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Abstract—Smart antenna is a new and promising technology
in the field of wireless and mobile communications in which
capacity and performance are usually limited by two major
impairments multipath and co-channel interference. Multipath
is a condition that arises when a transmitted signal undergoes
reflection from various obstacles in the environment. This gives
rise to multiple signals arriving from different directions at the
receiver. Smart antennas (also known as adaptive array
antennas and multiple antennas) are antenna arrays with smart
signal processing algorithms to identify spatial signal signature
such as the Direction of arrival (DOA) of the signal and use it to
calculate beam forming vectors, to track and locate the antenna
beam on the mobile targets. This paper explains the new method
for DOA estimation for smart antenna.
Index Terms—MUSIC (Multiple Signal Classification);
ESPRIT (Estimation of Signal Parameters Via Rotational
Invariance Techniques); DOA (Direction of Arrival).

I. INTRODUCTION
A smart antenna is a digital wireless communications
antenna system that takes advantage of diversity effect at the
source (transmitter), the destination (receiver) or both.
Diversity effect involves the transmission and/or reception of
multiple radio frequency (RF) waves to increase data speed
and reduce the error rate. A smart antenna enables a higher
capacity in wireless networks by effectively reducing
multipath and co-channel interference. This is achieved by
focusing the radiation only in the desired direction and
adjusting itself to changing traffic conditions or signal
environments. Smart antennas employ a set of radiating
elements arranged in the form of an array. Two of the main
types of smart antennas include switched beam smart
antennas and adaptive array smart antennas. Switched beam
systems have several available fixed beam patterns. Generally
smart antenna system merges an antenna array with a digital
signal-processing capability to transmit and receive in an
adaptive and spatially sensitive manner. In other words, such
a system can automatically change the radiation patterns to its
signal environment. There are two main types of smart
antenna include switched beam smart antenna and adaptive
array smart antenna. Switched beam systems have some
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predefined fixed beam patterns. A decision for which beam to
access at any given point of time is based on the requirement
of the system. Adaptive arrays allow the antenna to rotate the
beam to any direction of interest while simultaneously
avoiding interfering signals. The smart antenna system is
divided into two parts. First type is switched beam antennas.
The smart antenna system finds the direction of arrival of the
signal, using Classical methods include Classical Beam
former method and Capon’s Minimum Variance Distortion
less Response (MVDR) while Subspace based techniques are
multiple signal classification (MUSIC) and The Minimum
Norm Technique. They involve findings of a spatial spectrum
of the antenna sensor array and calculating the DOA from the
peaks of this spectrum. These calculations are complex.
Matrix Pencil is very efficient in case of real time systems and
for the correlated sources. Second type of smart antenna is
adaptive array antenna. It is the method used to create the
radiation pattern of the antenna array by adding constructively
the phases of the signals in the direction of the targets/mobiles
desired and nullifying the pattern of the targets/mobiles which
are undesired/interfering targets. This can be done with a
simple FIR tapped delay line filter. The weights of the FIR
filter may also be changed adaptively and used to provide
optimal beam forming and actual beam pattern formed.
Typical algorithms are the steepest descent and LMS
algorithms [7]. A decision is made as to which beam to access,
at any given point of time, based upon the requirements of the
system. Adaptive arrays allow the antenna to steer the beam to
any direction of interest while simultaneously nullifying
interfering signals. Beam direction can be estimated using the
so-called Direction-of-Arrival (DOA) estimation methods.

II. LITERATURE REVIEW
There has been a lot of research work dedicated towards
DOA estimation of smart antenna. This paper presents a new
way of accurately determining peaks of the MUSIC spectrum
[1], here considered from the point of view of estimating the
directions of arrival (DOAs) of narrowband signals. It can be
used, with any smart antenna geometry and for any purpose
where MUSIC [1] is applicable. "MUSIC” method [1] studied
by R.O.Schmidt for DOA estimation. Processing the signals
received on an array of sensors for the location of the emitter
is of great enough interest to have been treated under many
special case assumptions. The MUSIC algorithm [1] for DOA
estimation evaluates the MUSIC spectrum for various angles
and chooses the maxima or peaks as the angles of arrival. The
values obtained depend on the interval at which the spectrum

982
ISSN: 2278 – 909X

All Rights Reserved © 2015 IJARECE

International Journal of Advanced Research in Electronics and Communication Engineering (IJARECE)
Volume 4, Issue 4, April 2015
is evaluated. The coarser the interval, the less accurate are the
results in case of MUSIC.
To improve accuracy and not depend on the interval, the
Root-MUSIC [12] method is used. However, Root-MUSIC
[12] is applicable, in its original form, only to uniform linear
arrays (ULA). A. J. Weiss and B. Friedlander discussed on
Direction finding for diversely polarized signals using
polynomial rooting. A direction finding algorithm for
diversely polarized arrays that is based on polynomial rooting
is presented. Using polynomial rooting instead of search
reduces significantly the computational requirements of the
algorithm and enhances resolution. The basic method is
limited to linear uniformly spaced arrays. However, using an
interpolation technique, the algorithm is extended to a larger
class of arrays. The performance of the proposed algorithm is
analyzed. Computer simulations are used to demonstrate the
performance of the new technique and to verify the
performance analysis.
"ESPRIT method [5] studied by R. Roy and T. Kailath. An
approach to the general problem of signal parameter
estimation is described. The algorithm differs from its
predecessor in that a total least-squares rather than a standard
least-squares criterion is used. Although discussed in the
context of direction-of-arrival estimation, ESPRIT [5] can be
applied to a wide variety of problems including accurate
detection and estimation of sinusoids in noise. It exploits an
underlying rotational invariance among signal subspaces
induced by an array of sensors with a translational invariance
structure. The technique, when applicable, manifests
significant performance and computational advantages over
previous algorithms such as MEM, Capon's MLM, and
MUSIC.
The GSU-MUSIC algorithm proposed in this paper is a
two-stage process. The first stage evaluates the objective
function at coarse intervals and determines peaks followed by
an iterative approach based on Gold-section univariate
minimization [3] to find accurate values of the peaks. Richard
Brent investigated the algorithm for minimization without
derivatives [3]. This monograph describes and analyzes some
practical methods for finding approximate zeros and minima
of functions. If the number of peaks found so far is equal to
the number of estimated peaks, the algorithm stops with this
first stage. The second stage is an iterative step for fine
resolution using finer intervals around the peaks found so far
for finding peaks that were missing in previous iterations.
This project also presents a method, based on a partitioning
algorithm for estimating the number of emitters. The
performance of GSU-MUSIC is described, including its
advantages and comparison of time complexities for MUSIC,
Root-MUSIC and GSU-MUSIC. The proposed algorithm
gives good results even when the number of snapshots is
small. This gives it an additional computational advantage. It
does not compromise on the resolving power of MUSIC. In
this paper, we present a variation on MUSIC. In this method,
which we call GSU-MUSIC, the peaks of the MUSIC
spectrum are evaluated quite accurately using Gold-section
univariate (GSU) minimization.

III. GSU-MUSIC DOA ESTIMATION ALGORITHM
MUSIC [1] is a technique based on exploiting the Eigen
structure of input covariance matrix. MUSIC [1] stands for
Multiple Signal Classification. It is one of the earliest
proposed and a very popular method for super-resolution
direction finding, which gives the estimation of number of
signals arrived, hence their direction of arrival. Eigen vectors
are easily obtained by either an Eigen decomposition of
sample covariance matrix or a Singular Value Decomposition
(SVD) of the data matrix. By MUSIC algorithm the powers
and cross correlations between the various input signals can
be readily obtained and the DOAs of the multiple incident
signals can be estimated by locating the peaks of a MUSIC
spatial spectrum. We begin with the signal snapshots Y,
which is a K⤬M matrix. Covariance matrix S is computed via
(1). The next step is Eigen analysis, getting the eigenvalues L
and the corresponding eigenvectors E. In this paper, we
describe a partitioning method in Section IV on the set of the
normalized eigenvalues, which gives us an estimate of D. We
separate the eigenvectors into M - D noise eigenvectors
and the remaining D signal eigenvectors . In MUSIC, the
spectrum (8) is evaluated for different angles and the peaks
are chosen. Numerically, the estimate is limited by the
evaluation interval. Let be the number of sensors in a smart
antenna array. Let there be snapshots at each sensor. For
any k ϵ {1, K} the k’th snapshot at each sensor is for the same
instant in time. Let
represent the K⤬M matrix of
snap-shots. This matrix has complex values in general,
representing in-phase and quadrature components. The
covariance matrix is given by
(1)
Where denotes Hermitian. It has been shown that will
contain only positive real values as is positive definite. If
there are D < M independent signals, M-D of the eigenvalues
will ideally be 0 under no noise condition, but, will be close to
0 depending on the signal-to-noise ratio (SNR). After sorting
the eigenvalues in in ascending order, the M⤬ (M-D)
matrix
, the matrix of the M-D eigenvectors
corresponding to the M-D lowest eigenvalues is found.
Contain the noise eigenvectors. Can be written as E=
{

| } where
are the signal eigenvectors.
The array manifold for a direction of arrival is the

M⤬1column vector a . It depends on the geometry. For
example, for a ULA, it is given by
]
=

(2)
(3)

And

is given by
(4)

Where d is the spacing between the ULA elements and is
the wavelength corresponding to the centre frequency of the
narrowband signal. The filtered vector
which is
analogous to the output of the spatial tuned filter as described
in [8] is here given by
(5)
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Then, the energy in the filtered output is
(6)
(7)
For MUSIC, this energy is minimized, i.e., almost close to
zero, when the angle corresponds to a DOA. Thus, the
objective function for maximization is

(8)
It is interesting to note that the evaluation of

is linear

in while nonlinear in
unlike conventional frequency
response. The spectrum can be thought of as the inverse of the
magnitude squared of the frequency response of the filter
given by (5). It is interesting to note that the evaluation
of
is linear in
while nonlinear in
unlike
conventional frequency response. The spectrum can be
thought of as the inverse of the magnitude squared of the
frequency response of the filter given by (5). The amplitude of
the peaks of the MUSIC pseudo-spectrum is not related
quantitatively to that of the corresponding component of the
model because resulting peaks only serve to indicate precisely
the position of sources. Qualitatively, if the amplitude so the
SNR (Signal to Noise Ratio) is more important, the
pseudo-spectrum will be less disrupted, resulting in a higher
peak value. The amplitude or SNR can be obtained without
difficulty by an optimization method of least squares. MUSIC
algorithm does not allow obtaining directly the DOA of wave
fronts. To know exactly the angles of arrival of the signals, we
need to calculate an average over all vectors of an
orthonormal basis of the noise space.
We estimate the number of signals, D, as the number of
significant eigenvalues in L, i.e., the cluster of eigenvalues
which carries maximum mean energy. The size of the cluster
provides an estimate of D. GSU minimization method [3]
finds the extreme values of a univariate function accurately.
The amplitude of the peaks of the MUSIC [1]
pseudo-spectrum is not related quantitatively to that of the
corresponding component of the model because resulting
peaks only serve to indicate precisely the position of sources.
Qualitatively, if the amplitude so the SNR (Signal to Noise
Ratio) is more important, the pseudo-spectrum will be less
disrupted, resulting in a higher peak value. The amplitude or
SNR can be obtained without difficulty by an optimization
method of least squares.

IV. RESULTS
MUSIC algorithm does not allow obtaining directly the
DOA of wave fronts. To know exactly the angles of arrival of
the signals, we need to calculate an average over all vectors of
an orthonormal basis of the noise space. In other words, we
have to calculate the pseudo-spectre on the extent of the
parameters space and seek the minima of this function, which
limits its performance in terms of speed and computational
resources.

Fig.1 MUSIC algorithm
Several variants of MUSIC method have been proposed to
reduce complexity, increase performance and resolution
power.

Fig.2 GSU-MUSIC algorithm
Figure 1 and figure 2 shows simulation results for MUSIC and
GSU-MUSIC algorithm.

V. CONCLUSION
Smart or adaptive antenna arrays can improve the
performance of wireless communication systems. In this
chapter, basic terms such as coverage and capacity are
defined. An overview of strategies for achieving coverage,
capacity, and other improvements is presented, and relevant
literature is discussed. Multipath mitigation and direction
finding applications of arrays are briefly discussed, and
potential paths of evolution for future wireless systems are
presented. Requirements and implementation issues for smart
antennas are also considered. Smart antennas are most often
realized with either switched-beam or fully adaptive array
antennas. An array consists of two or more antennas (the
elements of the array) spatially arranged and electrically
interconnected to produce a directional radiation pattern. In a
phased array the phases of the exciting currents in each
element antenna of array are adjusted to change the pattern of
the array, typically to scan a pattern maximum or null to a
desired direction. Although the amplitudes of the currents can
also be varied, the phase adjustment is responsible for beam
steering. A smart antenna system consists of an antenna array,
associated RF hardware, and a computer controller that
changes the array pattern in response to the radio frequency
environment, in order to improve the performance of a
communication or radar system. Switched-beam antenna
systems are the simplest form of smart antenna. By selecting
among several different fixed phase shifts in the array feed,
several fixed antenna patterns can be formed using the same
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array. The appropriate pattern is selected for any given set of
conditions. An adaptive array controls its own pattern
dynamically, using feedback to vary the phase and/or
amplitude of the exciting current at each element to optimize
the received signal.
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