Set-Membership Adaptive Constant Modulus
Algorithm with Generalized Sidelobe Canceler Based
on Dynamic Bounds for BeamformingI
Yunlong Caia,∗, Rodrigo C. de Lamareb , Minjian Zhaoa
a Department

of Information Science and Electronic Engineering, Zhejiang University,
Hangzhou 310027, China
b CETUC, PUC-Rio, Brazil and Communications Research Group, Department of
Electronics, University of York, YO10 5DD York, U.K.

Abstract
In this work, we propose an adaptive set-membership constant modulus (SMCM) algorithm with a generalized sidelobe canceler (GSC) structure for blind
beamforming. We develop a stochastic gradient (SG) type algorithm based on
the concept of SM ﬁltering for adaptive implementation. The ﬁlter weights are
updated only if the constraint cannot be satisﬁed. In addition, we also propose
an extension of two schemes of time-varying bounds for beamforming with a
GSC structure and incorporate parameter and interference dependence to characterize the environment which improves the tracking performance of the proposed algorithm in dynamic scenarios. A convergence analysis of the proposed
adaptive SM ﬁltering techniques is carried out. Simulation results show that
the proposed adaptive SM-CM-GSC algorithm with dynamic bounds achieves
superior performance to previously reported methods at a reduced update rate.
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1. Introduction
Blind beamforming has been widely applied to system identiﬁcation, localization and interference suppression in communications and array processing
systems [1]-[8]. It is often employed with receivers equipped with an antenna
array to steer a directional beampattern towards the desired user and suppress
interference without the need for training sequence or pilots in spatial ﬁltering.
In these situations, beam-width and sidelobe levels are the important characteristics of the response and give rise to various beamformer structures, i.e.,
multiple sidelobe canceller (MSC) and the generalized sidelobe canceller (GSC)
[9]-[11]. In particular, the beamformer with a GSC structure that employs a
main branch along with a group of auxiliary branches1 has attracted signiﬁcant
attention.
An important issue is the choice of a suitable criterion for the design of the
beamformer. The constrained minimum variance (MV) and the constrained
constant modulus (CM) criteria are considered as the most promising design
approaches due to their simplicity and eﬀectiveness. The MV-based algorithms
are designed in such a way that they attempt to minimize the ﬁlter output
power while maintaining a constant response in the direction of a signal of
interest [2]-[4], [12], [13]. In fact, the CM-based algorithms are based on a
criterion that penalizes deviations of the modulus of the received signal away
from a ﬁxed value and forced to satisfy one or a set of linear constraints such
that signals from the desired user are detected [8], [14]-[17]. The literature
indicates that the CM-based algorithms outperform the MV-based algorithms
and lead to a solution comparable to that obtained from the minimization of the
mean squared error (MSE). Furthermore, the CM-type algorithms are robust
against estimation errors and prevent a severe performance degradation in the
presence of uncertainties [14]-[17]. Moreover, it is worth pointing out that the
beamforming algorithms that incorporate the GSC structures using the CM and
MV criteria were proposed in [8] and [3], respectively. The results showed that
the GSC-based blind beamforming algorithms lead to an improved performance
1 In this respect, the interference is assumed to be presented in both main and auxiliary
branches, while the desired signal is available in the main branch due to its high gain in the
direction of interest [1]. The auxiliary branches are used to form an estimate of the main
branch interference, which is subtracted from the output of the main branch in order to
generate the ﬁnal estimate of the desired signal.
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compared to the algorithms with a direct-form processor (DFP).
In practice, the beamformer weights must be continually adapted over time
in order to cope with changes in the radio signal environment [12], [28]. Therefore, it is preferable to implement blind beamformers with adaptive ﬁltering
algorithms such as stochastic gradient (SG) algorithms [1]. For this reason the
improvement of blind adaptive SG techniques is an important research and development topic. One problem for the adaptive SG algorithms is that their
performance is strongly dependent on the choice of the step-size value [1]. Another problem is the computational complexity associated with the adaptation
for every time instant. Set-membership (SM) ﬁltering techniques have been
proposed to address these issues [29]-[40]. They specify a bound on the magnitude of the estimation error or the array output, and can reduce the complexity
due to data-selective updates. From [29]-[40], we can see that the SM ﬁltering
techniques are able to achieve a reduction in computation without performance
degradation compared to conventional algorithms due to the use of an adaptive
step-size for each update. In particular, the work in [31] appears to be the ﬁrst
approach to combine the SM ﬁltering algorithm with the CM criterion. Furthermore, in nonstationary wireless environments, interferers frequently enter
and exit the system, making it very diﬃcult for the SM ﬁltering algorithms to
compute a predetermined error bound and the risk of overbounding and underbounding is signiﬁcantly increased. Hence, the performance of SM ﬁltering
algorithms strongly depends on the error bound speciﬁcation, which motivates
several SM algorithms with time-varying bound schemes [34]-[37].
In this work, we present extensions of the methods reported in [34] to the
GSC structure using blind adaptive set-membership constrained constant modulus (SM-CM) algorithms for beamforming. Simulation results show that the
proposed adaptive SM-CM beamforming algorithm realized in the GSC structure (SM-CM-GSC) with dynamic bounds achieves superior performance to previously reported methods at a reduced update rate. Compared to the existing
SM algorithms the contributions of this work are summarized as follows:
1. To the best of our knowledge, there is a very small number of adaptive
blind beamforming algorithms with SM techniques. We develop an SGtype adaptive CM beamforming algorithm based on the concept of SM
ﬁltering that exploits the GSC structure.
2. The ﬁlter weights of the proposed algorithm are updated only if the con3

straint cannot be satisﬁed. Therefore, it signiﬁcantly reduces the computational complexity due to the sparse updates compared to the conventional
adaptive CM-GSC beamforming algorithms.
3. The bounding schemes of the existing SM ﬁltering algorithms cannot be
applied to the proposed adaptive blind beamforming algorithm in nonstationary scenarios. We propose two schemes of time-varying bounds for
beamforming with a GSC structure and incorporate parameter and interference dependence to characterize the environment for improving the
tracking performance in dynamic scenarios.
4. A convergence analysis of the proposed adaptive SM ﬁltering techniques
is carried out and analytical expressions to predict the steady-state MSE
are obtained.
In this paper, the superscripts (.)T , (.)∗ , (.)−1 , and (.)H denote transpose,
element-wise conjugate, matrix inverse, and Hermitian transpose, respectively.
Bold symbols denote matrices or vectors. The symbols E[.], |.|, ||.||, I and 0
represent the expectation operator, the norm of a scalar, the norm of a vector,
an identity matrix of appropriate dimension and a zero vector of appropriate
dimension, respectively.
The remainder of this paper is organized as follows: we brieﬂy describe
a system model for beamforming and the design of CM beamformers with a
GSC structure in Section 2. The SM ﬁltering framework and the adaptive
blind SM-CM-GSC algorithm are introduced in Section 3. Section 4 introduces
two strategies to compute time-varying bounds for the proposed algorithms.
Convergence analysis of the resulting algorithm and the analytical formulas to
predict the steady-state MSE are developed in Section 5. The simulation results
are presented in Section 6. Finally, Section 7 draws the conclusions.
2. System Model and Linearly CM-GSC Beamformer
Let us suppose that q narrowband signals impinge on a uniform linear array
(ULA) of m (m ≥ q) sensor elements. The sources are assumed to be in the far
ﬁeld with direction of arrivals (DOAs) θ0 , . . . , θq−1 . The ith snapshot’s received
vector r ∈ C m×1 can be modeled as
r(i) = A(θ)b(i) + n(i),
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(1)

where θ = [θ0 , . . . , θq−1 ]T ∈ Rq×1 is the vector with the DOAs of the signals,
A(θ) = [a(θ0 ), . . . , a(θq−1 )] ∈ C m×q comprises the normalized signal steering
vectors a(θk ) ∈ C m×1
u
1
a(θk ) = √ [1, e−2πj λc
m

cos(θk )

, . . . , e−2πj(m−1) λc

where k = 0, . . . , q − 1, λc is the wavelength, u (u =

u

λc
2

cos(θk ) T

] ,

(2)

in general) is the inter-

element distance of the ULA. To avoid mathematical ambiguities, the steering
vectors a(θk ) are assumed to be linearly independent, b(i) = [b0 (i), b1 (i), . . . , bq−1 (i)]T
is the source data vector, where we assume that the signals are independent and
identically distributed (i.i.d) random variables with equal probability from the
set {±1}. The vector n ∈ C m×1 is a Gaussian noise with E[nnH ] = σn2 I, where
σn2 denotes the noise variance. In this work, we assume that θ0 corresponds
to the direction of the desired user with respect to the antenna arrays and is
known beforehand by the beamformer. In practice, θ0 can be estimated by DOA
estimation algorithms. The output of a narrowband GSC beamformer is given
by
y(i) = w̃H (i)r(i),

(3)

where w̃(i) = va(θ0 ) − BH w(i), B ∈ C (m−1)×m denotes the signal blocking
matrix2 , w(i) = [w1 , . . . , wm−1 ]T ∈ C (m−1)×1 is the complex weight vector of
the ﬁlter and v is a real constant. That is to say, the GSC structure consists
of a main branch and an auxiliary branch. The output of the main branch
(
)H
is vaH (θ0 )r(i), and the output of the auxiliary branch is BH w(i) r(i). The
auxiliary branch is employed to form an estimate of the main branch interference
that can be used for cancelation.
The CM-GSC optimization problem determines the ﬁlter parameters w(i)
by solving

[(
)2 ]
minimize JCM (w(i)) = E |w̃H (i)r(i)|2 − 1 .

(4)

The objective of (4) is to minimize the expected deviation of the squared modulus of the beamformer output to a constant while maintaining the contribution
from θ0 constant, i.e. w̃H (i)a(θ0 ) = (va(θ0 ) − BH w(i))H a(θ0 ) = v. The CM2 It is obtained by the singular value decomposition (SVD) or the QR decomposition algorithms and collecting eigenvectors corresponding to null eigenvalues [41]. Thus, Ba(θ0 ) = 0
means that the term B eﬀectively blocks any signal coming from the look direction θ0 .
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GSC design can have its convexity enforced by adjusting the parameter v, note
that the detailed analysis of the optimization problem is shown in the Appendix.
The CM-GSC ﬁlter expression that iteratively solves the problem in (4) is given
by
(
)−1
w(i + 1) = E[|y(i)|2 Br(i)rH (i)BH ]
E[(vaH (θ0 )y ∗ (i)r(i) − 1)∗ y ∗ (i)Br(i)],
(5)
where y(i) = w̃ (i)r(i) = va (θ0 )r(i) − w (i)Br(i). It should be remarked
H

H

H

that the expression in (5) is a function of previous values of ﬁlter w(i) and
therefore must be iterated in order to reach a solution. However, the method
of computing (5) is not practical in wireless communications applications with
mobile users and nonstationary interferers, and hence an adaptive implementation is needed. The SG algorithm is one of the most widely used adaptive
algorithms, but one problem with this algorithm is the computational complexity related to the adaptation for each snapshot. In order to reduce the update
rate and improve the convergence performance, we will introduce the proposed
adaptive low-complexity SM beamforming algorithm in the following section.
3. Proposed Adaptive SM Technique
In this work, we develop the SM-CM-GSC adaptive SG algorithm that updates the ﬁlter weights only if the bound constraint e2 (i) ≤ γ 2 cannot be satisﬁed, where e(i) = |w̃H (i)r(i)|2 − 1 denotes the prediction error and γ denotes a
speciﬁed bound. The solution of the proposed algorithm is a set in the parameter space [38], which includes some estimates that satisfy the bound constraint
corresponding to diﬀerent r for diﬀerent time instants.
3.1. Proposed SM Framework
Let us deﬁne a sample space S that contains all possible data {r}. Then, we
deﬁne the feasibility set Q as
Q=

∩

{w ∈ C (m−1)×1 : (|w̃H r|2 − 1)2 ≤ γ 2 },

(6)

r∈S

which contains the values that fulﬁll the error bound.
We apply the feasibility set to a time-varying scenario; therefore, it contains
all estimates that fulﬁll the bound constraint at the ith time instant. This set
6

is termed the constraint set and is given by
Hi = {w ∈ C (m−1)×1 : (|w̃H r(i)|2 − 1)2 ≤ γ 2 }.

(7)

Our aim is to develop an adaptive algorithm that updates the parameters such
that it will always remain within the constraint set.
As depicted in Fig. 1, the proposed adaptive scheme introduces the principle
of the SM ﬁltering technique into the blind CM beamforming algorithm with a
GSC structure. Thus, it operates with respect to certain snapshots and therefore has a reduced computational complexity. Furthermore, the data-selective
updates will lead to highly eﬀective variable step-size for the SG-based SM
beamforming algorithm. In the following, we will describe the proposed blind
adaptive algorithm in detail.
3.2. Proposed SM-CM-GSC Adaptive Algorithm
We devise a gradient descent strategy to compute the ﬁlter weight vector
w that minimizes the instantaneous CM-GSC cost function, the adaptation is
required when the square of the error e2 (i) exceeds a speciﬁed error bound γ 2 (i).
Note that the bound here can be assumed to be time-varying and based on the
estimated parameters of the ﬁlter weight vector, and the time-varying bound
schemes will be addressed in the next section. The problem is formulated as
follows,
minimize

(
)2
JCM = |w̃H (i)r(i)|2 − 1 ,

whenever e2 (i) > γ 2 (i).

(8)
(9)

We consider the following gradient search procedure:
w(i + 1) = w(i) − µ(i)

∂JCM
,
∂w∗

(10)

where µ(i) is the eﬀective variable step-size. By taking the gradient of (8) with
respect to w∗ we have

∂JCM
∂w∗

= −|y(i)|2 Br(i)y ∗ (i)+Br(i)y ∗ (i). Then, we obtain

the following SG algorithm
(
)
w(i + 1) = w(i) − µ(i) Br(i)y ∗ (i) − |y(i)|2 Br(i)y ∗ (i) .
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(11)

The variable step-size value will attempt to ﬁnd the shortest path from w(i)
to the bounding hyperplane of Hi in accordance with the principle of minimal
disturbance. In other words, w(i + 1) is the projection of w(i) on Hi . However,
if w(i) ∈ Hi , we can see that the error bound constraint is satisﬁed; therefore, no update is necessary, and w(i + 1) = w(i). Note that the constraint
set comprises of two parallel hyper-strips in the parameter space. Based on
the constraint e2 (i) > γ 2 (i), we consider the following two cases for update: 1)
√
√
|y(i)| > 1 + γ(i) and 2) |y(i)| < 1 − γ(i), and obtain the following expression for µ(i):
 (
√
)
1+γ(i)
1


1 − |y(i)|

(rH (i)BH |y(i)|2 −rH (i)BH )Br(i)
 (
√
)
1−γ(i)
1
µ(i) =
1 − |y(i)|

(rH (i)BH |y(i)|2 −rH (i)BH )Br(i)



0

√
1 + γ(i)
√
if |y(i)| < 1 − γ(i)
if |y(i)| >

otherwise
(12)

where the derivations are detailed in Appendix C. The proposed SM-CM-GSC
adaptive algorithm which consists of equations (11) and (12) updates the ﬁlter
vector w(i) over time in a manner to converge to the optimum ﬁlter weight vector corresponding to (5). The SM ﬁltering technique with a time-varying bound
is employed to determine a set of estimates {w(i)} that satisfy the bounded
constraint.
Note that the blocking matrix B has no particular structure if the SVD
or QR decomposition is employed. Therefore, the complexity of computing the
error y(i) is high, since computing the error involves carrying out the multiplication Br(i). However, there are several ways to easily bypass this computational
problem [42]-[45]. One method is the application of the correlation subtractive
structure (CSS) [42], [44]. The commonly used blocking matrix with the CSS
implementation is given by B = I − a(θ0 )aH (θ0 ). By using the particular structure of the blocking matrix, we can compute the error with a linear complexity.
For each snapshot, the conventional adaptive CM-GSC beamforming algorithm
requires 3m multiplications and 3m − 1 additions, while the proposed SM-CMGSC adaptive beamforming algorithm requires 2m + ηm multiplications and
2(m − 1) + η(m + 1) additions, where 0 < η ≤ 1 denotes the update rate.
In particular, for a conﬁguration with m = 40 and η = 20%, the number of
multiplications for the conventional CM-GSC and the proposed SM-based algorithms are 120 and 88, respectively. The number of additions for them are 119
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and 86, respectively. It is worth mentioning that the computational complexity
is reduced signiﬁcantly due to the data-selective updates.
4. Time-Varying Bound Schemes
The bound of SM ﬁltering algorithms is an important quantity to measure
the quality of the estimates that could be included in the constraint set. In
[36], [37], several predetermined bounding schemes have been reported for development of the adaptive SM ﬁlters, which achieve reduced complexity without
performance degradation. However, in a nonstationary scenario, they are impractical to reﬂect the time-varying nature of the environment and may result
in poor convergence and tracking performance. To the best of our knowledge,
there is a very small number of works employing time-varying bounds for SM
ﬁlters. In this work, we present extensions of the methods reported in [34] to
the GSC scheme to compute the time-varying error bound γ(i), which is a single
coeﬃcient to check if the ﬁlter update is carried out or not.
4.1. Parameter Dependent Bound (PDB)
The proposed time-varying bound schemes can increase the convergence and
tracking performance. The ﬁrst scheme is called parameter dependent bound
(PDB). It computes a bound for the SM-CM-GSC adaptive algorithm and is
given by

√
γ(i + 1) = (1 − ρ)γ(i) + ρ λ||w̃(i)||2 σ̂n2 (i),

(13)

where ρ is a forgetting factor parameter that should be set to guarantee a proper
time-averaged estimate of the evolution of the power of GSC beamforming vector w̃(i) = va(θ0 ) − BH w(i), λ (λ > 1) is a tuning coeﬃcient and σ̂n2 (i) is
an estimate of the noise power. We assume that the noise power is known
beforehand at the receiver. The time-varying bound provides a smoother evolution of the weight vector trajectory and thus avoids too high or low values
of the squared norm of the weight vector. It establishes a relation between the
estimated parameters and the environmental coeﬃcients.
4.2. Parameter and Interference Dependent Bound (PIDB)
The second time-varying bound scheme has a slightly increased complexity
compared to the PDB scheme. It combines the PDB with the interference
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estimation that is provided by the auxiliary branch of the GSC structure. It
provides more information about the environment for parameter estimation and
has an improved performance. We refer to it as parameter and interference
dependent bound (PIDB), and it is an extension of [34] for beamforming design
with the CM-GSC criterion. The proposed SM-CM-GSC adaptive beamforming
algorithm with the PIDB structure is shown in Fig. 2.
Since the matrix B blocks the signal which comes from the desired direction, the auxiliary branch of the GSC structure generates the estimate of the
interference and the noise. The power of the interference and the noise is given
by
(∑
)
q−1
H
2
E[|w (i)Br(i)| ] = w (i)B
a(θk )a (θk ) + σn I BH w(i).
H

2

H

(14)

k=1

By using time averages of the instantaneous values, we can obtain an estimate
of (14), which is
ν(i + 1) = (1 − ρ)ν(i) + ρ|wH (i)Br(i)|2 ,

(15)

the component ν(i) performs the estimate of the interference and the noise
power, ρ is a forgetting factor to ensure a proper time-averaged estimate. By incorporating the information of the interference and noise power into the bounding scheme we have the PIDB expression
γ(i + 1) = (1 − ρ)γ(i) + ρ

√
)
(√
ψν(i) + λ||w̃(i)||2 σ̂n2 (i) ,

(16)

where ψ is a weighting parameter that should be set, note that update equation
(15) avoids instantaneous values that are undesirably too high or too low, and
thus avoids inappropriate estimates of γ(i). Compared with (13), the PIDB
involves the estimate of the interference and the noise power and provides more
information to track the characteristics of the environments.
5. Analysis of the Proposed Algorithm
In this section, we investigate the convergence behavior of our proposed SM
schemes when used in the adaptive CM-GSC beamforming algorithm in terms
of the steady-state excess MSE. The nonlinearities in the update equations of
10

the CM-GSC beamformer usually lead to signiﬁcant diﬃculties in the study of
their performance. We use a very eﬃcient approach named energy conservation
principle [46]-[49] which overcomes many of these diﬃculties.
5.1. The Range of Step-Size Values for Convergence
In this part, we discuss the range of the step-size values for convergence.
In order to do the analysis, we need to write the proposed beamforming ﬁlter
weights update equation. Let us recall (11), by multiplying −BH and adding
va(θ0 ) on both sides we have
w̃(i + 1) = w̃(i) − µ(i)e(i)rH (i)w̃(i)BH Br(i)
= (I − µ(i)e(i)d(i)rH (i))w̃(i).

(17)

Further, we obtain
ε(i + 1) = w̃opt − w̃(i + 1)
= (I − µ(i)e(i)d(i)rH (i))ε(i) + µ(i)e(i)d(i)rH (i)w̃opt ,

(18)

where d(i) = BH Br(i), w̃opt = va(θ0 ) − BH wopt denotes the optimum beamformer, and wopt denotes the optimum ﬁlter for w. By taking expectations on
both sides of (18) we have
E[ε(i + 1)] = (I − E[µ(i)]Rdr (i))E[ε(i)],

(19)

where Rdr (i) = E[e(i)d(i)rH (i)] and Rdr (i)w̃opt ≈ 0 [12]. Therefore, it can be
concluded that w̃ converges to w̃opt and (19) is stable if and only if Π∞
i=0 (I −
E[µ(i)]Rdr ) → 0, which is a necessary and suﬃcient condition for limi→∞ E[ε(i)] =
0 and E[w̃(i)] → w̃opt . For stability, a suﬃcient condition for (19) to hold implies that [1]
0 ≤ E[µ(∞)] < min
k

2
,
|λdr
k |

(20)

where λdr
k is the kth eigenvalue of Rdr that is not real since it is not symmetric.
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5.2. Steady-State Analysis for Excess MSE
Let us deﬁne the MSE at time index i using the following expression
[
]
ξ(i) = E |b0 (i) − w̃H (i)r(i)|2
[
]
= E |b0 (i) − (w̃opt − ε(i))H r(i)|2
= ξmin + E[|ea (i)|2 ] + aH (θ0 )E[ε(i)] + E[εH (i)]a(θ0 )

(21)

H
− E[w̃opt
r(i)rH (i)ε(i)] − E[εH (i)r(i)rH (i)w̃opt ]
H
where we have ξmin = E[|b0 (i)− w̃opt
r(i)|2 ] and ea (i) = εH (i)r(i) which denotes

the error in the beamformer coeﬃcients w̃(i) via the a priori estimation error.
When i becomes a large number, since w̃(i) → w̃opt and E[ε(i)] → 0 we
have the steady-state MSE
lim ξ(i) = ξmin + lim E[|ea (i)|2 ].

i→∞

i→∞

(22)

Then, we deﬁne the steady-state excess MSE:
ξex = lim E[|ea (i)|2 ].

(23)

i→∞

In the following, we derive the expression for ξex . Based on the energy conservation principle [46]-[49], in the steady state we have the energy preserving
equation which is given as follows
[
]
[
µ(i) ∗
2]
F (i) ,
E µ̄(i)|ea (i)|2 = E µ̄(i) ea (i) −
µ̄(i) e
where µ̄(i) = 1/||Br(i)||2 , Fe∗ (i) =

(24)

ea (i)−ep (i)
H
µ(i)||Br(i)||2 , ep (i) = ε (i + 1)r(i) and y(i) =
H
¯ + n̄(i) − ea (i),
w̃opt
r(i) − ea (i) = b0 (i) + I(i)

w̃H (i)r(i) = (w̃opt − ε(i))H r(i) =
¯
where I(i)
and n̄(i) denote the residual interference and the residual noise,
respectively, as the output components of the optimum beamformer.
By expanding the right hand side (RHS) of (24), we have
E[µ(i)]E[e∗a (i)y(i)(1 − |y(i)|2 )]
+ E[µ(i)]E[ea (i)y ∗ (i)(1 − |y(i)|2 )]
= E[µ2 (i)]E[||Br(i)||2 |y(i)|2 (1 − |y(i)|2 )2 ].
|
{z
}
|Fe (i)|2
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(25)

Based on the analytical works in [49] and [16], we also make the following
assumptions:
¯ n̄(i), ea (i)} are zero-mean
1. In the steady state, the quantities {b0 (i), I(i),
random variables, and they are mutually independent. The residual interference and the residual noise are Gaussian random variables.
2. In the steady state, ||Br(i)||2 and |Fe (i)|2 are uncorrelated.
3. We have E[b2l
k (i)] = 1 for any positive integer l.
¯ +
Further, by employing the assumptions and substituting y(i) = b0 (i) + I(i)
n̄(i) − ea (i) into (25) we have
E[µ2 (i)]E[||Br(i)||2 ]K1 E[|ea (i)|2 ]
+ 3E[µ2 (i)]E[||Br(i)||2 ]σI2 E[|ea (i)|4 ]
+ 3E[µ2 (i)]E[||Br(i)||2 ]σn2 E[|ea (i)|4 ]
+ E[µ2 (i)]E[||Br(i)||2 ]E[|ea (i)|4 ]

(26)

+ E[µ2 (i)]E[||Br(i)||2 ]K2
+ E[µ2 (i)]E[||Br(i)||2 ]E[|ea (i)|6 ]
(
)
= 2E[µ(i)] σI2 E[|ea (i)|2 ] + σv2 E[|ea (i)|2 ] + E[|ea (i)|4 ] ,
where K1 = 3 + 3σI4 + 6σI2 σv2 + 3σv4 , K2 = σv6 + 3σI2 σv4 + 3σI4 σv2 + σI6 + σv4 +
2σ 2 σv2 + σ 4 + 4σv2 + 2σ 2 + 2, σ 2 = E[I¯2 (i)], and σv2 = E[n̄2 (i)]. When the
I

I

I

I

ﬁlter works in the steady state, namely, i becomes a large number, we assume
(
)l
(
)l
E[I¯2l (i)] = E[I¯2 (i)] = σ 2l and E[n̄2l (i)] = E[n̄2 (i)] = σv2l .
I

Since the high power terms E[|ea (i)|4 ] and E[|ea (i)|6 ] can be neglected, we
obtain the excess MSE as follows,
ξex = E[|ea (i)|2 ]
=

E[µ2 (∞)]E[||Br(i)||2 ]K2
.
2E[µ(∞)](σI2 + σv2 ) − E[µ2 (∞)]E[||Br(i)||2 ]K1

(27)

We assume that the power of residual interference at the output of the
optimum beamformer is signiﬁcantly lower than the output noise power, namely,
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σI2 ≪ σv2 . Thus, we can simplify the expression for the excess MSE as follows
ξex = E[|ea (i)|2 ]
≈

E[µ2 (∞)]E[||Br(i)||2 ](σv6 + σv4 + 4σv2 + 2)
.
2E[µ(∞)]σv2 − E[µ2 (∞)]E[||Br(i)||2 ](3 + 3σv4 )

(28)

In order to compute the ﬁnal excess MSE, we also need to derive the steadystate ﬁrst order and second order statistical expressions for the variable step-size
values. By employing the methodology in [30], when i becomes a large number,
we obtain the following:
E[µ(∞)] = E[γ(i)]P +

(1 − P)
,
E[γ(i)]E[||Br(i)||2 ]

(29)

E[µ2 (∞)] = E[γ(i)]P +

(1 − P)
,
E[γ(i)]E[||Br(i)||4 ]

(30)

where P denotes the probability of update at the steady-state, which is given
by
P = Pr{E[|e(i)|2 ] > E[|γ(i)|2 ]} ≈ Pr{|e(i)| > E[γ(i)]}
(
)
E[γ(i)]
≈ 2Q
,
σv

(31)

where i is a very large number, Pr{.} denotes the probability, and Q(x) is the
complementary Gaussian cumulative distribution function [50] which is given
∫∞
−t2
by Q(x) = x √12π e 2 dt. The expression of E[γ(i)] for the PDB scheme at
the steady state can be derived based on (13) and is given by
E[γ(i)] =

√
λσn ||w̃opt ||.

(32)

By following the same approach and using (16), we have the expression of E[γ(i)]
for the PIDB scheme at the steady state:
E[γ(i)] ≈

√ √
√
ψ E[ν(i)] + λσn ||w̃opt ||.

(33)

H
From (15), when i becomes a large number, we have E[ν(i)] = E[|wopt
Br(i)|2 ] =
(
)
∑
q−1
H
H
2
H
wopt
B
k=1 a(θk )a (θk ) + σn I B wopt . In the simulations, we will show the

eﬀectiveness of our derivation and approximation.

14

6. Simulations
In this section, we evaluate the performance of the proposed set-membership
adaptive blind beamforming algorithms and compare them with the existing
adaptive blind beamforming algorithms including the conventional adaptive SG
beamforming algorithms based on the CM and MV criteria with GSC structures.
We carried out simulations to assess the convergence performance of signal-tointerference-plus-noise ratio (SINR) against the number of snapshots. In the
simulations, we assume that there is one desired user in the system and the
related DOA is known by the receiver. Simulations are performed with a ULA
containing m = 16 sensor elements with half-wavelength inter-element spacing.
The DOAs are randomly generated with uniform random variables between 0
and 180 degrees for each experiment. The results are averaged by 1000 runs.
We consider the binary phase shift keying (BPSK) modulation and set v = 1.
In Fig. 3, we compare the proposed SM-CM-GSC adaptive beamforming
algorithm with ﬁxed bounds and that with time-varying bounds. We consider
a scenario with q = 6 users with the same power level in the system. The input
signal-to-noise ratio (SNR) is 15 dB. The initial values of the weight vector is
given by w(0) = [1, 0, . . . , 0]T . The coeﬃcients for the PDB and PIDB schemes
are given by ρ = 0.98, λ = 2, ψ = 0.003, γ(0) = 0 and v(0) = 0. For the
ﬁxed bound scheme, we set γ = 0.1, γ = 0.6 and γ = 0.8 to test the performance. The simulation results ﬁrstly illustrate that the SM-CM-GSC adaptive
beamforming algorithm with γ = 0.6 provides a better performance compared
to the other choices for the ﬁxed bound. Secondly, we can see that the proposed beamforming algorithms with time-varying bound schemes outperform
the beamforming algorithms with ﬁxed bound schemes. Moreover, the performance with the PIDB scheme is slightly better than the performance with the
PDB scheme. Due to the data-selective update feature the SM-CM-GSC adaptive algorithms with γ = 0.1, γ = 0.6 and γ = 0.8 can provide 72.9%, 27.6% and
14.8% update rates, respectively. The proposed beamforming algorithms with
the PIDB and PDB schemes have 22.4% and 26.5% update rates, respectively.
Fig. 4 and Fig. 5 indicate the SINR convergence performance versus the
number of snapshots for the proposed SM-CM-GSC adaptive algorithms and
the conventional adaptive beamforming algorithms in the presence of diﬀerent
number of users. The input SNR is 15 dB. The number of users corresponding
to the results in Fig. 4 and Fig. 5 are q = 6 and q = 9, respectively. The
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coeﬃcients of the proposed adaptive beamforming algorithms with time-varying
bound schemes are well tuned as the simulations of Fig. 3. The ﬁxed bound of
the SM-CM-GSC algorithm is γ = 0.6. The step-size values of the conventional
SG adaptive CM-GSC and MV-GSC algorithms are tuned as µ = 0.005. We
note that all the parameters for the analyzed algorithms are optimized based
on simulations. From the results, we can see that the proposed SM-CM-GSC
adaptive beamforming algorithms with the PIDB and PDB schemes achieve
the best convergence performance. While they only require around 20% of
the time for ﬁlter parameter updates and can save signiﬁcant computational
resources. The performance of the minimum variance distortionless response
(MVDR) beamforming solution is given as a reference.
Fig. 6 shows the convergence performance in a nonstationary scenario. The
system starts with four users including one high-power level interferer with 3
dB above the desired user. At 1000 snapshots, three interferers including one
user operating at 3 dB above the desired user’s power level enter the system.
From the results, we can see that the proposed SM-CM-GSC adaptive algorithm
with the PIDB scheme achieves the best performance, followed by the SMCM-GSC adaptive algorithm with the PDB scheme, the SM-CM-GSC adaptive
algorithm with a ﬁxed bound, the CM-GSC adaptive algorithm and the MVGSC algorithm. The proposed algorithm is more robust to dynamic scenarios
compared to the conventional SG-based algorithms. The SNR is 15dB. We set
ρ = 0.98, λ = 2, ψ = 0.003, γ(0) = 0 and v(0) = 0. The ﬁxed bound is chosen
as γ = 0.6.
In the next simulation, we investigate the set-membership adaptive CM
beamformers employing the DFP structure [40], and compare them with the
proposed set-membership adaptive CM beamforming algorithms with the GSC
structure. In particular, we investigate the SM-CM beamforming algorithms
with the PIDB and PDB schemes for both DFP and GSC structures. The
results as shown in Fig. 7 illustrate that the convergence performance of our
proposed SM-CM-GSC algorithm with the PIDB scheme is slightly better than
the performance of the SM-CM-DFP algorithm with the PIDB scheme. While
the SM-CM-GSC algorithm with the PDB scheme outperforms the SM-CMDFP algorithm with PDB scheme. In the experiment, the number of users is
q = 6 and the input SNR is 15 dB. The coeﬃcients of the GSC and DFP based
beamforming algorithms were well tuned as the ones in the previous simulations.
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We consider the convergence analysis of the proposed adaptive SM-CMGSC beamformer with the PIDB scheme. The steady-state MSE between the
desired and the estimated signal obtained through simulation is compared with
the steady-state MSE computed via the expressions derived in Section 5. We
verify that the analytical results (28), (29), (30) and (33) are able to predict
the steady-state MSE. As the work proposed in [16], we use a scaled version
of the Wiener ﬁlter to approximate the optimum CM-GSC solution. In this
simulation of convergence analysis, we assume that three users having the same
power level operate in the system. By comparing the curves in Fig. 8(a), it
can be seen that as the number of snapshots increases and the simulated MSE
converges to the analytical result, showing the usefulness of our analysis and
assumptions. Fig. 8(b) shows the MSE performance versus the desired users
SNR and a comparison between the steady-state analysis and simulation results.
The simulation and analysis results agree well with each other.
In the ﬁnal simulation results, we discuss the convergence analysis of the
proposed SM-CM-GSC beamforming algorithm with the PDB scheme. Here, we
verify that the analytical results (28), (29), (30) and (32) are able to provide an
accurate prediction of the steady-state MSE. In this simulation, we assume that
four users operate with the same power level in the system. Fig. 9(a) indicates
that as the number of snapshots increases, the simulated MSE converges to
the analytical result, showing the usefulness of our convergence analysis for the
PDB scheme. Fig. 9(b) shows the eﬀect that the desired users SNR has on the
MSE. We also can see that the simulation and analysis results agree well with
each other.
7. Conclusion
In this paper, we have proposed an adaptive blind set-membership beamforming algorithm with a GSC structure using the CM criterion. We have developed a SG-type algorithm based on the concept of SM ﬁltering for adaptive
implementation. We updated the ﬁlter weights only if the constraint cannot be
satisﬁed. Moreover, two schemes of time-varying bounds have been proposed to
blind beamforming with a GSC structure. We have also incorporated parameter and interference dependence to characterize the environment for improving
the tracking performance of the proposed algorithm. For the proposed adaptive algorithm, we have investigated the convergence and derived expressions
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to predict the steady-state MSE. Simulation results have shown that the proposed blind SM beamforming algorithm with dynamic bounds achieves superior
performance to previously reported methods at a reduced update rate.
Appendix A. Analysis of the Optimization Problem
In this part, we discuss the convexity of the cost function which is expressed
in (4). Without loss of generality, we assume that user 0 is the desired user. We
rewrite the cost function as follows,
[(
)2 ]
JCM = E |w̃H (i)r(i)|2 − 1
[(
)2 ]
= E |y(i)|2 − 1
[
]
[
]
= E |y(i)|4 − 2E |y(i)|2 + 1.

(A.1)

Let us deﬁne z1 (i) = w̃H (i)A(θ)b(i) = sH b(i) and z2 (i) = w̃H (i)n(i), where
s = [s0 , . . . , sq−1 ]T and sk = aH (θk )w̃(i), k = 0, . . . , q − 1. By letting D =
s0 s∗0 = v 2 and s̄ = [s1 , . . . , sq−1 ]T , we obtain
( )
JCM = J1 (s̄) + σn2 J2 w̃ ,

(A.2)

q−1
∑
)
(
s4k − 2(D + s̄H s̄) + 1,
J1 (s̄) = 2(D + s̄H s̄)2 − D2 +

(A.3)

where

k=1

( ) (
)
J2 w̃ = 4(D + s̄H s̄) − 2 + 3σn2 w̃H w̃ w̃H w̃.

(A.4)

In order to evaluate the convexity of JCM , we compute its Hessian matrix by
using the rule M =

∂ ∂JCM
∂ w̃H ∂ w̃

which yields M = M1 + σn2 M2 , where

[
(
)]
M1 = 4Ā (D − 1/2)I + s̄H s̄I + s̄s̄H − diag |s1 |2 , . . . , |sq−1 |2 ĀT ,

(A.5)

(
)
(
M2 = (4D − 2)I + 6σn2 w̃H w̃I + w̃w̃H + 4 w̃H ĀĀH w̃I + (ĀĀH )T w̃H w̃
)
+ (w̃w̃H ĀĀH )T + (w̃H ĀĀH w̃)T ,
(A.6)
where Ā = [a(θ1 ), . . . , a(θq−1 )].
18

The matrix M is positive deﬁnite if αH Mα > 0 for any nonzero (q − 1) × 1
vector α. The second, third and fourth terms for M1 in (A.5) yield the positive
))
(
(
deﬁnite matrix 4 s̄s̄H + diag |s1 |2 , . . . , |sq−1 |2 , while the ﬁrst term provides
the condition D = v 2 ≥ 1/2 that ensures the convexity of J1 (s̄). Therefore,
when σn2 = 0, the function JCM is convex. Since JCM is continuous in terms of
σn2 , we may assume that the extrema of the cost function in noisy case can be
deduced for small σn2 by a slight perturbation of the noiseless extrema [17]. For
the matrix M2 in (A.6), it is easily seen that we can select a suﬃciently large
value of D such that M2 is positive deﬁnite in any bounded region. Recalling
that D = v 2 , we obtain that with properly selecting the constant v, M is positive
deﬁnite in any bounded region, which results in the cost function JCM being
strictly convex. The algorithm is then able to reach the global minima under
these assumptions.
Appendix B. Proof of (A.3) and (A.4)
We know that the cost function can be expressed as follows,
JCM = E[|y(i)|4 ] − 2E[|y(i)|2 ] + 1,

(B.1)

y(i) = z1 (i) + z2 (i) = sH b(i) + w̃H (i)n(i).

(B.2)

where

In order to further investigate the cost function, we need to assess E[|y(i)|4 ] and
E[|y(i)|2 ]. By assuming that the source signals and the complex Gaussian noise
are independent and identically distributed, we have
E[|y(i)|4 ] = E[|z1 (i)|4 ] + E[|z2 (i)|4 ] + 4E[|z1 (i)|2 |z2 (i)|2 ],

(B.3)

E[|y(i)|2 ] = E[|z1 (i)|2 ] + E[|z2 (i)|2 ].

(B.4)
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Because the source signal takes on the value +1 with probability 0.5 or the value
−1 with the same probability, we have
4

H

H

2

E[|z1 (i)| ] = E[(s bb s) ] = E

=E

[( ∑
q−1 ∑
q−1

[∑
q−1 ∑
q−1 ∑
q−1 ∑
q−1

s∗i bi bj sj

i=0 j=0

)2 ]

]

(B.5)

bi bj bl bn s∗i sj s∗l sn .

i=0 j=0 l=0 n=0

Since s and b are independent, we have E[bi ] = 0 for ∀i and E[bi bj ] = 0 for
i ̸= j, the only non-zero terms in the sum arise when the product of four values
of b at various times can be grouped into two pairs, i.e., E[bi bj bl bn ] = E[b21 b22 ]
with b1 ̸= b2 permitted. Exactly three grouping are possible from a set of four
that gives a particular two pairs with diﬀerent time arguments for the two pairs.
However, only one possibility has them all the same. Thus,
[

E |z1 (i)|

4

]

=

q−1
∑
i=0

|si | + 2
4

q−1 ∑
q−1
∑

|si | |sl | +
2

2

q−1
q−1 ∑
∑

si s∗j si s∗j ,

(B.6)

i=0 j=0,̸=i

i=0 l=0,̸=i

because the s are sequentially uncorrelated, E[si s∗j si s∗j ] = E[si si ]E[s∗j s∗j ] = 0
for i ̸= j. We use the observation to convert (B.6) to
q−1 ∑
q−1
q−1
∑
[
] ∑
|si |2 |sl |2 .
|si |4 + 2
E |z1 (i)|4 =
i=0

(B.7)

i=0 l=0,̸=i

Thus, we can obtain
J1 (s̄) = 2(s s) −

q−1
∑

s4k − 2sH s + 1,

(B.8)

J2 (w̃) = (4sH s − 2 + 3σn2 w̃H w̃)w̃H w̃.

(B.9)

H

2

k=0

Appendix C. Derivation for (12)
By imposing the condition to update whenever e2 (i) > γ 2 (i), we can obtain
µ(i) in order to compute w(i + 1) by projecting w(i) onto Hi , i.e., the set of all
w that satisfy:
√
√
1 − γ(i) ≤ |(va(θ0 ) − BH w)H r(i)| ≤ 1 + γ(i).
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(C.1)

The set comprises two parallel hyper-strips in the parameter space. For case 1):
√
|y(i)| = |(va(θ0 )−BH w(i))H r(i)| > 1 + γ(i), w(i) is closer to the hyperplanes
√
deﬁned by |(va(θ0 ) − BH w)H r(i)| = 1 + γ(i) than to the ones deﬁned by
√
|(va(θ0 ) − BH w)H r(i)| = 1 − γ(i). By employing (11) we have
√
(
)H
|y(i) + µ(i) Br(i)y ∗ (i) − |y(i)|2 Br(i)y ∗ (i) Br(i)| = 1 + γ(i),

(C.2)

which results in the following
√
1 + γ(i) )
1
µ(i) = 1 −
.
H
H
2
|y(i)|
(r (i)B |y(i)| − rH (i)BH )Br(i)
(

(C.3)

√
1 − γ(i), w(i) is closer to
√
H
H
the hyperplanes deﬁned by |(va(θ0 ) − B w) r(i)| = 1 − γ(i). By following
For case 2): |y(i)| = |(va(θ0 ) − BH w(i))H r(i)| <

the same approach we have
√
1 − γ(i) )
1
µ(i) = 1 −
.
H
H
2
|y(i)|
(r (i)B |y(i)| − rH (i)BH )Br(i)
(

(C.4)

Therefore, the expressions for µ(i) can be summarized in (12).
References
[1] S. Haykin, Adaptive Filter Theory, 4th ed. Englewood Cliﬀs, NJ: PrenticeHall, 2002.
[2] R. C. de Lamare, L. Wang and R, Fa, “Adaptive Reduced-Rank Beamforming Algorithms Based on Joint Iterative Optimization of Filters: Design and
Analysis,” Signal Process., vol. 90, no. 2, pp. 640-652, Feb. 2010.
[3] Z. Xu and M. K. Tsatsanis, “Blind adaptive algorithms for minimum variance CDMA receivers,” IEEE Trans. Commun., vol. 49, no. 1, pp. 180-194,
Jan. 2001.
[4] R. C. de Lamare and R. Sampaio-Neto, “Low-complexity variable step-size
mechanisms for stochastic gradient algorithms in minimum variance CDMA
receivers,” IEEE Trans. Signal Process., vol. 54, no. 6, pp. 2302-2317, Jun.
2006.

21

[5] R. Fa, R. C. de Lamare and L. Wang, “Reduced-rank STAP schemes for
airborne radar based on switched joint interpolation, decimation and ﬁltering
algorithm”, IEEE Transactions on Signal Processing, vol. 58, no. 8, pp. 41824194, August 2010.
[6] H. Krim and M. Viberg, “Two decades of array signal processing research,”
IEEE Signal Process., Mag., vol. 13, no. 4, pp. 67-94, Jul. 1996.
[7] F. Shang, B. Champagne and I. Psaromiligkos, “Time of arrival and power
delay proﬁle estimation for IR-UWB systems,” Signal Process., vol. 93, no.
5, pp. 1317-1327, May, 2013.
[8] M. J. Rude and L. J. Griﬃths, “Incorporation of linear constraints into the
constant modulus algorithm,” in Proc. Int. Conf. Acoust., Speech, Signal
Process. (ICASSP), May 1989, vol. 2, pp. 968-971
[9] L. J. Griﬃths and C. W. Jim, “An alternative approach to linearly constrained adaptive beamforming,” IEEE Trans. Antennas and Propagation,
vol. AP-30, no. 1, pp. 27-34, Jan. 1982.
[10] B. D. Van Veen, and K. M. Buckley, “Beamforming: A versatile approach
to spatial ﬁltering,” IEEE ASSP Magazine, vol. 5, no. 2, pp. 4-24, Apr. 1988.
[11] D. G. Manolakis, V. K. Ingle, and S. M. Kogon, Statistical and Adaptive
Signal Processing: Spectral Estimation, Signal Modeling, Adaptive Filtering,
and Array Processing, Artech House, 2005.
[12] M. Honig, U. Madhow, and S. Verdu, “Blind adaptive multiuser detection,”
IEEE Trans. Inf. Theory. vol. 41, no. 4, pp. 944-960, Jul. 1995.
[13] A. El-Keyi and B. Champagne, “Adaptive linearly constrained minimum
variance beamforming for multiuser cooperative relaying using the Kalman
ﬁlter,” IEEE Trans. Wireless Commun., vol. 9, no. 2, pp. 641-651, Feb. 2010.
[14] R. C. de Lamare and R. Sampaio-Neto, “Blind adaptive code-constrained
constant modulus algorithms for CDMA interference suppression in multipath channels,” IEEE Commun. Lett., vol. 9, no. 4, pp. 334-336, Apr. 2005.
[15] H. Zeng, L. Tong, and C. R. Johnson, “Relationships between the constant
modulus and Wiener receivers,” IEEE Trans. Inf. Theory, vol. 44, no. 4, pp.
1523-1538, Jul. 1998.
22

[16] J. Whitehead and F. Takawira, “Performance analysis of the linearly
constrained constant modulus algorithm-based multiuser detector,” IEEE
Trans. Signal Process., vol. 53, no. 2, pp. 643-653, Feb. 2005.
[17] C. Xu, G. Feng, and K. S. Kwak, “A modiﬁed constrained constant modulus
approach to blind adaptive multiuser detection,” IEEE Trans. Commun.,
vol. 49, no. 9, pp. 1642-1648, 2001.
[18] R. C. de Lamare and R. Sampaio-Neto, “Blind adaptive and iterative algorithms for decision-feedback DS-CDMA receivers in frequency-selective
channels RC de Lamare, IEEE Transactions on Vehicular Technology, vol.
56, no. 2, pp. 605-618, 2007.
[19] R. C. de Lamare, M. Haardt and R. Sampaio-Neto, “Blind adaptive constrained reduced-rank parameter estimation based on constant modulus design for CDMA interference suppression”, IEEE Trans on Signal Processing,
vol. 56, no. 6, pp. 2470-2482, June 2008.
[20] L. Wang, R. C. de Lamare and Y. Cai, “Low-complexity adaptive step
size constrained constant modulus SG algorithms for adaptive beamforming”,Signal processing, vol. 89, no. 12, pp. 2503-2513, 2009.
[21] Y Cai, RC de Lamare, “Low-complexity variable step-size mechanism for
code-constrained constant modulus stochastic gradient algorithms applied to
CDMA interference suppression”, IEEE Transactions on Signal Processing,
vol. 57, no. 1, pp. 313-323, 2009.
[22] L. Wang, R. C. de Lamare and M. Yukawa, “Adaptive reduced-rank constrained constant modulus algorithms based on joint iterative optimization
of ﬁlters for beamforming”, IEEE Transactions on Signal Processing, vol.
58, no. 6, pp. 2983-2997, 2010.
[23] L. Wang and R. C. de Lamare, “Adaptive constrained constant modulus
algorithm based on auxiliary vector ﬁltering for beamforming”, IEEE Transactions on Signal Processing, vol. 58, no. 10, pp. 5408-5413, 2010.
[24] L. Wang and R. C. de Lamare, “Constrained adaptive ﬁltering algorithms
based on conjugate gradient techniques for beamforming”, IET Signal Processing, vol. 4, no. 6, pp. 686-697, 2010.

23

[25] R. C. de Lamare and R. Sampaio-Neto, “Blind adaptive MIMO receivers
for space-time block-coded DS-CDMA systems in multipath channels using
the constant modulus criterion”, IEEE Transactions on Communications,
vol. 58, no. 1, pp. 21-27, January 2010.
[26] R. C. de Lamare, R. Sampaio-Neto and M. Haardt, “Blind adaptive constrained constant-modulus reduced-rank interference suppression algorithms
based on interpolation and switched decimation”, IEEE Transactions on
Signal Processing, vol. 59, no. 2, pp. 681-695, February 2011.
[27] Y. Cai, R. C. de Lamare and M. Zhao and J. Zhong, “Low-complexity
variable forgetting factor mechanism for blind adaptive constrained constant
modulus algorithms”, IEEE Transactions on Processing, vol. 60, no. 8, pp.
3988-4002, 2012.
[28] S. Anderson, M. Millnert, M. Viberg, and B. Wahlberg, “An adaptive array
for mobile communication systems,” IEEE Trans. Veh. Technol., vol. 40, no.
1, pp. 230-236, Feb. 1991.
[29] S. Nagaraj, S. Gollamudi, S. Kapoor and Y. F. Huang, “BEACON: An
adaptive set-membership ﬁltering technique with sparse updates,” IEEE
Trans. Signal Process., vol. 47, no. 11, pp. 2928-2941, Nov. 1999.
[30] S. Werner and P. S. R. Diniz, “Set-membership aﬃne projection algorithm,” IEEE Signal Process. Lett., vol. 8, no. 8, pp. 231-235, Aug. 2001.
[31] S. Gollamudi, S. Nagaraj, and Y. F. Huang, “Blind equalization with a
deterministic constant modulus cost - A set-membership ﬁltering approach,”
in Proc. IEEE Int. Conf. Acoust., Speech, Signal Process. (ICASSP), 2000,
vol.5, pp. 2765-2768.
[32] S. Gollamudi, S. Nagaraj and Y. F. Huang, “Set-membership ﬁltering and
a set-membership normalized LMS algorithm with an adaptive step size,”
IEEE Signal Process. Lett., vol. 5, no. 5, pp. 111-114, May 1998.
[33] P. S. R. Diniz, Adaptive Filtering: Algorithms and Practical Implementations, 2nd ed. Boston, MA, USA: Kluwer 2002.
[34] R. C. de Lamare and P. S. R. Diniz, “Set-membership adaptive algorithms
based on time-varying error bounds for CDMA interference suppression,”
IEEE Trans. Veh. Technol., vol. 58, no. 2, pp. 644-654, Feb. 2009.
24

[35] T. Wang, R. C. de Lamare and P. D. Mitchell, “Low-complexity setmembership channel estimation for cooperative wireless sensor networks”,
IEEE Transactions on Vehicular Technology, vol. 60, no. 6, pp. 2594-2607,
2011.
[36] M. Z. A. Bhotto and A. Antoniou, “Robust set-membership aﬃneprojection adaptive-ﬁltering algorithm,” IEEE Trans. Signal Process., vol.
60, no. 1, pp. 73-81, Jan. 2012.
[37] T. M. Lin, M. Nayeri, and J. R. Deller, Jr., “Consistently convergent OBE
algorithm with automatic selection of error bounds,” Int. J. Adapt. Control
Signal Process., vol. 12, pp. 302-324, Jun. 1998.
[38] R. C. de Lamare and R. Sampaio-Neto, “Adaptive reduced-rank MMSE ﬁltering with interpolated FIR ﬁlters and adaptive interpolators,” IEEE Signal
Process. Lett., vol. 12, no. 3, Mar. 2005, pp. 177-180.
[39] P. Clarke and R. C. de Lamare, “Low-complexity reduced-rank linear interference suppression based on set-membership joint iterative optimization
for DS-CDMA systems,” IEEE Trans. Veh. Technol., vol. 60, no. 9, pp.
4324-4337, Aug. 2011.
[40] R. C. de Lamare and P. S. R. Diniz, “Blind adaptive interference suppression based on set-membership constrained constant-modulus algorithms
with dynamic bounds”, IEEE Trans. Signal Process., vol. 61 , no. 5, 2013,
pp. 1288-1301.
[41] J. S. Goldstein and I. S. Reed, “Theory of partially adaptive radar,” IEEE
Trans. Aerosp. Electron. Syst., vol. 33, pp. 1309-1325, Oct. 1997.
[42] S. Werner, M. With and V. Koivunen, “Householder multistage wiener
ﬁlter for space-time navigation receivers,” IEEE Trans. Aerosp. Electron.
Syst., vol. 43, no. 3, pp. 975-988, Jul. 2007.
[43] J. Goldstein, I. Reed, and L. Scharf, “A multistage representation of the
Wiener ﬁlter based on orthogonal projections,” IEEE Trans. Inf. Theory,
vol. 44, no. 7, pp. 2943-2959, Nov. 1998.
[44] D. C. Ricks, and J. S. Goldstein, “Eﬃcient structures for implementing
adaptive algorithms,” In Proceedings of the Antenna Applications Symposium, Monticello, IL, Sept. 2000.
25

[45] C.-Y., Tseng, and L. J. Griﬃths, “A systematic procedure for implementing the blocking matrix in decomposed form,” In Proceedings of the TwentySecond Asilomar Conference on Signals, System and Computers, vol. 2, Paciﬁc Grove, CA, Oct. 1988.
[46] A. H. Sayed and M. Rupp, “A time-domain feedback analysis of ﬁlterederror adaptive gradient algorithms,” IEEE Trans. Signal Process., vol. 44,
pp. 1428-1439, Jun. 1996.
[47] A. H. Sayed and M. Rupp, “An l2-stable feedback structure for nonlinear
adaptive ﬁltering and identiﬁcation,” Automatica, vol. 33, no. 1, pp. 13-30,
Jan. 1997.
[48] J. Mai and A. H. Sayed, “A feedback approach to the steady-state performance of fractionally spaced blind adaptive equalizers,” IEEE Trans. Signal
Process., vol. 48, no. 1, pp. 80-91, Jan. 2000.
[49] N. R. Yousef and A. H. Sayed, “A uniﬁed approach to the steady-state and
tracking analyses of adaptive ﬁlters,” IEEE Trans. Signal Process., vol. 49,
no. 2, pp. 314-324, Feb. 2001.
[50] T. S. Rappaport, Wireless Communications, Prentice-Hall, Englewood
Cliﬀs, NJ, 1996.

26

va (q 0 )

r (i )

y (i )
w (i )

B

Yes, update

g2

SM check

e2 ( i ) ³ g 2

No, do not update
Adaptive SM-CM
Algorithm

Figure 1: Proposed SM-CM-GSC adaptive beamformer structure.
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Figure 2: Proposed SM-CM-GSC adaptive beamformer structure with PIDB scheme.
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Figure 3: Output SINR versus the number of snapshots. The number of users is q = 6. The
update rates for the proposed SM-CM-GSC algorithms with PIDB and PDB are 22.4% and
26.5%, respectively.
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Figure 4: Output SINR versus the number of snapshots. The number of users is q = 6. The
update rates for the proposed SM-CM-GSC algorithms with PIDB and PDB are 22.4% and
26.5%, respectively.
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Figure 5: Output SINR versus the number of snapshots. The number of users is q = 9. The
update rates for the proposed SM-CM-GSC algorithms with PIDB and PDB are 23% and
27%, respectively.

28

m=16, SNR=15dB
13
12
11

SINR (dB)

10
9
8
7

CM−GSC
SM−CM−GSC PDB
SM−CM−GSC PIDB
MV−GSC
SM−CM−GSC, γ=0.6

6
5
4
0

500

1000
1500
Number of Snapshots

2000

Figure 6: Output SINR versus the number of snapshots in a nonstationary scenario. SNR=15
dB. The update rates for the proposed SM-CM-GSC algorithms with PIDB and PDB are 25%
and 30%, respectively.
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Figure 7: Output SINR versus the number of snapshots. SNR=15 dB. The number of users is
q = 6. The update rates for the proposed adaptive SM-CM-GSC algorithms with PIDB and
PDB are 22.4% and 26.5%. The update rates for the adaptive SM-CM-DFP algorithms with
PIDB and PDB are 18.7% and 25.4%. The update rates for the adaptive SM-CM-GSC and
SM-CM-DFP algorithms with a ﬁxed error bound are 27.6% and 27%, respectively.
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Figure 8: Analytical MSE versus simulated performance for convergence analysis of the proposed SM adaptive beamforming algorithm with PIDB scheme. (a) The number of users is
q = 3, SNR=20 dB. (b) The number of users is q = 3.

m=16, q=4, SNR=20dB

0

m=16, q=4

0

10

10

predicted
simulated

MSE

MSE

simulated
−1

−1

10

10

predicted

−2

−2

10

0

10
500
1000
Number of Snapshots

1500

5

10

15
SNR (dB)

20

25

Figure 9: Analytical MSE versus simulated performance for convergence analysis of the proposed SM adaptive beamforming algorithm with PDB scheme. (a) The number of users is
q = 4, SNR=20 dB. (b) The number of users is q = 4.
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