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Abstract-In this paper we propose a new Sensor array
configuration for improved smart antenna design. The new
configuration involves two parallely-displaced sensor arrays
in the vertical plane. The proposed sensor array configuration
avoids the problem of spatial aliasing encountered in largely
spaced sensor arrays and reduces the effects of inter-element
mutual coupling for closely spaced arrays. Moreover, the
proposed sensor array configuration allows for doubling the
number of array elements and, hence, increasing the system
capacity, without significantly increasing the array aperture.
This allows for a more accurate beam pattern to be generated
especially in a radio environment with a large number of inter-
ference signals. Numerical results are presented to demonstrate
the improved performance of direction-of-arrival estimation
and adaptive beamforming algorithms when the proposed array
configuration is used.

Index Terms-Smart antennas, adaptive array processing,
direction-of-arrival estimation, adaptive beamforming.

[. INTRODUCTION

The main impairments in wireless communication are mul-
tipath fading, co-channel interference, and delay spread. Smart
antenna systems overcome these impairments providing a
wider coverage and a greater capacity. This promising tech-
nology has been incorporated in 3G and 4G wireless systems
allowing for high data rate applications [1], [2].

A smart antenna system at the base station of a cellular
mobile system is depicted in Fig. 1. It consists of a uniform
linear antenna array for which the currents are adjusted by
a set of complex weights using an adaptive beamforming
algorithm. The adaptive beamforming algorithm optimizes
the array output beam pattern such that maximum radiated
power is produced in the directions of desired mobile users
and deep nulls are generated in the directions of undesired
signals representing co-channel interference from mobile users
in adjacent cells [1]-[4]. Prior to adaptive beamforming, the
directions of users and interferes must be obtained using a
direction-of-arrival estimation algorithm [5], [6], shown in Fig.
1.

Most smart antenna systems utilize a uniform linear ar-
ray (ULA) of N elements that are spaced apart by half-
wavelength (d = A\/2). The inter-element spacing in a ULA
is chosen to be A/2 in order to reduce mutual coupling
effects which deteriorate the performance of the direction-
of-arrival estimation and adaptive beamforming algorithms as
demonstrated in [2], [6]. If the inter-element spacing is chosen
to be smaller than A\/2 the mutual coupling effects cannot be
ignored and the beamforming algorithm fails to produce the
actual beam pattern. On the other hand, increasing the inter-
element spacing beyond /2 results in spatial aliasing which
takes the form of unwanted peaks in the output beam pattern.
It is therefore concluded that d = A/2 represents the optimum
value for the inter-element spacing in a ULA.

Due to practical considerations it is desirable to design
smart antenna systems with smaller size. This can be done
by employing a ULA with smaller aperture. Since the inter-
element spacing in a ULA is maintained to A/2 the array
aperture can be reduced by decreasing the number of antennas
in the array. This will, however, limit the array capability of
handling more desired and interfering signals resulting in a
reduction in the system capacity.

It is therefore desirable to design a smart antenna sys-
tem which can handle more signals without increasing the
array aperture significantly. This paper presents a new array
configuration which consists of two parallely-displaced arrays
aligned in the vertical plane. The proposed array configuration
has several advantages. First, it maintains almost the same
radiation aperture as the conventional uniform linear array yet
it can handle more signals from users and interferers. Second,
the horizontal displacement between the two arrays in the
proposed array configuration allows for resolving correlated
signals encountered in multipath propagation environment
without having to apply spatial smoothing techniques [5].
Moreover, the vertical displacement between the arrays allows
for resolving signals arriving at grazing incidence (endfire
direction) in the vertical plane.

The paper is organized as followsSection II develops the
signal model for the proposed array configuration. Sections II1
and IV present the theory of the direction-of-arrival estimation
and adaptive beamforming algorithms, respectively. Section V
presents results that demonstrate the improved performance of
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Fig. 1. A functional bolock diagram of a smart antenna system.

the smart antenna system employing the proposed array con-
figuration when compared to the conventional ULA. Finally,
conclusions are given in Section VI.

II. SIGNAL MODEL

Consider two parallel uniform linear arrays displaced by a
horizontal distance d = \/4 and vertical separation s = \/2,
as shown in Fig. 2. Each array consists of IV linear equispaced
omni-directional sensors with inter-element spacing d = \/2
receiving M narrowband signals s,, (¢) incident with azimuth
angles of arrival ,,, 1 < m < M. The two arrays are assumed
to be located parallel to the z-axis and the azimuth angle 6,, is
measured with respectto the z-axis. Following this coordinate
system, the received data vector x(t) is given by

M
> [a1(0m) + az(0m)] sm () + n(t)

m=1

x(t) (1)

where n(¢) is a noise vector modeled as temporally white and
zero-mean complex Gaussian process, aj (6,,) and as(6,,) are
the steering (or response) vectors for the two parallel arrays,
corresponding to the DOA of the m!signal. The steering
vectors for the two subarrays are defined as

a(0m,) = [e’j("’l)%(%)sm o] "

; 1<n<N (2

aQ(Gm) — al(em) ) e*j27r(%)sin0m ) e*jQﬂ'(%)cos(im (3)

where [.]7 is the transpose operator, X is the wavelength of the
incident signals, and A is the horizontal displacement between
the two arrays and is equal to A/4 as illustrated in Fig. 2.
The combination of all possible steering vectors forms the
array manifold (or steering vector) matrices A; and A,. The
received signal vector x(¢) of (1) can then be re-written as

x(t) = [A1 + A] s(t) + n(t) = As(t) +n(t) (&)

where the overall array manifold matrix A = A;+As.
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III. DIRECTION-OF-ARRIVAL ESTIMATION

A common direction-of-arrival estimation algorithm is MU-
SIC (Multiple Signal Classification) [5]. It starts by applying
temporal averaging over K snapshots (or samples) taken from
the signals incident on the sensor array. This averaging process
leads to forming a spatial correlation (or covariance) matrix
R defined as

1
R=—

) x(t)x(t)"

(&)
where [.]7 denotes the Hermitian operator. Substituting x(#)
from (4) into (5) results in

1 K
R=— ; As(t)s()T AT 4 n(t) n(t)? (6)

which can be expressed as

R = AR A" + 021 (7)

where Ry, is the signal covariance matrix, 0'721 is the noise
variance, and I is an identity matrix of size N x N.

It can be shown [6] that the covariance matrix R
has M signal eigenvalues with corresponding eigenvectors
€1, €3 ,..... ,.epr. The remaining N — M eigenvalues of
the covariance matrix R represent noise eigenvalues with
corresponding eigenvectors €jpr41, €Af4+2 ..e.... ,.eny. We
form the signal subspace matrix E; for which the columns
are the M signal eigenvectors of the covariance matrix R,
ie, E; = [e] ey eM]T. Similarly, we form the noise
subspace matrix E,, for which the columns are the remaining
N — M noise eigenvectors of the covariance matrix R, i.e.,

E, = [em+1 emt2 coeenee eN]T. The normalized MUSIC
angular spectrum is then given by [1],
ATA

PO) = ———- 8

By examining the denominator in (8), it is evident that peaks
in the MUSIC angular spectrum occur whenever the overall
array manifold (or steering vector) matrix A is orthogonal
to the noise subspace matrix E,. These angles 6 at which
the peaks occur define the directions-of-arrival of the of
the signals impinging on the sensor array. The number of
signals that can be detected is restricted by the number of
elements in the sensor array. In [5] it was verified that an
N-element sensor array can detect up to N — 1 uncorrelated
signals. This number reduces to N/2 signals if they are
correlated. A comprehensive performance evaluation of the
MUSIC algorithm for DOA estimation can be found in [6]
and [7].

IV. ADAPTIVE BEAMFORMING

An adaptive beamformer, shown in Fig. 3, consists of
multiple antennas; complex weights, the function of which
is to amplify (or attenuate) and delay the signals from each
antenna element; and a summer to add all of the processed
signals, in order to tune out the signals not of interest,
while enhancing the signal of interest. Hence, beamforming is
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Fig. 2. Proposed array configuration consists of two parallely-displaced

arrays in the vertical plane displaced horizontally by a distance A = \/4
and separated vertically by a distance s = A/2.

sometimes referred to as spatial filtering, since some incoming
signals from certain spatial directions are filtered out, while
others are amplified. The output response of the uniform linear
array shown in (3) is given by

©

where w is the array weights vector and x is the received
signal vector given in (4).

The array weights vector w in (9) in are obtained using an
adaptive beamforming algorithm. Adaptive beamforming algo-
rithms are classified as either DOA-based, temporal-reference-
based, or signal-structure-based. In DOA-based beamforming,
the direction-of-arrival algorithm passes the DOA information
to the beamformer, as illustrated in Fig. 1. The beamforming
algorithm is used to design a radiation pattern with the main
beam directed towards the signal of interest, and with nulls in
the directions of the interferers.

On the other hand, temporal-reference beamformers use a
known training sequence to adjust the weights, and to form a
radiation pattern with a maximum towards the signal of interest
and nulls towards the signals not of interest. Specifically, if
d(n) denotes the sequence of reference or training symbols
known a priori at the receiver at time n, an error, €(n) is
formed as

y(n) = w'x(n),

e(n) = d(n) — wHaz(n).

(10)

This error signal € is used by the beamformer to adaptively
adjust the complex weights vector w so that the mean-
squared error (MSE) is minimized. The choice of weights that
minimize the MSE is such that the radiation pattern has a
beam in the direction of the source that is transmitting the
reference signal, and that there are nulls in the radiation pattern
in the directions of the interferers. Once the beamformer has
locked onto the reference signal, then the complex weights
are maintained as fixed, and transmission of the data packet
begins. The array weights vector using the Least Mean Squares
(LMS) algorithm can be expressed as [7],

w(n +1) = w(n) + px(n)e* (n) (1)

where w(n + 1) denotes the weights vector to be computed
at iteration n + 1 and p is the LMS step size which is related
to the rate of convergencein other words, how fast the LMS
algorithm reaches steady state. The smaller the step size the
longer it takes the LMS algorithm to converge. This means
that a longer reference or training sequence is needed, which

Array Far field signal source
Boresight (wavelength = 1)
A
S
yd
ye
/‘/

1 N =
Pattern-
forming
Network

v
Array Output

Fig. 3. Top view of a smart antenna system utilizing a uniform linear array
(ULA) of N sensors.

would reduce the payload and, hence, the bandwidth available
for transmitting data.. In order to ensure the stability and
convergence of the algorithm, the adaptive step size should
be chosen within the range specified as

e (12)

max

0<p< A

where A is the maximum eigenvalue of the input covariance
matrix R obtained in (7).

V. RESULTS AND DISCUSSION

We have obtained the results for MUSIC direction-of-arrival
estimation and LMS adaptive beamforming algorithms using
both the conventional uniform linear array configuration with
N = 4 elements in the array, and the proposed two parallely-
displaced array configuration with N = 4 elements in each
array so that total number of elements used is 2N = 8.
Inter-element spacing of d = A/2 is maintained in both
configurations.

Simulation results for the MUSIC direction-of-arrival es-
timation algorithm are presented in Figs. 4 and 5 We have
assumed a signal-to-noise ratio SNR = 20 dB and the
number of snapshots K = 1000. The MUSIC algorithm is
used to detect two incoming signals arriving at incidence
angles 6,,—1=-60°and 0,,—1=60°. Figs. 4 and 5 show the
MUSIC angular spectrum for the conventional uniform linear
array configuration and proposed parallely-displaced array
configuration, respectively. It is evident from Fig. 5 that
using the proposed array configuration results in a MUSIC
spectrum with sharper peaks and lower noise floor. Hence, the
MUSIC algorithm can better resolve incoming signals when
the proposed array configuration is used.

Simulation results for the LMS adaptive beamforming al-
gorithm are presented in Fig. 6. In this case, both the desired
and interfering signals take the form of a simple complex
sinusoidal-phase modulated signal. By doing so it can be
shown in the simulations how interfering signals of the same
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Fig. 4. MUSIC angular spectrum using conventional uniform linear array
configuration with N = 4.

frequency as the desired signal can be separated to achieve
rejection of co-channel interference. In the example provided
here, the desired signal arrives at an angle g = 20° and
interference signal arrives at an angle 8; = —40°. The signal-
to-noise ratio SNR = 20 dB and signal-to-interference ratio
SIR = —10 dB. The LMS adaptive step size is u = 0.001
and the number of iterations is 1000. Fig. 6 shows the LMS
beam pattern using both conventional and proposed array
configurations. It is evident from Fig. 6 that using the proposed
array configuration (solid line), the LMS beamformer is able
to iteratively update the array weights to force a deep null
in the direction of the interference signal ;7 = —40°. The
null is —60 dB deep below the maximum. The proposed array
configuration (solid line in Fig. 6) also allows the LMS beam-
former to produce a maximum in the right direction toward the
desired signal at #5=20°. Hence, the performance of the LMS
beamformer is superior when the proposed paralley-displaced
array configuration is used.

VI. CONCLUSIONS

We have proposed a new sensor array configuration which
improves the performance of smart antenna systems. The pro-
posed configuration consists of two parallely-displaced sensor
arrays aligned in the vertical plane. Performance results for
both MUSIC direction-of-arrival estimation and LMS adap-
tive beamforming algorithms show significant improvement
when the proposed array configuration is used. Besides the
improved performance of the direction-of-arrival and adaptive
beamforming algorithms, the proposed array configuration has
several other advantages. First, it maintains almost the same
radiation aperture as the conventional uniform linear array yet
it can handle more signals from users and interferers because
it has more array sensors when compared to the conventional
uniform linear array. Second, the horizontal displacement
in the proposed configuration between the two parallel ar-
rays allows for resolving correlated signals encountered in
multipath propagation environment without having to apply

ACES JOURNAL, VOL. 22, NO. 1, MARCH 2007

Angular Spectrum for Direction Finding using MYDR Algorithm

OF o | B—— R e RSP PR Y P
e} E
=) :
= i
£ o
[=] '
o '
P i
= |
= :
= !
= S S SR SU S S
i i i i i i i I i
-80 -B0 -40 =20 0 20 40 B0 80
Direction of Arrival (degrees)
Fig. 5. MUSIC angular spectrum using proposed two parallely-displaced

array configuration with 2N = 8.
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Fig. 6. LMS beam pattern using conventional uniform linear array configu-
ration with N = 4 (dashed line), and proposed two parallely-displaced array
configuration with 2/N = 8 (solid line).

spatial smoothing techniques. Moreover, the vertical separation
between the two parallel arrays allows for resolving signals
arriving at grazing incidence (endfire direction) in the vertical
plane.
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