
DIGITAL SIGNAL PROCESSING 6, 185–194 (1996)
ARTICLE NO. 0020

A Deterministic Least Squares Approach
to Adaptive Antennas
Tapan K. Sarkar,* Sheeyun Park,* Jinwah Koh,* and Richard A.
Schneible

*Department of Electrical and Computer Engineering, Syracuse University,
Syracuse, New York 13244-1240; and Rome Laboratory, Rome, New York

1. INTRODUCTION
Sarkar, T. K., Park, S., Koh, J., and Schneible, R. A., A

Deterministic Least Squares Approach to Adaptive Anten-
Consider a linear array of uniformly spaced receiv-nas, Digital Signal Processing 6 (1996), 185–194.

ing elements (isotropic) separated by a distance d as
A direct data domain approach to adaptively receiving a shown in Fig. 1. We further assume that narrowband

signal coming from a given direction in the presence of strong signals consisting of a desired signal plus multipaths
jammers and clutter is presented. In conventional adaptive and jammers with center frequency f0 are impinging
algorithms, the statistical approach is based on forming an

on the array from various angles u, with the con-estimate of the covariance matrix of the received antenna
straint 0 £ u £ 1807. Let us consider that the signalvoltages (measured voltages at the antenna terminals) with-
we want to estimate is arriving from an a prioriout the signal. In this article, first a review of the conven-
known angle us and the various jamming signals aretional approaches is presented, where the number of adap-
arriving from various angles uJ including coherent/tive weights is usually equal to the number of antenna ele-

ments. The equations for solutions of the weights are then noncoherent multipaths. The jamming signal may
generated by performing an averaging in time. This makes be located in the main beam of the array, i.e., us 0
it possible to handle the unequally spaced antenna case (as uJ £ 50.87/( L/l) [1], where L is the length of the
in MUSIC). Unfortunately this methodology cannot handle array. l is the wavelength corresponding to f0 (i.e.,
coherent jammers (which may be due to multipath effects) l Å 2pc/ f0, c being the velocity of eight) and typically
or cases where the noise statistics change quite rapidly. To d the spacing between the elements is chosen as l/2.
mitigate the above problems this article presents a direct

In conventional adaptive beam forming one snap-data domain approach to the adaptive problem, where an
shot is defined as the complex voltages Vn measuredequation error is minimized. This is ideally suited to a highly
at the antenna elements at a particular instance ofnonstationary environment, particularly in the presence of
time. So the measured voltages Vn contain signal,blinking jammers and for problems where the clutter charac-
jammer, and clutter components. A set of weightsteristics change quite rapidly. Hence the processing in the

data domain is done on a snapshot-by-snapshot basis. Two Wj ( j Å 1, . . . , N ) is attached to each antenna and
new direct data domain approaches are presented. One is the values of the weights are solved from generating
based on the computation of a generalized eigenvalue for the the covariance matrix of the data sets Vn taken over
signal strength, and the other is based on the solution of a multiple snapshots. In this case, the number of
set of block Hankel matrix equations. Since the system ma- weights is equal to the number of antenna elements.
trix has a block Hankel structure, the conjugate gradient The relevant equations are then generated by taking
method and the Fast Fourier transform can be utilized for

several snapshots over a time interval. Then all theefficient solution of the adaptive problem in hardware in real
snapshots are processed together. The covariancetime. Also a methodology which prevents signal cancellation
matrix is then formed by taking the data in the snap-when the direction of arrival is not known precisely is pre-
shots where the signal is assumed to be absent. Thissented. Limited examples are presented to illustrate the ef-
creates a hardship on the part of the user, as thisficacy of this technique. q 1996 Academic Press, Inc.

information is not readily available. One way to get
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Particularly the application of the forward–back-
ward analysis of the data significantly increases the
number of degrees of freedom.

Numerical examples are presented in Section 4 to
illustrate the application of the method. Section 5
discusses how to apply main beam constraints in the
adaptive technique when the direction of arrival of
the signal is not known precisely. It is shown that

FIG. 1. Array geometry. various a priori constraints can be applied to the
solution procedure to prevent the signal cancellation
problem.

around this is to use the signal cancellation scheme
utilized by Frost [2] by forming a matrix generated
by taking the weighted differences between neigh- 2. DIRECT APPROACH VERSUS STOCHASTIC
boring measured voltages. The weights are related APPROACH
to the direction of arrival of the signal and are quite
separate from the adaptive weights used in the beam
forming. In this approach each of the antenna ele- In the direct approach, the signal arriving from

angle us is assumed to be deterministic and un-ments has an adaptive weight associated with it.
Since spatial diversity is not utilized in conventional known, whereas for the stochastic model the signal

is assumed to be random. The mean squared estima-beam forming, this method can handle antenna ele-
ments that are unequally spaced. However, this pro- tion error for any estimate of a nonrandom parame-

ter has a lower bound, the Cramer–Rao boundcedure cannot handle a coherent interferer. A coher-
ent interferer is defined as a jamming signal which (CRB) which defines the ultimate accuracy of any

estimation procedure. The Cramer-Rao bound giveshas the same electrical phase as the desired signal,
even though the jamming signal (coherent jammer) a lower limit for the variance of any unbiased esti-

mator. If we can find an unbiased estimator whosemay arrive from a different azimuth angle. A coher-
ent jammer may be due to multipath effects or due variance equals the Cramer–Rao lower bound, then

there is no other unbiased estimator with a smallerto some undesired interferers.
If the jammers are blinking during the processing variance. Studying the Cramer-Rao bound helps us

not only to find a way of reducing the time of comput-interval or there are coherent signal multipath ef-
fects, then the conventional statistical approaches ing it but also to gain insight into the accuracy poten-

tial of any given estimation problem. It was shownneed to be significantly modified to handle the cases
of blinking jammers and/or multipath effects. Seri- in [3] that under the assumption that the signal

is corrupted by additive white Gaussian zero meanous problems arise when clutter characteristics
change between groups of snapshots. For this rea- noise, the CRB is higher for the random waveform

model than for the unknown waveform model. It isson, this paper applies a direct least squares ap-
proach as opposed to conventional statistical pro- important to point out that for the random model,

the CRB can always be reached when N or SNRcessing. A direct data domain approach has certain
advantages related to the computational issues asso- (signal-to-noise-ratio at each of the antenna ele-

ments) is large, while the CRB of the deterministicciated with the adaptive array processing problem,
which adaptively analyzes the data by snapshots as model is achievable only when SNR is large. The

CRB of the deterministic model is not achievableopposed to forming a covariance matrix of the data
from multiple snapshots, then solving for the by increasing N because the number of unknowns

increases with N .weights utilizing that information. Another advan-
tage of the direct data domain approach is that when It is very important to point out that it is quite

expensive to add a spatial channel. Typically, thethe direction of arrival of the signal is not known
precisely, additional constraints can be applied to cost of adding a new antenna element with its A/D

hardware and so on is close to a quarter of a millionfix the main beam width of the receiving array and
thereby reduce the signal cancellation problem. dollars. Therefore, it is not practical to have a large

number of channels. This significantly reduces theIn Section 2, the pros and cons of a direct data
domain approach versus a stochastic approach are number of degrees of freedom as the number of an-

tenna elements are fixed. The conventional adaptivesummarized. Section 3 presents the new data do-
main approach and discusses a few of its variants. methods are quite useful because they utilize the
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maximum degrees of freedom by applying the where
weights to all the N antenna elements and hence can
cancel (N0 1) jammers. However, this is achieved at
the expense of not being able to deal with a coherent

[X ] Å

X1 X2 ??? XM

X2 X3 ??? XM/1

:

XM XM/1 ??? XN M1M

(1)jamming environment or when the environment is
highly nonstationary as for an airborne platform.
This method also assumes that one has obtained a
good estimate of the covariance matrix of the re-
ceived voltages without the signal. Now when one [S ] Å

S1 S2 ??? SM

S2 S3 ??? SM/1

:

SM ??? SN M1M

(2)
deals with the direct data domain processing, one
cancels only (N 0 1)/2 jammers, as the data is pro-
cessed on a snapshot-by-snapshot basis. A snapshot
is defined as the voltages measured across all the the difference at each element Xn 0 aSn represents
elements at a particular instant of time. This sig- the contribution due to signal multipaths, jam-
nificantly reduces the number of degrees of freedom. mers, and clutter ( i.e., all noise components except
The novel contribution of this paper is that by treat- the signal ) . It is interesting to observe that in this
ing the data in both a forward and a backward fash- procedure N Å 2M 0 1 and is always odd. This is
ion, as we will show in Section 3, one can signifi- because if there are P jammers then we have in
cantly increase the number of degrees of freedom by total 2P / 1 unknowns to deal with. For each jam-
as much as 50%. Hence in this new approach even mer, the direction of arrival and its complex ampli-
though we are analyzing the data on a snapshot-by- tude are unknown, and that accounts for the 2P
snapshot basis, thereby being able to deal with a terms. Now for the signal we know the direction
highly nonhomogeneous environment, we are not of arrival but do not know its strength. Hence the
sacrificing the number of degrees of freedom to (N /1 term takes care of the unknown signal
0 1)/2 but we are increasing the number of weights strength. Therefore the total number of unknowns
to (N / 1)/1.5. Therefore, this new approach can is always 2P / 1 in this procedure and so is an
deal with a highly nonstationary environment and odd number.
can handle coherent jammers. Note that the elements of matrices in (1) and (2)

are given in the following form: Sn is the voltage
induced in the antenna element n due to the incident3. THE DETERMINISTIC DATA DOMAIN
wave of unit amplitudeADAPTIVE ARRAY PROCESSING

Åe j2p(nd /l )sin us (3)3.1. Direct Method Based on Solution of an
Eigenvalue Equation

and Xn is the voltage induced in the antenna elementConsider the same linear uniformly spaced N-ele-
n due to the signal, jammers, clutter, and thermalment array shown in Fig. 1. Let us assume that the
noisesignal is coming from us and our objective is to esti-

mate its amplitude. Let us define by Sn the complex
voltages received at the nth element of the linear Åe j2p(nd /l )sin us / ∑

P

pÅ1

Ap ejn (2pd /l )sin up / Cn , (4)
array due to a signal of unity amplitude coming from
a direction us . The signal-induced voltages are under
the assumed array geometry and narrowband sig-

where Ap and up are the amplitude and direction of
nal, a complex sinusoidal. Let Xn be the complex

arrival of the pth jammer signal. It is assumed that
voltages that are measured at the nth element due

there are P such jammers and P õ (M 0 1)/2 and
to the actual signal of complex amplitude a, jammers

Cn is the contribution due to clutter and thermal
which may be due to multipaths of the actual signal

noise at the antenna elements.
or other unwanted external jammers, and clutter

Now in an adaptive processing, the weights [W ] are
which is the reflected electromagnetic energy from

chosen in such a way that the contribution from the
the surrounding environment. There also may be

jammers, clutter, and thermal noise is zero. Hence if
contribution to Xn from thermal noise. Then if we

we define the generalized eigenvalue problem
form the matrix pencil

[X ] 0 a[S ] , [R ] [W ] Å { [X ] 0 a[S ] }r[W ] Å 0 (5)
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then a, the strength of the signal, is given by the Define
generalized eigenvalue and the weights [W ] are
given by the generalized eigenvector. Since we have

Z Å expF j2p
d
l

cos usG ; (11)assumed that there is only one signal arriving from
us , the matrix [S ] is of the rank unity and hence the
generalized eigenvalue equation given by (5) has

then R (1, 1) 0 Z 01 R (1, 2) contains no componentsonly one eigenvalue, and that eigenvalue provides
of the signal asthe strength of the signal.

Alternately, one can view the left-hand side of (5)
as the total noise signal at the output of the adaptive S1 Å expF j2p

id
l

sin usG with i Å 1 (12)
processor due to jammer, clutter, and thermal noise:

Nout Å [R ] [W ] Å { [X ] 0 a[S ] }[W ] . (6) S2 Å expF j2p
2d
l

sin usG . (13)

Hence, the total noise power would be given by

Therefore one can form a reduced rank matrix
NpowerÅ [W ]H { [X ]0 a[S ] }H{ [X ]0 a[S ] }[W ] , (7) [T ](M01)1M generated from [R ] such that

where H represents the complex conjugate transpose.
Our objective is to set the noise power to zero by [T ] Å

X1 0 Z 01X2 X2 0 Z 01X3 ???
: :

XM01 0 Z 01XM XM 0 Z 01XM/1 ???selecting [W ] for a fixed signal strength a. This
yields (5).

From a computational point of view one could al- XM 0 Z 01XM/1

XN01 0 Z 01XN (M01)1M

Å [0]. (14)ternately look at solving for a, by making the deter-
minant of the matrix

In order to restore the signal component in the adap-det{[X ] 0 a[S ] } Å 0 (8)
tive processing, we fix the gain of the subarray
formed by forming weighted sum of the voltages

for a suitable value of a. For cost reasons, as described (M
iÅ1 Wi Xi . Let us say the gain of the subarray is C

earlier Eq. (8) in practice is always a square matrix in the direction of us . This provides an additional
even though from a theoretical point of view this meth- equation resulting in
odology can be applied to rectangular matrices.

In real-time application, it may be difficult to solve
the generalized eigenvalue problem in an efficient

1 ??? Z M01

X1 0 Z 01X2 ??? XM 0 Z 01XM/1

: :

XM01 0 Z 01XM ??? XN01 0 Z 01XN (M1M )

way, particularly if the dimension M 0 the number
of weights is large. For this reason we convert the
solution of a nonlinear eigenvalue problem in (5) to
the solution of a linear matrix equation.

1

W1

W2

:

WM M11

Å

C
0
:

0 M11

(15)
3.2. Direct Methods Based on the Solution of

the Matrix Equations
A. Forward method. Note that the (1, 1) and (1,

or, equivalently,2) element of the noise matrix [R ] is given by

[F ] [W ] Å [Y ] . (16)
R (1, 1) Å X1 0 aS1 (9)

Once the weights are solved for by using (15), theR (1, 2) Å X2 0 aS2 , (10)
signal component a may be estimated from

where X1 and X2 are the voltages received at antenna
elements 1 and 2 due to signal, jammer, clutter, and a Å 1

C
∑
M

iÅ1

Wi Xi . (17)
noise, whereas S1 and S2 are the values of the signals
only at those elements due to a signal of unit
strength. The proof of (15) – (17) is available in [5].
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It is also possible to estimate a from any of the time computations can slow down the process. How-
ever, in our examples, these bottlenecks can beM 0 1 equations
streamlined through utilization of the block Hankel
structure in the matrix. The matrix vector product

a Å 1
CZ k ∑

M

iÅ1

Wi Xi/k for k Å 0, . . . , M 0 1 (18) can efficiently be carried out through the use of the
fast Fourier transform (FFT) [8]. This is accom-
plished as follows:or by averaging any one of the equations given by

Consider the matrix-vector productthe set of M equations in (18). However, it is inter-
esting to note that because of (14), averaging M
estimates of a obtained from (18) is no better than F f1 f2 f3

f2 f3 f4

f3 f4 f5

G FW1

W2

W3

G .using (17)!
As noted in [6], (15) can be solved very efficiently

by applying the conjugate gradient method, which may
This is usually accomplished in N2 operations, wherebe implemented to operate in real time utilizing, for
N is the dimension of the matrix. However, since theexample, a DSP32C signal processing chip [7].
matrix has a Hankel structure, we can write it asFor the solution of [F ] [W ]Å [Y ] in (16), the conju-
the convolution of two sequences so that { f } ∗ {W }gate gradient method starts with an initial guess
Å { f1 f2 f3 f4 f5} ∗ {W1 W2 W3 0 0} and considering the[W ]0 for the solution and lets [8]
three elements of the convolution, which provides
the correct matrix vector product. Hence the totalP0 Å 0b01[F ]H[R0] Å 0b01[F ]H { [F ] [W0] 0 [Y ] } ,
operation in this case is FFT01 [FFT { f }rFFT {W } ] .
This results in a total operation count of 3[2N 0where H denotes the conjugate transpose of a ma-
1]log[2N 0 1]. For N typically greater than 30, thistrix. At the nth iteration the conjugate gradient
procedure becomes quite advantageous as the opera-method develops
tion count is of the order of (N log N ) as opposed to
N2 for a conventional matrix-vector product. Also in

tn Å
1

\ [F ] [P ]n\2 this new procedure, there is no need to store an array
and so time spent in accessing the elements of the
array in the disk is virtually nonexistent as every-[W ]n/1 Å [W ]n / tn[P ]n

thing is now one dimensional and can be stored in
[R ]n/1 Å [R ]n / tn[F ] [P ]n the main memory. This procedure is quite rapid and

easy to implement in hardware [7].
bn Å

1
\ [F ]H[R ]n/1\

2 B. Backward procedure. It is well known in the
parametric spectral estimation literature that a

[P ]n/1 Å [P ]n 0 bn[F ]H[R ]n/1 . sampled sequence can be estimated by observing it
either in the forward direction or in the reverse di-

The norm is defined by rection. If we now conjugate the data and form the
reverse sequence, then we get an equation similar

\ [F ] [P ]n\2 Å [P ]H
n [F ]H[F ] [P ]n . to (15) for the solution of the weights Wm :

The above equations are applied in a routine fashion
until the desired error criterion for the residuals

1 Z ???

X *N 0 Z01X *N01 X *N01 0 Z01X *N02 ???
:

X *M/1 0 X *M X *M 0 X *M01 ???

\ [R ]n\ is satisfied. In our case, the error criterion is
defined as

\ [F ] [W ]n 0 [Y ] \

\Y \
£ 1006 .

1

ZM01

X *M 0 Z01X *M01

X *2 0 Z01X *1 (M1M )

W1

W2

:

WM M11

Å

C
0
:

0 M11The iteration is stopped when the above criterion is
satisfied. (19)

The computational bottleneck in the conjugate
gradient method is the computation of the matrix- where * denotes complex conjugate, or equivalently
vector product in [F ] [P ]n and in the computation of
[F ]H[R ]n/1 . Typically matrix vector products in real- [B ] [W ] Å [Y ] . (20)
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The signal strength a can again be determined by 4. APPLICATIONS TO SOME SELECTED
EXAMPLES(17) or (18), once (20) is solved for the weights. C

is the gain of the antenna array along the direction
of the arrival of the signal.

As a first example consider a signal of unity ampli-Note that in both cases A and B , M Å (N / 1)/2.
tude arriving from us Å 907. We consider a five-ele-C. Forward–backward method. In the forward–
ment array of element spacing of l /2. Therefore thebackward model we double the amount of data by
3-dB beamwidth of the array is approximately 12.67.not only considering the data in the forward direc-
We consider a jammer arriving at an angle u to thetion but also conjugating it and reversing the incre-
signal, so that the jammer angle is 907 / u. We arement direction of the independent variable. This
now interested in finding the jammer strength thattype of processing can be done as long as the series
is going to produce an output error of 1% in theto be approximated can be fit by exponential func-
estimation of the signal. This corresponds to antions of purely imaginary argument. This is always
equivalent output signal-to-noise ratio of 40 dB. Intrue for the adaptive array case.
Fig. 2, we plot the angle u versus the jammer-to-There is an additional benefit in this case. For
signal strength to produce a 40-dB signal-to-noiseboth the forward and the backward method, the
ratio at the output. The method chosen for Fig. 2 ismaximum number of weights we can consider is
the forward method. Note that the jammer is arriv-given by (N 0 1)/2, where N is the number of an-
ing through the main beam. Figure 2 describes thetenna elements. Hence, even though all the antenna
same problem but utilizes the eigenvalue method.elements are being utilized in the processing, the
The backward method is not presented here, becausenumber of degrees of freedom available is essentially
the characteristics of the forward and the backward(N 0 1)/2. For the forward–backward method, the
methods are very similar.number of degrees of freedom can be significantly

As a second example we consider the performanceincreased without increasing the number of antenna
of the various methods due to clutter and thermalelements. This is accomplished by considering the
noise. For the example we assume a signal of unityforward and backward versions of the array data.
amplitude arriving from us Å 907 impinging on a 19-For this case, the number of degrees of freedom can
element array, where the elements are assumed toreach (N / 0.5)/1.5. This is approximately equal to
be a half-wave apart. Thus the antenna beamwidth50% more weights or numbers of degrees of freedom
in this case is approximately 5.57. We consider clut-than the two previous cases. The equation that needs
ter arriving at the array from u Å 0.17 to 857 andto be solved for the weights is given by combining
from u Å 957 to 1797. Here clutter is modeled by a(14) and (16) into
number of single plane waves whose complex ampli-
tudes are random and so the clutter patches contain

1 Z ???
X1 0 Z01X2 X2 0 Z01X3 ???

: :

XM01 0 Z01XM XM 0 Z01XM/1 ???

X *N 0 Z 01X *N01 X *N01 0 Z01X *N02 ???
: : :

X *M/1 0 Z01X *M X *M 0 Z01X *M01 ???

1

ZM

XM 0 Z01XM/1

:

XN01 0 Z01XN

X *M 0 Z01X *M01

:

X *2 0 Z01X *1

r

W1

W2

:

WM

Å

C
0
:

0

(21)

or, equivalently,

FIG. 2. 40-dB output signal-to-noise ratio criterion, forward
method and eigenvalue method.[U ] [W ] Å [Y ] . (22)
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a 56.5-dB jammer arriving from u Å 207. We also
have two clutter patches. The first clutter patch is
located from 0.17 to 307 and is modeled by discrete
scatterers located every 0.17 apart. The second clut-
ter patch extends from 357 to 597. The clutter signals
are again modeled by discrete scatterers every 0.17
apart. The complex amplitudes are generated by two
uniformly distributed random number generators as
outlined before. The total signal-to-clutter ratio is
013.2 dB. In addition, we have thermal noise at each
of the antenna elements. The total signal-to-thermal
noise at the array is 23 dB. The beam width of the
antenna is approximately 5.57. If we utilize the for-
ward–backward method to do the processing, with
the only a priori information that signal is arriving
from u Å 907, the processed output signal-to-noise
ratio is 26.6 dB. If we use either the forward or the

FIG. 3. Signal in clutter and thermal noise. backward method, the processed output signal-to-
noise ratio is 13.4 dB, whereas for the eigenvalue
method it is 13.41 dB.many specular electromagnetic reflections which are

arriving in azimuth 0.17 apart with a complex ampli- As a fourth example consider the same 19-element
array receiving a signal of strength 0 dB from u Åtude determined by two random number generators.

The amplitude is determined by a uniformly distrib- 957. In addition we have a 50.5-dB jammer coming
from u Å 507, a 60-dB jammer arriving from u Å 807,uted random number generator distributed between

0 and 1. The phase is also determined by a uniformly a 56.5-dB jammer arriving from u Å 707, and a 69-
dB jammer arriving from u Å 207. In addition wedistributed random number generator located be-

tween 0 and 2p. In addition, we introduce thermal have two clutter patches. The first clutter patch is
located from uÅ 157 to 507 and is modeled by discretenoise to each of the antenna elements which is as-

sumed to be uniformly distributed in magnitude be- scatterers separated in azimuth by 0.17 and whose
complex amplitudes are considered random and gen-tween 0 and 1, and the phase of the complex signal

due to thermal noise is chosen between 0 and 2p. erated by two uniformly distributed random number
generators. In addition, we have a clutter patch fromThe signal-to-total thermal noise power is 023 dB

at the array. Figure 3 provides the output signal- u Å 1007 to 1307 modeled by discrete scatterers every
0.17 apart. The total signal-to-clutter ratio to theto-noise ratio yielded by the various methods as a

function of signal-to-clutter ratio in dB. What Fig. 3 array is013.2 dB. In addition we have thermal noise
at each of the antenna elements, and the total signal-illustrates is that if the input signal-to-clutter ratio

in the array is 010 dB and if we use the forward or to-thermal noise at the antenna array is 23 dB.
If we utilize the forward–backward method to dothe backward method (namely use either (15) or

(19)) to do the processing, then the processed output the processing, then the output signal-to-noise ratio
at the output is given by 7.4 dB. On the other hand,signal-to-noise ratio is about /5 dB. The eigenvalue

method also yields a similar value. However, if we if the processing is done by the eigenvalue method,
the processed output is 1.01 dB, whereas for the for-utilize the forward–backward method to do the pro-

cessing (namely by (21)) then the processed output ward method it is 1.01 dB.
For all the examples it is seen that the forward–signal-to-noise ratio is /8.2 dB. The difference be-

tween the forward method (FRW in Fig. 3) in the backward equations given by (21) yield a much higher
output signal-to-noise ratio than that given by any ofprocessed output signal-to-noise ratio or the eigen-

value method and the forward–backward method the other methods. This is to be expected. Problems
arise if we increase the number of antenna elements(FB in Fig. 3) becomes much larger as the signal-

to-clutter ratio increases. and if we further assume that the direction of arrival
of the signal is not exactly us , but from us {Du, whereAs a third example, consider the same 19-element

array arranged in such a way so as to receive a signal Du is not known a priori. The processed result will not
be very good as all the methods will not find any signalof 0 dB from 907. In addition we have a 69-dB jammer

coming from u Å 1407, a 50-dB jammer arriving from exactly at us . There will in fact be signal cancellation.
To alleviate such problems when there is uncertaintyu Å 957, a 60-dB jammer arriving from u Å 857, and
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in knowing a priori the direction of arrival us of the
signal, we utilize the main beam constraints as de-
scribed in the next section.

5. MAIN BEAM CONSTRAINTS

So far, we have addressed the problem of eliminat-
ing unwanted jammers to extract the signal from
an arbitrary look direction. However, in practice the
expected signal (target returns) can occur over a
finite angle extent. The angle extent is established
by the main beam of the transmitted wave (usually
between the 3-dB points of the transmit field pat-
tern). Target returns within the angle extent must
be coherently processed for detection, and estimates

FIG. 4. Main beam gain.of target Doppler and angle must be made. Adaptive
processing which impacts these processes will lead
to less than optimum performance and can lead to Similar constraints can be applied to the backward
unexpected performance. This is accomplished in the method or the forward–backward method.
least squares procedures by establishing look direc- To illustrate the effects of multiple constraints for
tion constraints at multiple angles within the trans- the radar array problem, the number of antenna ele-
mitter main beam extent. The multiple constraints ments employed utilizing the forward method will
are established by using a uniformly weighted array be N Å 21. For all the examples, the value of N will
pattern for the same size array as the adaptive array be fixed. The performance across the main beam will
under consideration. Multiple points are chosen on be compared for the cases of one, three, and five
the nonadapted array pattern and a row is imple- look direction constraints. This leads to the following
mented in the matrix equations of (15), (19), and relationships:
(21) at each of the desired angles; the corresponding

• N Å 21, L Å 1, and so M Å 11 and 10 jammersuniform complex antenna gains are placed in the Y
can be cancelled;vector of (15), (19), and (21). Hence, for this prob-

• N Å 21, L Å 3, and so M Å 12 and 9 jammerslem the size of the matrix U , for example, is estab-
can be cancelled;lished by the following: Let L be the number of look

• N Å 21, L Å 5, and so M Å 13 and 8 jammersdirection constraints and M be the number of
can be nulled.weights to be calculated; then M 0 L Å the number

of jammers that can be nulled. As an example, consider a target at 947 and with
The first canceling equation uses data from the M a main beam look direction constraint placed at 907./ 1 elements, and each successive canceling equa- It is seen from the main beam array pattern depicted

tion is shifted by one element; therefore N0M equa- in Fig. 4 that the target at 947 has been nulled out.
tions are required to effectively use the data from In Figs. 5, 6, and 7 the complex array gain is shown
N-elements. Thus there are L-constraint equations for one, three, and five main beam constraints due
and N 0 M canceling equations for the case of the to the same sets of random noise generated at the
forward method described by (15) and (16). The 21 elements. For the three cases, the array gain in
number of equations must equal the number of the target direction is not reduced as much as for
weights; therefore the one constraint case (Fig. 5), the two constraint

case (Fig. 6), or the five constraint case (Fig. 7).
M Å L / N 0 M . (23) Also, the 10 vectors for the different simulation of

noise are less randomly distributed for the five con-
This leads to the relationship between the number straint case and hence some coherent integration
of weights, number of constraints, and number of gain is possible. For the three constraint case the
elements constraints were placed at 857, 907, and 957. For the

five constraint case, the main beam constraints were
placed at 857, 87.57, 907, 92.57, and 957.N Å 2∗M 0 L . (24)
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FIG. 5. Complex array gain—one constraint case. FIG. 7. Complex array gain—five constraint case.

Thus either the first three or the first five rows of straint approach would permit effective radar pro-
the A-matrix are of the same form as the first row cessing across the main beam extent with little loss
of the A-matrix above but with the appropriate steer- in performance. For example, Fig. 7 shows the main
ing vector. The excitation function Y would have 1, beam gain in the presence of three jammers with
3, or 5 nonzero elements depending on the number five constraints in the main beam.
of constraints used for the main beam. For the five As the signal strength is increased, the distortion
constraint case, Y would be of the form of the main beam increases. The above results were

generated utilizing a 20-dB signal-to-noise ratio per
[Y ]T Å [13, 7.72 / j8.32, 7.72 0 j8.32, 00.816 channel per pulse. This would be a strong radar re-

turn in most circumstances. Simulation results indi-/ j7.149, 00.816 0 j07.149, 0, 0, 0, 0, 0, 0, 0, 0].
cate that the five constraint approach is still effective
at a 40-dB signal-to-noise ratio, but breaks down atIt is seen that for the five constraint case there is
a 60-dB signal-to-noise ratio.no loss in array gain and the vectors from the 10

In summary, the main beam constraint allows thedifferent runs are very nearly aligned. The five con-
look direction constraint to be established over a fi-
nite beamwidth while maintaining the ability to
adaptively null jammers in the sidelobe region. Al-
though the mainbeam gain can become degraded if
the signal becomes very strong this does not appear
to be a serious limitation for practical radar pro-
cessing cases.

6. CONCLUSION

A direct data domain least squares approach is
presented to accurately and efficiently solve the
adaptive antenna problem. The direct approach in
general has a smaller Cramer–Rao bound than the
stochastic approaches. Also, the direct approach can
effectively deal with blinking jammers and coherent
multipath returns without any problem. In addition,
main beam constraints can easily be incorporated in

FIG. 6. Complex array gain—three constraint case. the direct approach to allow look direction con-
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method, in Fifth Acoustic Speech and Signal Processingstraints to be established over a finite beamwidth
Workshop on Spectral Estimation and Modelling, Rochester,while still maintaining the ability to adaptively null NY, 1990.

jammers. Because of certain structures in the sys- 8. Sarkar, T. K., Arvas, E., and Rao, S. M. Application of FFT
tem matrix, the computational complexity can be and the conjugate gradient method for the solution of electro-

magnetic radiation from electrically large and small conduct-significantly reduced by utilizing the conjugate gra-
ing bodies, IEEE Trans. Antennas Propagation AP-34, No. 5dient and the FFT processing techniques.
(1986), 635–640.
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