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Abstract—In this paper, two low-complexity adaptive step size
algorithms are investigated for blind adaptive beamforming. Both of
them are used in a stochastic gradient (SG) algorithm, whicremploys
the constrained constant modulus (CCM) criterion as the dedgn
approach. A brief analysis is given for illustrating their properties.
Simulations are performed to compare the performances of th novel
algorithms with other well-known methods. Results indicaé that the
proposed algorithms achieve superior performance, betterconvergence
behavior and lower computational complexity in both statimmary and
non-stationary environments.

Index Terms-Blind adaptive beamforming techniques, constrained
constant modulus (CCM), modified adaptive step size (MASS)time
averaging adaptive step size(TAASS).

I. INTRODUCTION

the RLS based beamformers cannot avoid complicated cotigmga
caused by the required correlation matrix inversion.

Comparing SG algorithms, which represent simple and low-
complexity solutions but subject to slow convergence, wWRhS
methods, which possess fast convergence but high commaati
load, it is preferable to adopt SG beamformers due to coritplard
cost issues. For this reason, the improvement of blind Stniques
is an important topic and has been investigated for severedaes.

In this research area, the works [ [6] and [9] employ stashd&B
methods with fixed step size (FSS) that are not efficient vatpect

to convergence and steady-state performance. The perfoemaf
the beamformer is strongly dependent on the choice of thp ste
size [12]. It reflects a tradeoff between misadjustment amel t
convergence rate. Actually, the communication systems nane

In recent years, many adaptive filtering algorithms havenbestationary environments, which make it very difficult to geegermine

used for beamforming, which is a promising and widely iniggged
technology for rejecting interference and improving thef@enance
of high capacity mobile communications systems [1]. Manyhods
have been presented in different communication systemp[2]n
contrast to fixed beamforming techniques, an adaptive bmramef
has the ability of rejecting interference and pointing itaimbeam
in the desired direction with the change of scenarios. Béiddptive
beamforming, which is intended to form the array directiesponse
without knowing users’ information beforehand, is an intpot topic
that deals with interference cancellation, tracking inweroent and
complexity reduction.

The blind adaptive SG method, which is commonly employed
the blind adaptive beamforming area, is a well-known teghaifor

the step size. It is necessary to make the step size trackhtmge of
the system automatically and so obtain good convergencavimeh
Previous researches have focused on this aim and some gadtsre
have been reported. The adaptive step size (ASS) mechani&sn w
employed in both the MV[[13],[[14] and the CNM_[15] criteria for
improving the performance. Because of requiring an aduifiopdate
equation for the gradient of the weight vector with respedhe step
size, which increases the extra computational load, thécapipns of
these algorithms are limited. The authors[of|[16] propose mavel
variable step size mechanisms for MV algorithms. The sitrorda
experiments show that the new mechanisms are superiordimpsty
ireported methods and have a reduced complexity.

This paper proposes two blind CCM beamformers based on two

solving optimization problems with different criteriage. minimum novel adaptive step size mechanisms. The origins of thesthane
mean squared error (MMSE)I[5], minimum variance (MV) [6] anchisms can be traced back to the works[ofl [17] &nd [18] where low
constant modulus (CM)_[7]. The MV algorithm is a computatibn complexity adaptive step size mechanisms were developedMS
efficient approach to estimate the input covariance matitie results algorithms. In contrast t6 [16]-[18], the mechanisms heesdzsigned
in [6] prove that the MV criterion leads to a solution idemtito that for CCM algorithms, since it is well-known that they outpmrh the
obtained from the minimization of the mean squared error EMS CMV algorithms [8]. Because of this reason, the simulatioere just
The CM algorithm for beamforming exploits the low moduluscflu compare the algorithms related to the CCM criterion. Theitauthl
tuation exhibited by communications signals using constasdulus number of operations of the proposed algorithms does natrdepn
constellations to extract them from the array input. It idlwaown the number of sensor elements. In addition, the results resepted
that the performance of the CM method is superior to that ef tlfor stationary and non-stationary environments, provimag the new
MV. A disadvantage of both two methods is that they are semsit mechanisms could reach better performance and faster rgemee
to the step size. The small value of the step size will leadlder s behavior than those of previous methods.
convergence rate, whereas a large one will lead to high foistmoent The remaining of this paper is organized as follows. In thet ne
or even instability. Besides, the CM cost function may haweal section, we present a system model for smart antennas. Rased
minima, and CM receivers do not have closed-form solutidfisand  this model, the blind adaptive CCM beamformer design ushney t
Liu [8] developed a SG algorithm on the basis of the CCM teghei SG method is presented in Section Ill. In Section IV, the pemul
to sort out the local minimum problem and obtain the globalima. adaptive step size mechanisms are derived. Simulatioritseste
But the problem incurred by the step size cannot be solvepleply  provided in Section V, and conclusions are drawn in Sectitn V
For accelerating the convergence, recursive least sqy&ieS)
algorithms were introduced by Xu and Tsatsanis using thetcained Il. SYSTEM MODEL
minimum variance (CMV) criterion[[9] and then developed by d In order to describe the system structure, let us make twplsim
Lamare and Sampaio-Neto with the CCM approach [10]. Therattfying assumptions for the transmitter and receiver mode®. [First,

which improves the performance significantly, optimizesuadyatic
cost function based on the CM criterion subject to linearst@ints
for the array weight adaptation. Combining with the coristd
condition, this method reaches an optimal solution. Néabess,

the propagating signals are assumed to be produced by oirdes;
that is, the size of the source is small with respect to theadie
between the source and the sensors that measure the sigoahd$
the sources are assumed to be in the "far field,” namely, atge la
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distance from the sensor array, so that the spherically ggating

wave can be reasonably approximated with a plane wave. &esid o . .

we assume a lossless, nondispersive propagation mediem,ai. Jom = (ly(H)|" -1)°, i=1,...,N 3)
medium that does not attenuate the propagating signalefughd subject to w™ (i)a(fy) = 1

the propagation speed is uniform so that the waves travebgryo

where a(6p) denotes the steering vector of the desired signal. The

Tnterferer g-1 Tnterferer 1 ST constrained optimization means that the technique mimmithe
contribution of the undesired interferences while mairitaj the gain
2, along the look direction to be constant.

The SG blind adaptive algorithm optimizes the Lagrangiast co

G
function described by
7

Leenm = (Jy(@)]? = 1) + Mw" (i)a(6o) — 1) (4)

x,(D) x, () x, () where is a scalar Lagrange multiplier. The solution can be obthine
by setting the gradient terms &fl (4) with respectt() equal to zero

w w, Wi and using the constraint. Thus, we obtain
‘ Adhptive
algorithm
1 w(i+1) = w(i) — p(ly@)* - 1)y" () 5)
(i) — a™ (6o)a(i)a(60)]
olltpmy(;-)i where s here is the step size, which is a fixed value for FSS and a

variable value for ASS and denotes complex conjugate.
Because of the shortcomings introduced before for both FSS
Fig. 1. Adaptive beamforming structure for ULA. and ASS algorithms, it is necessary to develop other metltods
improving the performance of SG method.

Let us consider the adaptive beamforming scheme in[Big. 1 and
suppose thay narrowband signals impinge on the uniform linear
array (ULA) of m (¢ < m) sensor elements from the sources with
unknown directions of arrival (DOAS)y,. .. f4—1. Theith snapshot's
vector of sensor array outputs can be modeled as [20]

IV. PROPOSEDADAPTIVE STEP SIZE M ECHANISMS

In this section, two novel adaptive step size methods arerithes!
for adjusting the step size following the change of the comimu
cation system. The step size adjustment is controlled bysthrmre

x(i) = A(0)s(i) +n(i), i=1,...,N (1) prediction error, which means that a large error will cause step
T w1 size to increase for providing fast tracking while a smatbemwill
where6 = [0o,...,0,-1]" € C?*" is the vector of thxe unknown eyt in a decrease of step size to yield smaller misadirstnThe
signal DOAs, A(0) = la(bb),...,a(b,-1)] € C™" is the computational complexity is not a problem in these mechasis
complex matrix composed of the signal direction vecta(g,) =
[17 e—Q-:rj)\iccos@;c7 B e—Q'frj(m—l))\iccoselC T c Cm><17 (k

0,...,q — 1), where \. is the wavelength and = \./2 is the A. Modified Adaptive Step Size (MASS) Mechanism

inter-element distance of the ULAs(i) € R?*! is the real value  The first proposed algorithm based on the MASS mechanism

vector of the source datay(i) € C™*" is the complex vector of employs the prediction error and uses the update rule
white sensor noise, which is assumed to be a zero-mean Igpatia

and white Gaussian procesy, is the number of snapshots, afl” ) ) o )
stands for the transpose. The output of a narrowband bearafds p(i+1) = ap(i) +y(Jy(@)]" — 1) (6)
iven b
g Y where0 < a < 1, v > 0 and y (i) is the same as that if](2). The
. N rationale for the MASS is that for large prediction error #igorithm
y(i) = w(i)"=(7) @ il make the step size increase to track the change of theersys
wherew(i) = [w1 (i), ..., wm(i)]T € ™! is the complex weight whereas a small error will result in a decrease of the step Sike
vector, and(-)” stands for the Hermitian transpose. parametety is an |ndependent variable for. controlllng.th.e prediction
error and scaling it at different levels. It is worth poirgiout that
. BLIND ADAPTIVE CCM A LGORITHMS the step size:(i + 1) should be limited in a range as follows

The purpose of SG algorithms is to get an acceptable output pe Imaz if u(@+1)> tmas
formance and reduce the complexity load by avoiding theetation u(i+1) = Lmin if 1(i+1) < fmin @)
matrix estimation and inversion. We describe the CCM atborion w(i+1) otherwise
the basis of the SG method, which is called CCM-SG.

For the CCM-SG algorithm, we consider the cost function &s ttwhere0 < pmin < fmaz. The constani,i. is chosen as a com-
expected deviation of the squared modulus of the array bitpa promise between the satisfying level of steady-state mistdent
constant, say 1. The CCM cost function is simply a positiveasnee and the required minimum level of tracking ability whil€,... is
of the average amount that the beamformer output deviates fine normally selected close to the point of instability of thgalithm for
unit modulus condition[[4]. By using the constraint cordliti the providing the maximum convergence speed. The MASS is thdtres
cost function of CCM-SG can be expressed as of several attempts to devise a simple and effective meshani



TABLE |
ADDITIONAL COMPUTATIONAL COMPLEXITY OF PROPOSED
ALGORITHMS

Proposed | Number of operations per snapshpt
Algorithms Additions Multiplications
MASS 1 3
TAASS 2 6

B. Time Averaging Adaptive Step Size (TAASS) Mechanism

The second mechanism, which is called TAASS, uses a time aver

age estimate of the correlation ¢ (i)|*> — 1) and (|y(i — 1)|*> — 1).
The update rule is

p(i+1) = ap(i) +70° (i) ®)
wherew(i) = fo(i — 1) + (1 - 8)(|ly(9)|* = 1)(Jy(i — 1)|* — 1) and

0 < 8 < 1. The limits onu(i+1), o and~ are similar to those of the
MASS algorithm. The exponential weighting paramegeigoverns

the averaging time constant, namely, the quality of themestibn.
Previous samples, in stationary environments, contaiorimftion

that is related to determine an accurate measure for thanpitgx

of the adaptive beamformer coefficients to the optimal ohere,

where Reonr = E[(|y(0)]? — Da(i)z™ (1)) e c™*™.
Now, the weight vector update equatidg (5) of the blind aigept
CCM beamformer can be written as

w(i+1) = (I —p@)(y(@)* - Doi)a" (i))w(i)

wherew(i) = (I — a(fo)a™ (8))x(i) € C™* .
Define the weight error vectat,, () and substitute[{11) into the
expression, we get

1y

ew(i+1)=w(+1) —wopt
= (I = p(@)(jy(@)* = Do ()" (i))ew(i)
— (@) (Jy(0)|* = Do)z (i)wop

Employing [9) and[{T0) and taking expectations on both safes
@2), we get

Elew(i+1)] = (I — E[p(i)] Ruz (i) Elew (i)] (13

where Ru.(i) = E[(jy@)* — Do) = I -
a(fo)a™ (60))Rcom and Ry, wop: = 0. Therefore, E[w(i)] —
wope OF equivalently,lim; ... Efe. (i) = 0] represents the stable
condition if and only if[]:2 (I — E[u(i)]Rvz) — 0. Following the

(12)

B should be close td. For non-stationary environments, the timédea of the eigenstructurg [12] with respect to the cori@amatrix
averaging window should be small for deleting the deep past d R.., the sufficient condition fo (13) to hold implies that

and leaving space for the current statistics adaption/3sa,1.

There are two objectives for usingi) here. First, it rejects the

effect of the uncorrelated noise sequence on the step-gdzagei[18].
In the beginning, because of scarcity of transmitters’ rimfation,
the error correlation estimate® (i) is large and squ(4) is large to
increase the convergence rate and to track the change dfdafau As

it approaches the optimura?(i) is very small , resulting in a small

step size for ensuring low misadjustment near optimum. S#kciine
error correlation is generally a good measure of the prdyirta the
optimum.

C. Computational Complexity and Convergence Analysis

0 < Blu(oo)] <

T A

where A5, is the maximum eigenvalue dR,..

(14)

V. SIMULATIONS

The performances of the proposed MASS and TAASS algorithms
are compared with other existing algorithms, namely FSS/58,
in terms of output signal-to-interference-plus-noiséoréd8INR). An
ULA containing m = 16 sensor elements with half-wavelength
spacing is considered. The noise is spatially and temporetiite
Gaussian noise with power2 = 0.01. For each scenaridy = 1000

In this part, both the computational complexity and the ewnv iterations are used to get each simulated curve. In all sitionis, the
gence behavior of the proposed mechanisms based on the Cd#sired signal power is5 = 1. The BPSK modulation scheme is
criterion are investigated. employed to modulate the signals.

1) Computational Complexity: The computational complexities of ~ Fig.[2 includes two experiments. FIg. 2(a) shows the outphRS
the proposed MASS and TAASS mechanisms are analyzed. Itoseach method versus the number of snapshots, whose tdfabGs

well known that the computational complexity of the ASS aiton
is a linear monotonic increasing function of the number aisse
elements (in AWGN model), i.e., the complexity will increafol-
lowing the increase of the number of sensor elements. Tirerethe
computational complexity becomes very large if the arrag  big.
An important feature of the proposed algorithms is that tbely
require a few fixed number of operations for updating the siep
compared with that of the ASS method, which is proportionathie
number of sensor elements. The additional computatiomaptaxity
of the proposed adaptive step size mechanisms is listedkble la

samples. There are five interferers in the system, one énrfvith

4 dB above the desired user’s power level, one with the samepow
level of the desired one and three with powes dB lower than that of
the desired user. In this environment, the actual spatiabsure of the
signal is known exactly. We set the first element of the ihitiaight
vector w(0) equals to the corresponding element of steering vector
of SOl a(fy). Other parameters are optimized with= 0.98, v =
1072, po = 107>, ftmaz = 107* and pmin, = 1076 for MASS and
a=098, =099y =10"3, uo = 10™%, ftmaz = 3 x 107* and
tmin = 1075 for TAASS. We claim that the parameters for the FSS

2) Convergence Analysis:. Considering the space limitation, weand ASS are tuned in order to minimize the performance, aligfor
just give the range of the step size for convergence. Fohdurt a fair comparison with the proposed algorithms. The restitsv that
analysis, we assume thati) varies slowly around its mean value.the proposed algorithms converge faster and have bettierpamnces
This assumption is approximately true~ifis small ando closes to than the existing algorithms. The steering vector mismateimario is

one, which will be shown in the simulations. Under this cadiodi,
according to[[15], we have

Elu(@)(Jy®)* — Dy ()[=(i) — a™ (60)a(i)a(6o)]]
= E[u@)E[(ly(i)|* = 1)y" (i) [z (i) — a’ (60)2(i)a(00)]]
and

9)

Elu(@)(ly@)|* - Da (i) (i)]w(i) = Elu(i)|Reomw(i) (10)

shown in Fig[2(b). We assume that this steering vector @naislem
is caused by look direction mismatch. The assumed DOA of ke S
is a constant value® away from the actual direction. Compared with
Fig.[2(a), Fig[®2(b) indicates that the mismatch problendseto a
worse performance for all the solutions. The convergentz ahall
the methods reduces whereas the devised algorithms arerofmrst
to this mismatch, especially for the TAASS approach, whieiches
the steady-state very quickly.

In Fig.[3, The system starts withinterferers, two of which have
the same power as that of the desired signal and the rest of the



with the power0.5 dB lower than the desired one. Two more users VI. CONCLUSIONS

with one of them2 dB above the desired user's power level and the | this paper, two novel adaptive step size mechanisms sfinglo
other0.5 dB lower than that of the desired user, enter the system && a|gorithms have been presented to enhance the perfamanc
1000 symbols. In this condition, the parameters are set to theSesa%prove the convergence property and reduce the compogtio
values as those of the previous experiment exgepl. =3 x 10" |oad of the previously proposed adaptive methods for blidepa

for MASS andyimae = 5 x 107" for TAASS due to optimization. tive beamforming. We considered different scenarios to e

As can be seen from the figure, SINRs of all the algorithms seduihe proposed MASS and TAASS algorithms with several exgstin
at the same time. It is clear that the performance degradaifo gigorithms. Simulation experiments were conducted tostigate the

the proposed ones is much less significant than those of & otoytput SINR. The performances of our new methods are shown to
methods. In addition, MASS and TAASS methods can quicklgkra pe superior to those of others, both in terms of convergeateand

the change and recover to a steady-state. This figure dbestrthat performance under sudden change in the signal environmenmt e

the proposed algorithms have faster convergence than pueted though they are less complex. A complete convergence dsas
methods even though they are less complex. The experimemtssh (o proposed algorithms is under preparation.
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