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Abstract: This paper presents the performance analysis of MUSIC (MUltiple SIgnal Classification), a direction-of-arrival
estimation (DOA) algorithm and LMS (Least Mean Square), an adaptive Beamforming algorithm for smart antenna systems.
First one is for identifying the directions of the source signals incident on the sensor array and later is for directing the main
beam towards the desired source signals and also generating deep nulls in the directions of interfering signals. Both the
algorithms are tested by assuming number of elements N = 6, 8 and element spacing d = 0.5 λ, 0.3 λ. Results obtained verify
the improved resolution when the number of elements and spacing between elements are more. These results of numerical
simulations are useful for the design of smart antenna system with optimal performance.
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1. INTRODUCTION

In recent years, smart antennas have been considered to be
one of the most expected technologies, which are adapted
to the demanding high-bit rate or high quality in broadband
commercial wireless communication such as mobile internet
or multimedia services [1], [2].

A smart antenna is a digital wireless communications
antenna system that takes advantage of diversity effect at
the transmitter, the receiver or both. Diversity effect involves
the transmission and/or reception of multiple RF-waves to
increase data speed and reduce the error rate.

A smart antenna system at the base station of a cellular
mobile system is shown in Fig. 1. It is an antenna system
that can modify its beam pattern by means of internal
feedback control while it is operating. The directions of users
and interferers are obtained using a direction-of-arrival
(DOA) estimation algorithm. By using the result of DOA
estimation the current amplitudes are adjusted by a set of
complex weights using an adaptive Beamforming algorithm.
It optimises 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, i.e. co-channel interference
from mobile users in adjacent cells [3]. This is called as
direction-of-arrival based Beamforming. Thus, DOA and
Beamforming algorithms are used to improve the
performance of an antenna array by controlling its directivity
to reduce effects such as interference, delay spread and
multipath fading [4]. Hence, a successful design of a smart
antenna depends highly on the choice of a DOA estimation

and Beamforming algorithm and should be highly accurate
and robust.

Fig. 1: Block Diagram of a Smart Antenna System

The paper is organised as follows. Section 2 develops
the theory of smart antenna system. Section 3 describes
simulation and experimental results and finally conclusions
are given in Section 4.

2. THEORY OF SMART ANTENNA SYSTEMS

Theory of Smart antenna system is divided as a signal model,
DOA estimation using MUSIC and adaptive Beamforming
using LMS algorithm.

2.1 A Signal Model

Consider an array of N elements with N potential weights.
Let it receives M narrow band source signals SM (t) from
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desired users arriving at directions θ1, θ2….θM as shown in
Fig. 2. The array also receives I narrow band source signals
Si (t) from undesired (or interference) users arriving at
directions θ1, θ2….θI. At a particular instant of time t = 1, 2
…. K where K is the total number of snapshots taken. The
desired user signal vector xM (t) can be defined as

)(tS = ( ) ( ) ( )[ ]TM tStStS ......21 ... (6)

The undesired (or interference) user signal vector
XI (t) as

)(tX I = )(tiAI ... (7)

Where AI is the N × 1 matrix of the undesired users
signal direction vectors and is given by

IA = )](.......),(),([ 21 Iaaa θθθ ... (8)

And i (t) is the I × 1 undesired (or interference) users
source waveform vector defined as

)(ti = ( ) ( ) ( )[ ]TI tititi ....21 ... (9)

The overall received signal vector X (t) can be written as

)(tX = ( ) ( ) ( )tXtntX IM ++ ... (10)

where n (t) represents white Gaussian noise. The
conventional estimate of the correlation matrix defined as

R = )}()({ tXtXE H ... (11)

where E {.} represents the ensemble average; and (.)H is the
Hermitian operator. The above equation can be approximated
by applying temporal averaging over K snapshots (samples)
taken from the signals incident on the sensor array. This leads
to forming a spatial correlation matrix R given by [5];
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Substituting for X (t) from (10) in (12) gives
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where Rss = E {s (t) sH (t)} is an M × M desired users source
waveform correlation matrix; Rii = E {i (t) iH (t)} is an I × I
undesired users source waveform correlation matrix. Finally,
Eq. (13) can be rewritten as
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where σ2 is the noise variance, and I is an identity matrix of
size N × N.

Fig. 2: Geometry of a Uniform Linear Array
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where a (θM) is the N × 1 array steering vector which
represents the array response at direction θm is given by

)( ma θ = ;])1(([exp T
mnj ϕ−  1 ≤ n ≤ N ... (2)

Where [(.)]T is the transposition operator, and ϕm

represents the electrical phase shift from element to element
along the array. This can be defined by

mϕ = ( )m
d θ







λ
π sin2 ... (3)

where d is the inter-element spacing and λ is the wavelength
of the received signal.

The desired users signal vector XM (t) of (1) can be
written as

)(tX M = )(tSAM ... (4)

Where AM is the N × M matrix of the desired users signal
direction vectors and is given by

MA = )](....),(),([ 21 Maaa θθθ ... (5)

And S (t) is the M × 1 desired users source waveform
vector defined as
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2.2 DOA Estimation using MUSIC Algorithm

MUSIC is an acronym which stands for MUltiple SIgnal
Classification. It is a simple, popular high resolution and
efficient eigen structure method.

From array correlation matrix R obtained in (14) can
find M eigen vectors associated with the signals and
(N – M) eigenvectors associated with the noise. Then choose
the eigen vectors associated with the smallest eigen values.
Noise eigen vectors subspace of order N × (N – M) is
constructed and is given as

NE = 1 2 ......... N Me e e =   ... (15)

The noise subspace eigen vectors are orthogonal to the
array steering vectors at the angle of arrivals θ1, θ2,……..
θM. The Pseudo-spectrum, a function that gives an indication
of the angle of arrival based upon maximum versus angle
for MUSIC is given as

( )θMUP = ( ) |)(|

1

θθ aEEa H
NN

... (16)

2.3 Adaptive Beamforming using LMS Algorithm

An Adaptive Beamforming using least mean square
algorithm 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
of interest. Hence it is sometimes referred to as spatial
filtering. The output response of the uniform linear array is
given by

( )nY = ( )nXwH ... (17)

where w is the complex weight vector and X is the received
signal vector given in (10). The complex weight vector w in
(17) is obtained using an adaptive Beamforming algorithm.
The least mean square algorithm is a gradient based approach
in which an error, ε (n) is formed as

( )nε = ( ) ( )nXwnd H− ... (18)

where d (n) denotes the sequence of reference or training
symbols known a priori at the receiver at time n. This error
signal ε is used by the beamformer to adaptively adjust the
complex weight 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
reference signal and that there are nulls in the radiation
pattern in the direction of the interferers.

The LMS algorithm is based on the steepest descent
method which recursively computes an updates the sensor
array weights vector w. It is reasonable that successive
corrections to the weights vector in the direction of the
negative of the gradient vector should eventually lead to
minimum MSE, which point the weights vector assume its
optimum value. In a standard LMS algorithm, the array
weights vector w is initialized arbitrarily, and is then updated
using the LMS equation given below [6].

( )1+nw = ( ) ( ) ( )nnXnw *εµ+ ... (19)

where w (n + 1) denotes the weights vector to be computed
at iteration n + 1 and µ is the LMS step size which is related
to the rate of convergence. In order to ensure the stability
and convergence of the algorithm, the adaptive step size
should be chosen within the range specified as

max2

1
0

λ
≤µ≤ ... (20)

where λmax is the maximum eigenvalue of the input
correlation matrix R obtained in (14).

3. SIMULATIONS AND EXPERIMENTAL RESULTS

The performance analysis of MUSIC and LMS algorithm
has been carried out through simulation using MATLAB.
An N element linear array is used. Binary Walsh like signals
of amplitude 1 and Gaussian distributed noise of = 0.1 are
assumed with K finite samples.

All correlation matrices by time averages are calculated
to get Rxx as follows

xxR


= H H
ss sn ns nnAR A AR R A R+ + +
   

... (21)

Figure 3 (a) shows angular spectra for the number of
elements N = 6 and 8 with spacing between elements of array
d = 0.5 lambda and number of time samples K = 100 for
arriving angles at – 20°, 40°, and 60°. This shows that
using more array elements improves the resolution of the
spectrum.

Figure 3 (b) shows angular spectra for N = 8 and
different element spacing d = 0.5 lamda and 0.4 lamda. This
shows that when the array elements are placed close to each
other, mutual coupling occurs and this leads to a reduction
of the accuracy of the DOA estimation. Figures 3 (c) and
(d) show similar effects as in Figs 3 (a) and (b) respectively
for arrival angles – 20°, 40°, and 60° and with deep null at
interferer angle 0°. Figures 3 (e), (f), and (g) show resulting
weights magnitude, mean square error (MSE) and desired
signal with array output for N = 6 and d = 0.5 λ respectively.
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Fig. 3: Simulation Results (a) Normalized MUSIC Spectrum for Arrival Angles – 20°, 40°, and 60° (d = 0.5 lamda).
(b) Normalized MUSIC Spectrum for Arrival Angles – 20°, 40°, and 60° (M = 8). (c) Array Factor Pattern for Arrival Angles – 20°,

40°, and 60° and Interferer Angle 0° (d = 0.5 lamda). (d) Array Factor Pattern for Arrival Angles – 20°, 40°, 60° and Interferer Angle
0° (N = 8). (e) Resulting Weights Magnitude Versus Iteration Number. (f) Mean Square Error |e|2 Versus Iteration Number. (g)

Desired Signal and Array Output.

4. CONCLUSION

This paper presented the performance analysis of two
popular algorithms for direction of arrival based
beamforming smart antenna system. MUSIC, DOA
estimation and LMS, adaptive beamforming algorithms are
analyzed through simulations using MATLAB. Sharper
peaks in the MUSIC angular spectrum indicate locations

of desired users. Peaks of LMS are formed in the same
desired direction and deep null in the direction of the
undesired interference. Results obtained verify the improved
resolution when the number of elements and spacing
between elements are more. This analysis is useful in
implementation of direction of arrival based smart antenna
system.
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