section 7.3,

Fig's.7.9 and 7.10 show the variations of the array response 1in the
direction of the desired signal for various parameters of constraints.
Fig.7.9 represents the case where Pn=10‘2 and Fig.7.10 the' case where
Pn=10‘4. In both figures; no interference arrives, which is the rather
adverse circumstances to the constraint of the desired signal in the
presence of the pointing error. The curves (a), (), (c), and (d) in
Fig's.7.9 and 7.10 correspond to the results where  §u=0(20°),
Su=0.07(%2°), Su=0.14(%4°), and 6u=0.21(%6°), respectively. The curve (a)
of Su=0 in each figure is equivalent to the conventional DCMP with the
single constraint and is ~shown sensitive to the .pointing error. In
contrast, the curves (b)—(d)_ Qf3‘1arger. Su's. show. robustness of the
improved CCMP systéﬁ égainét £hé péigting erréf: ﬁhe deterioration of the
array response is less than 0.7dB for P,=10~2 and less than 0.9dB for

Pn=10‘4, as long as the desired signal arrives within the constrained

- 173 -



10—

~
m
© 0
~
Ll
o -10
Z
Q -2
0
o -30
4ol [
0 5 10 15

INCIDENT ANGLE (deg.)

Fig.7.9 Variations of the array response in the direction of the
desired signal for thevwide—angle constraint of the improved
CCMP  where P,=10"2  and = no interference arrives:
(a) 6u=0(x0°), (b) Su=0.07(%2°), (c) 6u=0.14(24°),
(d) 6u=0.21(%6°). (see Table 7.2)

-20

RESPONSE (dB)

-30

_40 MmN
0 5 10 15

INCIDENT ANGLE (deg.)
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angular region 6u. On the other hand, for the double-directional
constraints, the same relations as Fig's.7.9 and 7.10 are shown in
Fig's.7.11 and 7.12, respectively. The curves (a), (b), and (c) in
Fig's.7.11 and 7.12 correspond to the cases where (61,62)=(—2°,2°),
(91,62)=(—4°,4°), and (91,92)=(—6°,6°), respectively. Other parameters
are the same as those of Fig's.7.9 and 7.10. Since the double constraints
system prescribes the responses in only two directions, the array
responses are seen to be seriously degraded in the middle of the two
constrained directions, which is remarkable in the case of smaller thermal
noise of Fig.7.12. Therefore, the system with the double-directional
constraints requires a larger number of constrained angles, i.e., degrees
of freedom, for the wider-angle constraint. Thus, it is demonstrated that
the improved CCMP method is superior to the double constraints DCMP.
However, one problem arises in the improved CCMP method for the
wide-angle constraint. It is increment of the output thermal noise due to
the wider beamwidth, which results in a little degradation of the output
SINR. For the countermeasure against this problem, injection of a certain
amount of the pseudo noise 1is considered again. Fig.7.13 shows the
example of support by the pseudo noise a where Pn=10‘4, §u=0.21(#6°), and
0g=100. The abscissa in Fig.7.13 means the pseudo noise op, and it is
related to the output SINR of the ordinate with parameters of fhe angle of
arrival of the desired signal. The curves (a), (b), (c), and (d) in
Fig.7.13 correspond to the cases where 64=0°, 0g=2°, 0g=4°, and B4=6°,
respectively. It is seen that the pseudo noise of about 0.1 gives good
support in any curve. Other examplés confirmed us that the optimum pseudo
noise for the wide-angle constraint by the improved CCMP method with

ag=100Pg is about 1073(Pg+a).
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7.5 Performance to Broadband Desired Signal in the Presence of Pointing

Error

7.5.1 Formulation of Models

This section discusses both problems of Sections 7.3 and 7.4
simultaneously and extends the improved CCMP method to the constraint of
the broadband desired signal in the presence of the pointing error.

Similar to the previous sections, we first define the modeled desired
signal for the constraint condition of the present interest. 'In order to
constrain the desired signal widely in the angular and frequency domains,
we consider the modeled desired signal with the two-dimensional power
spectrum spread over certain angle and frequency regions as shown in
Fig.7.14. Ihis power spectrum has a flat power density at the region from
up-8u/2 to ug+éu/2 and from f4-6f4/2 to fq+6f4/2, and zero elsewhere. All
the components involved by this flat spectrum are assumed to be
uncorrelated with each other. It is interpreted as fusion of the previous
respective spectra. Let Rg, represent the normalized correlation function
between the p-th and p'-th inputs of this type of modeled desired signal.

Then, Rg, is derived from the following equations:

Reu(Zpp' »Tpp') = RelReuc(CpptsTpp')} .5
with .
Reuc(Zop' s Tpp') = 1 de+6fd/2 JUO+6u/2
uc\&pp' s 'pp Sudfq ‘E£q-8£q/2 ‘ug-6u/2
*exp j(zncpp'/k)IHZ‘nprpv}dudf
(7.38)
A=c/f

Thus, we have the following form of Rfy:
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C

"5%2;;73;533[51(A1) - Si(A2) - S3(A3) + Si(A4)]

Rfu(Cpp'sTpp') = (Cpp'zo) (7.39)
cos(2mEqTppt) *sinc(néfyTppt) (Zpp'=0)

where Sj(x) is the sine integral which is given by

S;(x) = JZ SID V. gy (7.40)
and

Al = 2n(fgq + éfd/z){(;ppv/c)(uo + 6u/2) + Tpp'} (7.41)

Ap = 2m(fg - 8£4/2){(Lppt/c)(ug + su/2) + Tpp') (7.42)

Az = 2m(fg + 8£4/2){(Tpp/c)(up = 6u/2) + Tpp'} (7.43)

Ay = 2m(£q - 8£4/2)U(Tppt/c)(ug = 6u/2) + Tpp1} (7.44)

Using eq's.(7.39)—(7.44), we obtain the formulas of the p-th entry of rxy
and the (p,p') entry 6f RDb, which are given by
rgp = (1/VL) Rfu(dk,xq) “ (7.45)
rp,p' = (1/L) Rfu(dk—dk',‘[q—‘[q') . (7.46)
(p,p'=1,..,KL; k,k'=1,..,K; q,q'=1,..,L)
The values of 6fg, fa, Su, and uy are determined beforehand from the a
priori knowledge on the characteristics of the desired signal and upon
prospect of the pointing error. ‘
As shown above, the constraint condition for the broadband desired
signal in the presence of the pointing error is established as extension

of Sections 7.3 and 7.4.

7.5.2 Numerical Results

We show the numerical examples carried out on the 4-element, 4-tap
broadband adaptive array used in Section 7.3. For comparison, the
performance of the DCMP system with the double-directional and double-

frequency constraints is also shown here. It is assumed that the desired
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Table 7.3 Parameters of input models for the broadband constraint

in the angular and frequency domains.

desired signal (S) | angle of arrival : Bg (var.)
power : Pg=1
bandwidth : 8fg = 6f
interference  (I) | angle of arrival : 6; = -50°
power : Py =100
bandwidth s 6f; = 6f
thermal noise power - : P, (var.) -

Table 7.4 Parameters of constraints adopted by the improved CCMP and
the DCMP with multiple constraints for the broadband

constraint in the angular and frequency domains.

(a) improved CCMP

24°

constrained angular region : uy-8u/2
, (30°#6°)
36

ug+Su/2

constrained frequency band : §fy = &f

fq = f4(=1)
ag = 100, a; = 0

(b) DCMP with multiple constraints (four constraints)

constrained angles and frequencies :
(26.58°,£4-0.2858£y), (33.42°,£4-0.2858£4),
(26.58°,£4+0.2856£4), (33.42°,£4+0.2856£4).
where &fyq = 6f,
fq = f,(=1).
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signal and interference have the same form of frequency spectrum shown by
Fig.5.10 and their bandwidths are equal (denoted by &8f). Table 7.3 shows
the parameters of the inputs, and Table 7.4 shows the parameters of the
constraint for the improved CCMP and the DCMP with the multiple
constraints. As the measure of the performance, the distortion 0 defined
in Section 7.3 and output SINR are employed.

Fig.7.15 shows the relations between the output SINR and bandwidth &f -
and between the distortion ¢ and 6f for the improved CCMP method. The
curves (a)-(c) in Fig.7.15 represent the resultsvwhere 05=24°, 05=30°, and
65=36°, respectively. It is seen that as long ;s the desired signal’ with
its bandwidth 6f of less than 0.4 arrives Qithin the specified angular
region, the constraint is successful with o s 0.039 and SINR 2 14.2dB.
The same relations for the DCMP with the multiple constraints are shown in
Fig.7.16. The parameters of constraints in Table 7.4 are chosen as the
best ones from Ref's.[30], [48] and [101] and also from our experiences.
The curves (a)-(c) in Fig.7.16 correspond to thbse in Fig.7.15,
respectively, In this figure; the mulfiple constraints system has
characteristics of constraining with & £ 0.053 and SINR 2 9.94dB for
8f £ 0.4, which is slightly inferior to the improved CCMP system.

Moreover, the noteworthy difference between both methods is observed
for the case of smaller thermal noise. Fig's.7.17 and 7.18 show such
examples where Pn=10‘4. The former represents the results by the improved
CCMP, and the latter the results by the DCMP with the multiple
constraints. The curves (a)-(c) in each figure have the same meanings as
those of Fig.7.15 or 7.16. In this case, the DCMP system yields large
distortion over 0.05 for the bandwidth &f of more than O.1. Also, as for
the output SINR of it, low SINR of 1less than 12.2dB are seen for Sf

ranging from 0.0 to 0.4. It is because the desired signal component with
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bandwidth of incoming waves 8f for the improved CCMP with
the broadband constraint in the angular and frequency
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(see Tables 7.3 and 7.4)
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Fig.7.16 Relations of the output SINR and the distortion o with the

bandwidth of incoming waves 8f for the DCMP with multiple
constraints where Pn=10‘2: (a) Bg=24°, (b) 64=30°,
(c) 85=36°. (see Tables 7.3 and 7.4)
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the unconstrained angles or frequencies other than the four constrained
ones becomes a target of fierce suppression. On the other hand, the
improved CCMP, which constrains the angles and frequencies averaged over
the region, has better constraining performance with o £ 0.032 and
SINR 2 23.7dB for &f = 0.4.

Although the results are not shown here, we examined the performance
of both systems for the case where the constrained bandwidth 8fy has a
certain amount of discrepancy from 8f, and we have attained the similar

conclusion.
7.6 Concluding Remarks

In this chapter, we have introduced‘an alternative guiding principle
of power minimization. The new principle prescribes the cross correlation
between the desired signals at the input and the output of the array by
the available a priori knowledge on the characteristics of the desired
signal in terms of its angle of arrival or frequency spectrum. ' This new
principle is called the correlation-constrained minimization of power
(CCMP) method. The conventional DCMP method constrains the voltage
transfer function of the system to the direction from which the desired
signal arrives. 1In contrast with this, the constraint condition of the
CCMP method is interpreted as the one obtained by averaging the
conventional DCMP constraint over the specified frequency and/or angular
region. Furthermore, the characteristics of the CCMP method can be
improved by intentionally increasing the component of the desired signal
in the input correlation matrix, which we call "the improved CCMP method".
We analyzed the improved CCMP method in this chapter.

Although it has already been reported by Ref's.[48] and [77] that this

- 185 -



improved CCMP method brings about good constraining of the broadband
desired signal, we gave reinvestigation to such performance at first.
Next, by analogy between the frequency domain and the angular domain, this
iﬁproved CCMP method has been applied to the problem of the error in the
beam pointing toward the desired signal. Numerical examples have verified
that the improved CCMP method can give another remedy for the degradation
of performance due to the beam pointing error which is a serious problem
in the conventional DCMP. Finally, we extended the improved CCMP method
to the constraint of the broadband desired signal in the presence of the
pointing error, and we examined the performance by numerical calculation.
As the results, we have seen that the broadband desired signal can be
constrained successfully as long as it arrives within the angular region
prescribed by the improved CCMP method.

Through the numerical calculation, the performance of the DCMP method
with the multiple constraints was also shown for comparison. After all,
such comparison has confirmed us that the improved CCMP method is superior

to the DCMP method with the multiple constraints on the whole.
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CHAPTER 8
EFFECTS OF INITIAL VALUES
ON THE TRANSIENT PERFORMANCE IN VARIOUS ADAPTIVE ALGORITHMS

8.1 Introduction

The common objective of various adaptive arrays is to suppress the
interferences while maintaining the desired signal. Most adaptive arrays
adopt the feedback approach based on the gradient method to attain such an
optimum performance. It has been discussed by many authors that the
transient performance of the adaptive array in a realistic environment is
affected by the divergence of eigenvalues of the input correlation matrix
due to particular angular distribution and power variations of the
interferences. However, we shall add a different viewpoint on another
aspect that affects the transient performance.

In control problems, the selection of the initial values is often a
matter of great importance since it very likely affects the transient
behavior of the system. Strangely, this problem has not attracted much
interest in the field of adaptive antennas. Concerning the 1least mean
square (LMS) adaptive array, some papers set identical weight values on
all the elements of the array[8],[91,[63],[102], some set zeros on all but
one weight[31],[103], some set the uniform magnitude on the weights whose
phases are such that they produce the mainbeam pointing to the desired
signal[ 20}, and so on.

This chapter considers the directionally constrained minimization of

power (DCMP) adaptive array[27],[29],[30], the LMS adaptive array and the
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maximum signal-to-noise ratio (MSN) adaptive array[15]. We will
demonstrate how dramatically the transient behavior of the systems is
affected by the initial weight values, and we emphasize the importance of
their choice[104].

In the next section, we first describe the system and input models for
the analysis and computer simulation carried out throughout this chapter.
Sections 8.3 to 8.5 are devoted to analyze and examine the transient
performances of adaptive arrays under the principles of "DCMP, LMS, and
MSN, respectively. We discuss the results in Section 8.6, and finally

state conclusions in Section 8.7.

8.2 General Description

The adaptive processors that control the weights are classified
according to the guiding principles. Before we proceed to discuss them in
detgil, the features that are common to all systems are described first.

In the present discussion, we assume that the input signals are
narrowbanded and can be treated by complex expressions. The K-element
adaptive array system with isotropic elements is adopted. As for the
input, we consider that two plane waves, the desired signal and
i-interference, are incident on the array. Another input, thermal noise
of equal power is assumed to exist at each weight., For simplicity, we
call the i-interference merely the interference hereafter.

In order to verify the theoretical analysis, computer simulation is
carried out on a 4-element (K=4) linear array with equal spacing of a half
wavelength. Table 8.1 shows the parameters we use as the model input in
the computer simulation.. In later examples, only those parameters that

are changed will be stated, while other parameters left unmentioned are
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kept the same as shown in Table 8.1. The sampling feedback control is
carried out where a sufficient number of sampled data are averaged to

smooth the behavior of the system.

Table 8.1 Input data used in computer simulation.

desired signal (S) angle of arrival : 65 = 0°

power t: Pg=1
interference  (I) | angle of arrival : 81 = -50°

power : Py =100
thermal noise power : Py = 0.01

8.3 Directionally Constrained Minimization of Power (DCMP) - Adaptive

Array

8.3.1 Principle and Analysis

The principle of the DCMP adaptive array is already described in
detail in Chapter 3. The optimum weight vector at the stationary state is
written as follows again:

Wopt = Rxx~lcd(CdTRxx_1Cd)-lH* (8.1)
where the constraint vector Cq and the constrained response H are also
given by eq's.(3.68) and (3.69), respectively. In the present situation,
the correlation matrix Ryx can be expressed in the same form as eq.(3.91),
which is rewritten as

Ryx = PpU + PgCqCqt + Pyz;2; T (8.2)
where U is the identity matrix and Z;i 1is the direction vector of the

interference given by eq.(3.90).
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By feedback, the optimum weight vector, wopt is asymptotically reached

by the steepest gradient algorithm, which are rewritten as follows here:

W(m+l) = P[W(m) - uX(m)y*(m)] + F (8.3)
P=U- CucaTey)legt = u - (2/x)cqcyT (8.4)
F = Cy(CyTey)-1n* = (2/K)¢y (8.5)

For analysis, we must reformulate the above adaptive algorithm to a form
of vector differential equation; First, taking the expectation of
eq.(8.3) with the aid of the complex expression of eq.(3.48), i.e.,
W(m)=PW(m)+F, we have '
E[W(m+1)] = E[W(m)] - u PRyyxP E[W(m)] - u PRy,F (8.6)
With Tg as the notation for ‘the sampling interval, eq.(8.6) can be

rewritten as follows:

E[W(m+1)] - E[W(m)] + -;— PRyxP E[W(m)] = - ‘;' PRyxF (8.7)

TS s S

We return here from the discrete quantity to the continuous one and obtain
a differential equation by tending Tg to zero in eq.(8.7). Rewriting
E[W(m)] as W(t) for simplicity of the éxpression, we thus obtain

dW(t)
dt

+ QPR P W(t) = —qPRyyF (8.8)

where q is the equivalent step size per unit time and is related to u and
Tg by the following equation: |

q = W/Tg (8.9)
We call it a feedback gain hereafter. By using Cj and H of eq's.(3.68)
and (3.69) and considering 04=0g, we can rewrite F as

F

(2/X)Cyq

(V2/K)[exp{ j¥1(8g)}, +.., exp{ j¥x(8)} 1T (8.10)
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where

Yr(Bg) = - (2mdk/)) sin Og (k=1,.., K) (8.11)
As stated in Chapter 3, this F is the uniform excitation with progressive
phasing so as to point the mainbeam to the desired direction, Os.

Eq.(8.8) can be solved as follows[30]:

6 "W(0)  6yTPR,F
+

W(t) = Wopt + { } Gy exp(-qAyt)

6,6, X616,
K 6.Tw(0)
I ——— Gy exp(~-qt) (8.12)
k=3 GkTGk

where the M\'s and Gk's (k=1,..., K) are the eigenvalues and eigenvectors
of PRyxP, respectively. Since PRyxP is Hermitian, K eigenvectors Gk's are

orthogonal to each other, and A¢'s are expressed as follows[30]:

A =0 (8.13)
Ay = (K/2)Pi(1- Agi?) + P, (8.14)
A¢ = P, for k = 3,..., K (8.15)

where Agj represents the normalized array factor, ZiTF*/H. For a linear,
equispaced array with the element spacing of a half wavelength, Agi is
given by

sin{Kn(sin 85 - sin 6;)/2}

Ksin{m(sin 85 - sin 0;)/2}

(8.16)

si &

When the angular separation between 85 and 8; is larger than the beamwidth
of the array factor Ag; so that Agi?<<1 and also Pj is much 1larger than
Py, the M\ 's in eq's.(8.14) and (8.15) can be approximated by

Ak = P, for k = 3,..., K (8.17)
In this case, the time constants in the third term of eq.(8.12) are much

larger than the other in the second term, as is easily seen by eq.(8.17).
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It is this third term that causes slow convergence of the weight vector to
the optimum state. If, however, a proper selection of the initial weight
vector is made, so that it may be orthogonal to Gi's (k=3,..,K), the third
term vanishes. An example of such weight vectors is F given by eq.(8.5).

Since G]=C4 as given by Ref.[30], F can be shown to be (2/K)G; by
eq.(8.10). Thus, F is orthogonal to Gy's, where k=2,..,K. With W(0)

chosen to be F, eq.(8.:12) becomes

Gy PRy F

W(t) = Wo t +
P 26276y

Gy exp(-qA,t) o (8.18)

8.3.2 Computer Simulation

The simulation is based on the sampling feedback system with the
algorithm given by eq's.(8.3)-(8.5). Taking dinto consideration that
0 < u < 2/{3trace(Ryx)} is required for stability as shown in Chaptef 3,
our choice is

1
S trace(Ryy)

= (8.19)

We consider the following three cases of the initial weight vector
setting:
(a) W(0)=F, the uniform excitation vector with the mainbeam directed to
the desired signal as shown by eq.(8.10).
(b) W(0)=M;, the vector with zero Qeights for all elements except the

first one, i.e.,
M = [/2, 0, O,..., 01T, (8.20)

(c) W(0)=My, the vector with zero weights for all elements except the

second one, i.e.,

M, = [0, /2, 0, ..., 0]T. (8.21)
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Fig.8.1 The learning curves of the output SINR for three different
settings of the initial value, F, M; and My in the DCMP
adaptive array.

- 193 -



The magnitudes of above weight vectors are chosen so that the desired
response may be obtained in the absence of interference. Fig.8.1 shows
the results by the simulation. The learning curves of the output SINR for
the above three cases are shown. By theory, all curves must finally reach
the same value of SINR, but the curves (b) and (c) are converging so
slowly as if they were aiming at certain lower SINR's than that for (a).
In theée situations, the system must suffer from low SINR for a long time
before the adaptation is completed. As imentioned previously, this is
caused by the third term of eq.(8.12) which contains large time constants.
In contrast, as is seen in eq.(8.18), the trouble-making third term

vanishes in the case (a) for W(0)=F, which results in fast convergence.
8.4 Least Mean Square (LMS) Adaptive Array

8.4.1 Principle and Analysis

The guideline of the LMS adaptive afray dictates minimization of the
error between the actual array output signal and the reference signal.
The reference signal is a so-called replica of the desired signal. The
optimum weight vector is obtained by minimizing the following cost
function[8},[9]:

e(W) = E[|d; - y|?] | (8.22)
where d, denotes the reference signal. €(W) of eq.(8.22) can be rewritten
as follows by using y=XTW*:

E(W) = WIR MW - Wirgg - WIrgg™ + E[|dg|?] (8.23)
where rygq is the correlation vector between the input and the reference
signal and defined by

Txd = E[Xd"] (8.24)

Differentiating eq.(8.23) with respect to W* yields the gradient V{e(W)}
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as

Ve(W)} = Ry - ryg (8.25)
where the differentiation by complex number is compliance with Ref.[65].
By equating eq.(8.25) to be zero, we have the optimum weight vector which
is written as

Wopt = Ryxlryg (8.26)

The steepest gradient algorithm for the LMS system can be expressed as

the following iterative relation:

W(mtl) = W(m) ~ u V[e{W(m)}] (8.27)
Substituting the gradient of eq.(8.25) into eq.(8.27), we obtain

W(m+l) = W(m) + p [ryg - RyyxW(m)] (8.28)
Similar to the DCMP algorithm, Ry, and Iyd in eq.(8.28) are replaced by
their instantaneous values X(m)XT(m) and X(m)dr*(m), respectively, in
practice. Thus, the LMS gradient algorithm is expressed as follows[105]:

W(m+l) = W(m) + u e*(m)X(m) (8.29)

e(m) = dp(m) - y(m) (8.30)
where "e" is the error, i.e., difference between the reference signal and
the array output. The optimum | weight vector of eq.(8.26) is
asymptotically reached by the above algorithm. However, for analysis in
the following, we make use of the algorithm of eq.(8.28) rather than that
of eq's.(8.29) and (8.30) since the former corresponds to the expected
expression of the latter.

We can reformulate the algorithm given by eq.(8.28) to the folléwing

continuous equation in the same method as the DCMP algorithm:

dW(t)

do + quxw(t) = QTyg . (8.31)

where q is the feedback gain and is connected with p and the sampling
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interval Tg by eq.(8.9).

Now, eq.(8.31) can be solved by a method similar to the DCMP adaptive

array:
(o t
W(t) = Wope + {-gl—¥£—2 - __81_259_} Q; exp(-qo;t)
Q' 01Q1 ' Q
(o T
P 2D BT g epegopn
Q'Q 02Q2 " Q2
K +
X :ﬁiﬁgg} Q. exp(-qOyt) (8.32)
k=3 Q0

where the Op's and Q's (k=l,..., K) represent the eigenvalues and
eigenvectors of Ryy, respectively, with K eigenvectors Q's being
orthogonal to each other. The op's are derived from Ryy of eq.(8.2) as

follows after Ref.[31]:

o1 = (K/4){Pg + P; +V (Pg - P3)? + 4PgPiAgi® } + Py
Oy = (K/A){Ps + P - v (Ps - Pi)2 + 4PSPiASiz } o+ Pn
Ok =Pp fork=3,..., K (8.33)

For the case where Agj?<<1l, P <<Pg, and P,<<P; as assumed in the DCMP

system, Op's can be approximated as follows:

If P; 2 Pg,

01 = (K/Z)Pi

o =Py for k=3,..., K (8.34)
If Py < Pg,

01 = (K/Z)PS

Oy = (K/2)P4

ok = Pp for k=3,..., K (8.35)
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Eq's.(8.34) and (8.35) assure that 01 is not smaller than Oy, which means
that the time constant in the second term of eq.(8.32) is not larger than
that in the third term. The time constants in the fourth term of
eq.(8.32) are much larger than the other two in the second and third
terms. It is this fourth term that causes slow convergence of the weight
vector to the optimum state. A proper selection of the initial weight
vector such as W(0)=F solves this problem, similar to the previous DCMP
system, since F is shown to be a linear combination of Q and Qy, and
orthogonal to @Q's(k=3,.., K)[31]. In this case, eq.(8.32) can be

expressed as follows:

(o t
W(t) = wopt + {(21—1-() - _Q%] Q exp(_qo'lt)
Q'Q 01Q1'Qq
tWeo t
b2 +( ) L2 :"d } Q2 exp(-qoyt) (8.36)
Q'Q 09Q2'Qy

Since the magnitude of F is arbitrary in practice, we set

W(0) = VF (8.37)
where V is a variable scalar. Furthermore, assuming that the exact
reference signal is established in the system, we have

ryd = PsCq = (KPg/2)F (8.38)
Since the third term in eq.(8.36) has a larger time constant than the
second one, the best performance is achieved when the coefficient of the
third term is equal to zero. By putting eq's.(8.37) and (8.38) into
eq.(8.36) and equating the coefficient of the third term to be zero, we
obtain the optimum values of V as follows:

V = KPS/(ZGZ) (8.39)

Eq.(8.39) can be rewritten from eq's.(8.34) and (8.35) as follows:
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v

1 (if Pj z Py) . (8.40)

V = Pg/P; (if Pj < Pg) (8.41)

i

By the above equations, V must be estimated.

8.4.2 Computer Simulation

For the computer simulation based on the sampling feedback system, the
algorithm of eq's.(8.29) and (8.30) is employed. As for the value of the
step size, the choice of eq.(8.19) is adopted which is the same as the
previous DCMP case.

For simplicity, we assume that the exact reference signal is
established in the system by some means. Similar to the DCMP adaptive
array, we first consider the thrée cases of initial weight vector, F, M
and My as shown previously in Section 8.3. Fig.8.2 shows the SINR
learning curves. Although eq.(8.32) dictates that all curves should
asymptotically reach the same value of SINR, the rates of convergence of
(b) and (c) are much slower than that in (a) as previously shown by the
DCMP adaptive array. The trouble-making fourth term of eq.(8.32) which
contains large time constants causes the slow convergence in (b) and (c).
On the other hand, the case (a) for W(0)=F results in the fast convergence
because of the extinction of the fourth term.

Next, the cases are compared where the magnitudes of the initial
weights are inaccurately given fof the case of W(0)=F. We use six
different values of V ranging from O to 100. The results of the learning
curves of SINR are shown in Fig.8.3, where (a), (b), (c) and (d)
correspond to P;=100, P;=10, Pj=1 and P;=0.1, respectively. The
difference of the behaviof with respect to the values of V and Pj is
mainly caused by the magnitude of the coefficient of the third term in

eq.(8.36) that has the largest time constant. These figures show that the
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best transient performance is obtained when V=1, for cases (a), (b) and
(c); and when V=10, for case (d). These results confirm the above theory.
The figure for case (d) shows that good transient performance is not
greatly affected by V if V is smaller than the optiﬁum value of 10. This
means that V=1 is the safe choice when no information about the magnitude
’of the interference is available beforehand. After all, it is concluded
that the best transient performance is achieved when W(0)=F which is
derived from eq's.(8.37) and (8.40).

More dramatic performance is seen when the magnitudes of the initial
weights are inaccurately given for the case where W(0)=M; or My. Fig.8.4
shows the results of the learning curves of SINR when M} is multiplied by
a factor V. The figures, 8.4(a), (b), (c), and (d) corfespond to P4=100,
Pj=10, Pj=1 and Pi=0.1, respectively. Although all curves must reach the
same value of SINR by theory, a variety of transient performances are
observed. The case of V=10 especially shows ~an extremely  poor
performance, which may be attributed to both the large coefficients and
the large time constants of the fourth term in eq.(8.32). It is
interesting that when V is low, better results are achieved than when V=1,
This can be understood by recalling that the zero vector (V=0) is a

special case of orthogonal vectors to Q's(k=3,.., K).
8.5 Maximum Signal-to-Noise Ratio (MSN) Adaptive Array

The MSN adaptive array operates to maximize the output signal-to-noise
ratio, and it most frequently adopts an'analogue implementation which is
also called the Howells-Applebaum system[15],[64],[106]. Fig.8.5 shows
the analogue implementation of the MSN algorithm. The feedback 1loop in

Fig.8.5 is mainly composed of mixers, a low-pass filter which has time
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constant Ty, and an amplifier with the high gain G. In this figure, si's

are the steering signals by which the mainbeam of the array is directed to

the desired signal. In this situation, they are expressed as
sk = (a/V2) explj¥(8g)} (k=1,.., K) (8.42)

where o is an arbitrary scalar constant which determines the magnitude of
the steering signals. Similar to X and W, we represent si's as the
vectorial form S which is called the. steering vector. This steering
vector S is connected with F in eq.(8.10) by

S = (Ka/2)F (8.43)
The differential vector equation describing the dynamic behavior of the
feedback loops can be shown to be[15],[64]:

dW(t)
dt

(GRyy + U)W(E) = GS (8.44)

To

The optimum weight vector at the stationary state is given by
Wopt = (Rgx + U/G)71S : (8.45)
Eq.(8.44) can be solved readily as follows in the same manner as the

LMS governing equation of eq.(8.31)[64]:

Tw(o G ts Goy+1
WE) = Vopp + (S U} g em- —L
Q'Y G01+1 Q'Q To
tweo G s GO +1
LR LS} g, e 2L
Q'Q G02+1 Q'Q To
K q.two
3 WO e S (8.46)
k=3 Qk+Qk To

Assuming that the gain G is sufficiently high, as is usually the case with

the MSN algorithm, we can approximate eq.(8.46) to the following
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equation:

(o Ts
W(t) = Wope + {Ql—TU - QI—JF} Q) exp(-qo;t)
Q'Q o101 'Q
Tw(o fs
+ 1 Rz +( ) . & 7—) Q exp(-qo,t)
Q'Q 02Q2°Q2
K +
5 & W0 Qe exp(-qoit) (8.47)
k=3 Qo
where
T = 6/t (8.48)

Since the steering vector S in eq.(8.42) is generally equivalent to the
correlation vector ryq in eq.(8.24), eq.(8.45) is equivalent to eq.(8.32).
Therefore, the previous analysis on the LMS adaptive array may be extended
to the MSN adaptive array if ryq is exchanged for S. When this steering
vector S is used as initial weights, the fourth term of eq.(8.47) vanishes

since S can be shown orthogonal to Q's(k=3,..., K). Thus, eq.(8.47)

leads to
fweo Ts
wW(t) = Wopt + {'gl“;g—z - ‘—91—17——} Q) exp(-qoqt)
Q'Y 01Q1'Q
Tweo tg
v +( ) . & —1 @ exp(-q0,t) C(8.49)
Q'Q 02Q2° Q2

In practice, the frequency and angle of arrival of the desired signal are
known, but its magnitude is not. Therefore, we set

W(0) = (2/K)VS = aVF (8.50)
where V is a variable scalar. Since the third term in eq.(8.49) has a
larger time constant than the second one, the best performance is achieved

when the coefficient of the third term is equal to zero. Substituting
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eq.(8.50) into eq.(8.49) and equating the coefficient of the third term to
be zero yield the optimum values of V as follows:
V = K/(20,) (8.51)

Furthermore, eq.(8.51) can be rewritten from eq's.(8.34) and (8.35) as

follows:
V= l/Ps (if P5 2 Pg) (8.52)
V = l/Pi (if P4 < PS) (8.53)

By the above equations, V must be estimated in the MSN algorithm.

Next, we carried out the computer simulation for the case of the
sampling feedback system. Replacing ryq with S and Ryx with X(m)X*(m),
respgctively, in the LMS algorithm of eq.(8.28), then we can obtain the
following discrete MSN algorithm corresponding to the continuous one with
the sufficiently high gain G:

W(m+l) = W(m) + u [S - X(m)y*(m)] (8.54)
where | is related to q(=G/T,) by w=qTg(Tg: sampling interval). In the
simulation, the same choice of eq.(8.19) was adopted for the value of u.

The results obtained using the algorithm of eq.(8.54) are the same as
Fig's.8.3 and 8.4 in the LMS algorithm, where a=Pg in the MSN. Therefore,
it is concluded that the best transient performance of the MSN algorithm
is achieved when V=1=1/Pg, namely, W(0)={2/(KPg)}S=(a/Pg)F which is

derived from eq.(8.50).
8.6 Discussion

Several computer simulations have been carried out for other values of
parameters, and we observed similar results so long as 8; lies outside of

the mainbeam.

Theoretically, the necessary condition for the initial weight vector
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to force the noise-related terms in eq's.(8.12), (8.32), and (8.47) to
vanish is that it has a form of linear combination of eigenvectors G; and
Gy, or Q) and Q. These eigenvectors are also expressed as linear
combinations of the direction vectors of the desired signal and
interference, and hence the hyper-space spanned by those G] and Gy, or Q
and Q2 is called a signal subspace. On the other hand, the complementary
space for the signal subspace is called a noise subspace and is spanned by
the remaining G3,..,6g, or Q3,..,Q¢. Both subspaces are orthogonal to
each other. It is easily proved that the optimum weight vector lies in
the sighal subspace and also is almost orthogonal to the direction vector
of interference. Therefore, the results obtained in previous sections
describe geometrically that it is desirable to perform the adaptation only
within the signal subspace in order to converge rapidly the system to the
optimum state.

It should be noted here that the analysis in the preceding sections is
valid only when the degrees of freedom of the system, i.e., the number of
weights, are enough to accommodate more = than two  signal-related
eigenvalues of Ryy or PRyyP. If not, the trouble-making terms do not
exist either in eq.(8.12), (8.32), or (8.47), eliminating the present
problem of convergence due to the noise-related time constants, This fact
may account for the ignorance on the problem of the initial weights in the
field of adaptive arrays, since most papers deal with the number of
degrees of freedom that is necessary and sufficient for suppressing the
incoming interferences. In‘the real world, however, it is difficult to

know the number of interferences beforehand.

8.7 Concluding Remarks
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This chapter considered the effect of the initial values on the
transient performance of adaptive arrays based on the steepest gradient
method. We studied on the three kinds of guiding - principles, i.e., the
directionally constrained minimization of power (DCMP), the 1least mean
square.(LMS), and the maximum signal-to-noise ratio (MSN). In each
principle, the transient behavior was first investigated theoretically and
the significance of the initial value was pointed out, and afterward the
computer simulation demonstrated the theoretical results. In the
following, we remark the conclusions on the three adaptive arrays,
respectively.

The DCMP - array has no serious effect since its already usable
information as to the frequency and angle of arrival of the desired signal
is sufficient for setting the optimum initial weight.

The LMS array is frequently preferred since it does not require the
information on the angle of arrival of the desired signal. To our
surprise, however, a good estimate on both the direction and magnitude of
the desired signal is found to be indispensable to achieve a good
transient performance. Without any a priori information, all-zero setting
is recommended.

The MSN, or Howells-Applebaum array, is supposed to work with the same
information as the DCMP array, i.e., the frequency and angle of arrival of
the desired signal, but it is sthn that a good estimate on the magnitude
of the desired signal is :also necessary in order to guarantee good
transient performance.

In summary, the best choice of the initial weight is the wuniform
excitation with such phaseshift as to point its mainbeam to the desired
signal. In addition, good prediction of the magnitude of the incoming

signal is also required, as to the LMS and MSN adaptive arrays.
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CHAPTER 9

SUMMARY AND CONCLUSIONS

In this thesis, we have made theoretical and computation studies on
adaptive arrays, particularly the adaptive array with the directional
constraints, toward wider applications of them.

Since the detailed results of the investigations of Chapters 4, 5, 6,
7 and 8 are discussed in the last sections of those chapters, we will
present the compact résumé on their most noteworthy aspects here. |

In Chapter 3, we pay attention to the adaptivé array which operates
under the principle of the directionally constrained minimization of power
(DCMP). This DCMP method was developed in the labératory where the author
studies presently and has been the main topic in this thesis. The guiding
principle is formulated as

m‘i’n (Pout = WIR,, W) eq.(3.24)
subject to CyTW = I eq.(3.25)
the optimum weights givgn by
Wopt = Ryx~1Cq(CqTRy1Cq)-1H eq.(3.31)
and the optimization algorithm expressed as
' W(m+l) = P[W(m) - uX(m)y(m)] + F eq.{(3.49)
In Chapter 4, an adaptive antenna array system under the principle of

DCMP with phase-only control is proposed. A new penalty function
K .
Q(®) = Py + 28Pg kEl{l - cos(dy - dpo)} eq.(4.12)

is introduced where B=K is chosen as the optimum value. Good results were

obtained by the computer simulation. However, the suppression of the
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interference is not sufficient when the phase-shifters are quantized.

In Chapter 5, we have proposed a robust adaptive array system named
"Tamed Adaptive Antenna". "Pseudo noise" is injected into the control
loop of the DCMP adaptive array. The correlation matrix is modified as

RyxtoU in place of Ryy, and the optimum value of a is
Gopt = KPs/V2 eq.(5.33)

It is confirmed that the tamed system preserves the desired signal in the
adverse circumstances such as; (a) coherent interference, (b) beam
pointing error, (E) broadband desired signal, and (d) mutual coupling
between array élements or general random input errors.

In Chapter 6, the technique is demonstrated which suppresses the
interferences that are coherent Qith the desired signal. The full array
is divided into partially overlabped sub-arrays and the Toeplitz
correlation matrix is obtained by the adaptive spatial averaging. The

averaged matrix R'y, is given by
. N
R'yx = n§lvn Ryxen eq.(6.6)

where the cross correlation between the coherent waves is decorrelated by
determining v, adaptively to the radio environment. For suppression of
the J coherent interferences, K and N, i.e., the necessary size and number
of the sub-arrays must be such that

K

N\

J+ 2 eq.(6.77)

N

[\

J(J+1) + 1 eq.(6.82)

The results of simulation confirmed the excellent suppression of coherent
interferences. Furthermore, this technique results in the rapid
convergence to the optimum state against both coherent and incoherent

interferences.
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In Chapter 7, a new constraint for the adaptive antenna based on the
power minimization is introduced. - The cross correlation between the
desired signals at the input and the array output is constrained by

rqIW = P, eq.(7.7)
This principle is named the correlation-constrained minimization of power
(CCMP) method. It protects the desired signal successfully in the cases
of the broadband desired signal and the pointing error. The CCMP method
is effective even when these difficult settings are too severe for the
tamed adaptive array to handle.

In Chapter 8, it is revealed that the excess degrees of freedom of the
adaptive array system have a reverse effect of very slow convergence. The
DCMP system can avoid it by the proper choice of the initial weight which
points the mainbeam to the desired signal with uniform excitation. The
IMS (Least Mean Square) and MSN (Maximum Signal-to-Noise Ratio) adaptive
arrays, on the contrary, have a fatal defect that they also require the a
priori information on the magnitude of the desired signal to prevent the
slow convergence.

In conclusion, we have studied the various performances of the
adaptive arrays under newly introduced principles for several applications
and obtained valuable understanding on them. Especially, we recommend the
tamed DCMP adaptive array. It is simple and robust against a variety of
adverse circumstances, although it requires the approximate estimate of
the input power of the desired signal, Pg. When the desired signal has
broader bandwidth and the pointing error is larger, the CCMP system shall
be used. Where the coherent interferences exist, the preprocessing by the
adaptive spatial averaging technique should be incorporated into the main

adaptive processings such as the DCMP or the CCMP.
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