arXiv:2208.08856v2 [eess.SP] 19 Aug 2022

Study of General Robust Subband Adaptive Filtering

Yi Yu, Member, IEEE, Hongsen He, Member, IEEE, Rodrigo C. de Lamare, Senior Member, IEEE, Badong Chen, Senior Member, IEEE

Abstract—In this paper, we propose a general robust subband adaptive filtering (GR-SAF) scheme against impulsive noise by minimizing the mean square deviation under the random-walk model with individual weight uncertainty. Specifically, by choosing different scaling factors such as from the M-estimate and maximum correntropy robust criteria in the GR-SAF scheme, we can easily obtain different GR-SAF algorithms. Importantly, the proposed GR-SAF algorithm can be reduced to a variable regularization robust normalized SAF algorithm, thus having fast convergence rate and low steady-state error. Simulations in the contexts of system identification with impulsive noise and echo cancellation with double-talk have verified that the proposed GR- SAF algorithms outperforms its counterparts.

Index Terms—Echo cancellation, impulsive noise, subband adaptive filter, variable regularization parameter

I. INTRODUCTION

N^{OWADAYS, adaptive filters have been applied in a}

variety of applications such as system identification, echo cancellation, active noise control, and acoustic feedback cancellation [1], [2], [3], [4], [5], [6],[7], [8], [9], [10], [11], [12], [13], [14], [15], [16], [17], [18], [19], [20], [21], [22], [23], [24], [25], [26], [27], [28], [29], [30], [31], [32], [33], [34], [35], [36], [37], [38], [39], [40], [41], [42], [43], [44], [45], [46], [47], [48], [49], [50], [51], [52], [53], [54], [55], [56], [57], [58], [59], [60], [61], [62], [63], [64], [65], [66], [67], [68], [69], [70], [71], [72], [73], [74], [75], [76], [77], [78], [79], [80], [81], [82], [83], [84], [85], [86], [87], [88], [89], [90], [91], [92], [93], [94], [95], [96], . In adaptive filtering, the least mean square (LMS) and normalized LMS (NLMS) algorithms are widely investigated due to the low computational complexity of O(M). Also, unlike the LMS, the stability of the NLMS is independent of the maximum eigenvalue of the input autocorrelation matrix. Nevertheless, for highly correlated input signals (also called colored input signals), these two algorithms converge slowly.

This work was supported in part by the National Natural Science Foundation of China (Nos. 61901400, 62071399), Natural Science Foundation of Sichuan (No. 2022NSFSC0542), Sichuan Science and Technology Program (No. 2021YFG0253), and Doctoral Research Fund of Southwest University of Science and Technology in China (No. 19zx7122). (Corresponding author: Hongsen He).

Y. Yu and H. He are with School of Information Engineering, Robot Technology Used for Special Environment Key Laboratory of Sichuan Province, Southwest University of Science and Technology, Mianyang, 621010, China (e-mail: yuyi xyuan@163.com, hongsenhe@gmail.com).

R. C. de Lamare is with CETUC, PUC-Rio, Rio de Janeiro 22451-900, Brazil. (e-mail: delamare@cetuc.puc-rio.br).

B. Chen is with Institute of Artificial Intelligence and Robotics, Xi’an Jiaotong University, Xi’an, 710049, Shaanxi Province, China. (e-mail: chenbd@mail.xjtu.edu.cn).

For such input signals, both the families of affine projection (AP) [97], [98] and recursive least squares (RLS) [1], [99] have fast convergence rate, but they require much higher computational complexity especially for large M. Although the lowcomplexity AP and RLS variants were also studied [1], [100], [101], some of them would face the numerical instability problem due to round-off errors. On the other hand, thanks to the inherent decorrelation property of subband adaptive filtering (SAF) on input signals, its multiband structure has received much attention [2]. Specifically, the input signals are divided into multiple subbands signals through the analysis filters, and in each subband the decimated input sequences are approximately white while updating the weight vector. Therefore, the normalized SAF (NSAF) algorithm proposed by Lee and Gan [102] achieves much faster convergence rate than the NLMS algorithm in the case of colored input signals. It is noteworthy that the NSAF algorithm has almost comparable computational complexity to the NLMS algorithm with O(M). As a result, the NSAF algorithm is promising for applications of large M, like in the echo cancellation. For the time-delay problem recovering the signal from the decimated sequences through the synthesis filter bank, the delayless variants of NSAF were proposed in [103], which compute the output of adaptive system in an auxiliary loop.

Regrettably, the above algorithms suffer from the performance degradation in the non-Gaussian noise scenarios with impulsive samples. The impulsive noise frequently happens in echo cancellation, underwater acoustics, audio processing, and communications [104], [105], [106], etc. In impulsive noise scenarios, thus studying robust adaptive filtering algorithms is also vital and in the literature a variety of robust algorithms have also been reported [107], [108], [109], [110], [111], [112], [113], [114]. There are some typical examples, i.e., Mestimate based algorithm [107], maximum Versoria criterion based algorithm [108], [114], maximum correntropy criterion (MCC) based algorithm [109], and Lorentzian norm based algorithm [111], to name a few. Likewise, to obtain the robustness of SAFs against impulsive noise, the sign SAF (SSAF) algorithm was proposed in [115]. In order to take full advantage of the decorrelation of SAF dealing with input signals, reference [116] developed the individual-weighting-factors based SSAF (IWF-SSAF) algorithm, which has shown faster convergence rate than the SSAF algorithm. Also, Ni et al extended the AP concept to the SSAF [117], the resulting AP-SSAF has better convergence. However, the SSAF-type still has relatively slow convergence, since the weights’ update does not exploit the magnitude information of the subband error signals no matter how impulsive noises appear or not. To overcome this shortcoming, a class of step-size scaling factor based NSAF algorithms were proposed [118], [119], which diminish sharply the step-size when impulsive samples appear, thus obtaining better convergence behavior as compared to the IWF-SSAF algorithm. Roughly speaking, these algorithms originate from the combination of specified robust cost functions and the NSAF update. Furthermore, by defining the M-estimate based robust cost function, the AP M-estimate SAF (APM-SAF) algorithm was proposed in [120] with better convergence for the colored inputs in impulsive noises, at the expense of high computational complexity due to the AP principle.

On the other hand, the family of SAF algorithms exists a trade-off between convergence rate and steady-state error on choosing the step-size. In response to this problem, various variable step-size (VSS) [121], [122] and variable regularization parameter [123], [124] schemes were designed for the NSAF algorithm, to obtain fast convergence and low steady-state error simultaneously in the Gaussian noise. In the existing literature [125], [126], [127], [128], authors presented different VSS algorithms for both SSAF and IWF-SSAF to further improve their performance in the presence of impulsive noises, and in [128] authors also considered the sparsity of the unknown system about the performance improvement. Nonetheless, they generally have no tracking capability when the unknown systems change abruptly, due to the fact that the time-varying step-size is always decreasing monotonically to ensure the robustness against impulsive noises. In [129], the authors analyzed the performance of the M-estimate based NSAF (M-NSAF) algorithm in impulsive noises, and then designed a VSS scheme for the M-NSAF algorithm. The resulting VSS-M-NSAF algorithm achieves fast convergence and low steady-state error. However, this VSS has no generality for robust NSAF algorithms with scaling factors.

In this paper, the main contributions are as follows. 1) By reviewing the M-NSAF algorithm, we present a general scheme that employs a robust weights update rule with scaling factors. Then by introducing the concept of the probability update, we derive a general robust SAF (GR-SAF) algorithm against impulsive noise that minimizes the mean square deviation (MSD) under the random-walk model with individual uncertainty for every filter weight.

2) Importantly, by setting the scaling factors from a specified robust criteria, we can straightforwardly obtain the corresponding GR-SAF algorithm.

3) The proposed GR-SAF algorithm can also be interpreted as a robust NSAF algorithm with variable regularization, thus it exhibits fast convergence and low steady-state error in the impulsive noise.

The remaining part of this paper is organized as follows. Section II reviews M-NSAF adaptive filtering for the delayless SAF structure and states the problem. In Section III, we present the GR-SAF scheme and give its implementation whereas Section IV presents an analysis of several aspects of the GR-SAF algorithm. In Section V, extensive simulations are shown. Conclusions are drawn in Section VI.

II. M-NSAF ADAPTIVE FILTERING AND PROBLEM STATEMENT Let us consider a system identification problem whose input-output data pair {u(n), d(n)} at every time index n obeys the following relation:

d(n) = u^T(n)w^o + ν(n), (1)

where (·)^T denotes the transpose, and u(n) = [u(n), u(n − 1), ..., u(n − M + 1)]^T is the M-dimensional input vector independent of the additive noise ν(n). The impulse response of the unknown system, denoted as the M × 1 vector w^o, needs to be estimated by an adaptive filter w(n) with the same input signal u(n). For this purpose, Fig. 1 illustrates a delayless multiband-structured SAF [103], [127], where N is the number of subbands. Both signals d(n) and u(n) are decomposed by the analysis filters H_i(z), i = 0, ..., N − 1, to yield the band-dependent signals d_i(n) and u_i(n), respectively. Giving the subband input signal u_i(n), we obtain the subband output signal y_i(n) of the adaptive filter. Then, d_i(n) and y_i(n) are critically sub-sampled to a lower rate, respectively resulting in the decimated subband signals d_{i,D} (k) = d_i(kN) and y_{i,D}(k) = u^T_i (k)w(k − 1), where u_i(k) = [u_i(kN), u_i(kN − 1), ..., u_i(kN − M + 1)]^T. In the decimated sequences, the weight vector w(k) is the estimate of w^o and controlled by the decimated subband error signals given by e_{i,D}(k) = d_{i,D} (k) − y_{i,D}(k) = d_{i,D} (k) − u^T_i (k)w(k − 1), (2) for i = 0, ..., N − 1. In some practical cases such as the EC, we might focus on the output error e(n) in the original sequences. As such, we copy w(k) to w(n) for every N input samples (i.e., when n = kN), and compute the output error e(n) = d(n)−u^T(n)w(n) in an auxiliary loop. The additive noise may include not only the Gaussian noise but also impulsive noise. To obtain robustness against impulsive noise, therefore the M-NSAF algorithm for updating the weight vector is described as [129]

w(k) = w(k − 1) + μ N−1∑ i=0 φ^′(e_{i,D} (k))u_i(k) ||u_i(k)||^2 , (3)

where || · ||_2 denotes the l_2-norm of a vector, and μ > 0 is the step-size. The score function is given by φ^′(x) ≜ ∂φ(x) ∂x = { x, if |x| < ξ 0, if |x| ≥ ξ, (4) where φ(x) is the modified Huber (MH) function φ(x) = { x^2/2, if |x| < ξ ξ^2/2, if |x| ≥ ξ, (5) and ξ is a threshold parameter.

Equations (3) and (4) clearly show, when |e_{i,D}(k)| < ξ holds, the M-NSAF algorithm will reduce to the standard NSAF algorithm. Once the values of |e_{i,D}(k)| are larger than ξ (may be due to the occurrence of outliers or impulsive noise), the M-NSAF algorithm will freeze the adaptation of the weight vector to guarantee the stability of the algorithm. That is to

Fig. 1. Delayless multiband-structured SAF.

say, the threshold ξ controls the capability of suppressing impulsive noise. At each subband, the threshold is chosen as ξ_i = κσ̂_{e,i}(k) [107], where σ^2_{e,i}(k) denotes the estimated variance of ’free-impulsive’ subband error and is calculated by the recursion

σ̂^2_{e,i}(k) = θσ̂^2_{e,i}(k − 1) + c_σ(1 − θ)med(a_{e,i}(k)). (6)

Here, we choose the typical value 2.576 for κ, which means the 99% confidence of rejecting e_{i,D}(k) participated in the adaptation (3) when |e_{i,D}(k)| ≥ ξ_i, under the Gaussian assumption of e_{i,D}(k) except when being contaminated accidentally by impulsive noise. In (6), 0 ≪ θ < 1 is the weighting factor which is often chosen by θ = 1 − N/(τM) with τ ≥ 1 (while θ = 0 at the initial iteration k = 0), and c_σ = 1.483(1 + 5/(N_w − 1)) is the correction factor. The median operator med(·) is to discard the outliers over the sliding data window a_{e,i}(k) = [e^2_{i,D}(k), e^2_{i,D} (k − 1), ..., e^2_{i,D}(k − N_w + 1)] with N_w-length, where the value of N_w would be properly increased for the long-lasting occurrence of impulsive noises like the double-talk.

However, the main problem for the M-NSAF algorithm is the slow convergence and large steady-state error which depends on how to choose the step size μ. In this paper, we aim at solving this problem by developing an algorithm that has fast convergence and low steady-state error.

III. PROPOSED GR-SAF SCHEME AND ALGORITHMS In this section, we present the proposed GR-SAF framework and the GR-SAF algorithm based on the probability update mechanism, which is not only robust against impulsive noise but also has fast convergence and low steady-state estimation error.

A. Derivation of Update

To begin with, we can rearrange (3) as

w(k) = w(k − 1) + N−1∑ i=0 q(e_{i,D}(k))g_i(k)e_{i,D}(k), (7) where q(x) ≜ φ^′(x) x = { 1, if |x| < ξ 0, if |x| ≥ ξ, (8) is called the scaling parameter, and g_i(k) is a free-design vector. Note that, (3) and (7) are equivalent when g_i(k) = μ^{ui(k)} ||u_i(k)||^2 .

To move forward, we assume that the unknown vector w^o follows from the random-walk model [1] in the decimated domain, w^o(k) = w^o(k − 1) + c(k), (9)

where c(k) indicates the random disturbance vector with zero mean and covariance matrix C_w = diag{σ^2_{w1}, σ^2_{w2}..., σ^2_{wM} }. This implies that each unknown coefficient has an independent level of uncertainty. Consequently, w^o is assumed to be slowly time-varying in the original domain. Accordingly, the decimated subband desired signals can be formulated as

d_{i,D}(k) = u^T_i (k)w^o(k) + ν_{i,D} (k), (10)

and the decimated subband inputs and noises are given by respectively u_i(k) = [u(kN), ...u(kN − J + 1)]h_i ν_{i,D}(k) = h^T_i [ν(kN), ..., ν(kN − J + 1)]^T, (11)

where h_i is the impulse response of the i-th analysis filter with length of J.

Subtracting both sides of (7) from (9), we have ~w(k) = ~w(k − 1) − N−1∑ i=0 q(e_{i,D}(k))g_i(k)e_{i,D}(k) + c(k), (12) where ~w(k) ≜ w^o(k)−w(k) denotes the weight-error vector.

As can be seen in (8), when |e_{i,D}(k)| < ξ_i is true, we will have q_i(k) = 1, which means that at the iteration k the i-th subband’s signals participate in the update of the filter weights. Otherwise, we have q_i(k) = 0 (usually that is caused by the impulsive noise), which signifies that at the iteration k the i-th subband’s signals have no contribution on updating the filter weights. Hence, we can define a parameter P_{e,i}(k) ∈ [0, 1] modeling the probability of the i-th subband’s signals used to update the filter weights at iteration k, i.e., P_{e,i}(k) = P {|e_{i,D}(k)| < ξ_i}. (13) Then, with P_{e,i}(k) instead of q_i(k) we rewrite (12) as,

~w(k) = ~w(k − 1) − N−1∑ i=0 P_{e,i}(k)g_i(k)ê_{i,D}(k) + c(k). (14) Note that, ê_{i,D}(k) in (14) does not include the impulsive noise, as the effect of impulsive noise has been transferred to P_{e,i}(k). Although (12) and (14) are distinct, it can be shown that their expected values are equivalent. Since our target is to study the average behavior of the algorithm, (14) fits well the needs^1. By combining (9) and (10), ê_{i,D}(k) further becomes

ê_{i,D}(k) = u^T_i (k) ~w(k − 1) + u^T_i (k)c(k) + ν_{i,D} (k). (15) After inserting (15) into (14), we enforce the operator Φ(k) ≜ ~w(k) ~w^T(k) on both sides of the equation to establish

Φ(k) = Φ(k − 1) − N−1∑ i=0 P_{e,i}(k)Φ(k − 1)u_i(k)g^T_i (k)

− N−1∑ i=0 P_{e,i}(k)g_i(k)u^T_i (k)Φ(k − 1)

+ N−1∑ i=0 P^2_{e,i}(k)g_i(k)g^T_i (k) [ u^T_i (k)Φ(k − 1)u_i(k)+

u^T_i (k)c(k)c^T(k)u_i(k) + ν^2_{i,D}(k) ] + c(k)c^T(k) + t_c, (16) where t_c stands for the cross terms on u_i(k), ν_{i,D} (k), and ~w(k). In the above relation we have also used the orthogonal approximation of decimated input vectors of different subbands [2]. Now, we require the known independence assumption in adaptive filtering that ~w(k − 1) is statistically independent of u_i(k) for i = 0, ..., N − 1 [131], [132], [133]. With this, we can take the expectations conditioned on u_i(k) on both sides of (16) as follows:

Φ̄(k) = Φ̄(k − 1) −^{N−1} ∑ i=0 P_{e,i}(k)Φ̄(k − 1)u_i(k)g^T_i (k)

− N−1∑ i=0 P_{e,i}(k)g_i(k)u^T_i (k)Φ̄(k − 1)

+ N−1∑ i=0 P^2_{e,i}(k)g_i(k)g^T_i (k) [ u^T_i (k)Φ̄(k − 1)u_i(k)+

u^T_i (k)C_wu_i(k) + σ^2_{ν,i} ] + C_w, (17) where Φ̄(k) = E{Φ(k)} denotes the covariance matrix of ~w(k), E{t_c} = 0, and σ^2_{ν,i} = E{ν^2_{i,D}(k)} = ||h_i||^2σ^2_ν , with E{·} being the mathematical expectation. Taking the traces of

1A similar treatment was first introduced in the analysis of set-membership filtering algorithm [130].

all the terms in (17), defined as J(k) = Tr{Φ̄(k)} that is also called the MSD, we have J(k) =J(k − 1) − 2 N−1∑ i=0 P_{e,i}(k)g^T_i (k)Φ̄(k − 1)u_i(k)

+ N−1∑ i=0 P^2_{e,i}(k)||g_i(k)||^2 [ u^T_i (k)Φ̄(k − 1)u_i(k)+

u^T_i (k)C_wu_i(k) + σ^2_{ν,i} ] + Tr{C_w}. (18) Then, by setting the derivative of J(k) with respect to g_i(k), i = 0, ..., N − 1, to be zero, we obtain

g_i(k) = 1 P_{e,i}(k) × Φ̄(k − 1)u_i(k) [ u^T_i (k)Φ̄(k − 1)u_i(k) + u^T_i (k)C_wu_i(k) + σ^2_{ν,i} ] , (19)

which arrives at the minimization of MSD at each iteration k. Recalling that the probability of occurring impulsive noises is often small, which makes P_{e,i}(k) < 1 but P_{e,i}(k) close to 1. Accordingly, an efficient and practical scheme for g_i(k) can be obtained from (19):

g_i(k) =

Φ̄(k − 1)u_i(k)

u^T_i (k)Φ̄(k − 1)u_i(k) + u^T_i (k)C_wu_i(k) + σ^2_{ν,i} . (20) By substituting (20) into (17), it is established that

Φ̄(k) =Φ̄(k − 1) −^{N−1} ∑ i=0 [ 2P_{e,i}(k) − P^2_{e,i}(k)) ] × g_i(k)u^T_i (k)Φ̄(k − 1) + C_w.

(21)

Recalling the internal relation between P_{e,i}(k) and q(e_{i,D} (k)), we develop the applicable update rule for Φ̄(k):

Φ̄(k) = Φ̄(k − 1) −^{N−1} ∑ i=0 ρ_i(k)g_i(k)u^T_i (k)Φ̄(k − 1) + C_w,

(22) where ρ_i(k) = 2q(e_{i,D}(k)) − q^2(e_{i,D}(k).

B. Practical Considerations

Equations (7), (20), and (22) constitute the update recursions of the proposed GR-SAF algorithm; however about its implementation, we have to take into account the following aspects.

1) The covariance matrix update (22) provides the optimal performance of the GR-SAF algorithm in theory, since it acts like the robust extension of Kalman filtering framework in the subband domain, but it leads also to two problems. First, similar to the Kalman filtering [134], [135], the covariance matrix update (22) can be numerically unstable when implemented in finite precision, since it is computed as a difference of two positive semidefinite matrices. Numerical accuracy is reduced in every iteration. Moreover, numerical deterioration is also associated with high dimensionality of g_i(k) and Φ̄(k) on u_i(k) and with the accumulated effects of round-off error. Second, the computation of Φ̄(k) requires the complexity of O(M^2) which is high for large M. To overcome these two points, we always limit Φ̄(k) to be a diagonal matrix. By doing so, the proposed GR-SAF algorithm can be implemented in the vector form, which reduces to the complexity of O(M) (see subsection IV. D). Herein, Φ̄(k) can be easily initialized by Φ̄(0) =^ϵ_M I_M , where ϵ ≥ 1.

2) Both (20) and (22) require knowing C_w = diag{σ^2_{w1}, σ^2_{w2}..., σ^2_{wM} } beforehand which controls a trade-off problem between tracking capability and steady-state behavior of the algorithm. From (9), we have the following relation for the m-th diagonal entry: σ^2_{wm} = E{[w^o_m(k) − w^o_m(k − 1)]^2}, m = 1, ..., M − 1. (23) Accordingly, for estimating them the following practical recursion is used:

σ̂^2_{wm}(k) = γσ̂^2_{wm}(k − 1) + (1 − γ)[w_m(k) − w_m(k − 1)]^2, (24) with zero initialized values σ̂^2_{wm}(0) = 0 for m = 1, ..., M −1, and the weighting factor 0 < γ < 1. When the algorithm starts to converge, the estimation errors of the individual coefficients tend to become uncorrelated. On the other hand, when the unknown system abruptly changes, some of coefficients will encounter large variations. To track them, we propose to amend (24) as

σ̂^2_{wm}(k) ← max { σ̂^2_{wm}(k), σ̂^2_{w·avg}(k) } , (25)

for m = 1, ..., M − 1, where

σ̂^2_{w·avg}(k) = ||w(k) − w(k − 1)||^2/M (26)

denotes the average uncertainty of all the coefficients.

3) In (20), we also note that another set of important parameters σ^2_{ν,i} that are the variances of subband noises. Inspired by [121], σ^2_{ν,i} can be effectively estimated as follows:

σ̂^2_{ν,i}(k) = σ̂^2_{e,i}(k) − ||r̂_i(k)||^2 σ̂^2_{u,i}(k) + ϵ_2

, (27)

where

σ̂^2_{e,i}(k) = βσ̂^2_{e,i}(k − 1) + (1 − β)q^2(e_{i,D}(k))e^2_{i,D} (k), σ̂^2_{u,i}(k) = βσ̂^2_{u,i}(k − 1) + (1 − β)u^2_i (kN), r̂_i(k) = βr̂_i(k − 1) + (1 − β)q(e_{i,D} (k))u_i(k)e_{i,D} (k), (28) with β being the weighting factor which is chosen by β = 1/(ϱM), ϱ ≥ 1, and ϵ_2 is a small positive number to avoid the division by zero. Note that, σ̂^2_{ν,i}(k) in (27) may be negative due to using the estimates from (27). To this end, we introduce the following limitation:

σ̂^2_{ν,i}(k) = { σ̂^2_{ν,i}(k − 1), if σ̂^2_{ν,i}(k) ≤ 0 σ̂^2_{ν,i}(k), otherwise.

(29)

As a result, Table I summarizes the proposed GR-SAF algorithm.

IV. ANALYSIS AND DISCUSSION In this section, we discuss the generality, stability, convergence, and complexity of the GR-SAF algorithm.

TABLE I PROPOSED GR-SAF ALGORITHM.

Initializations: w(0) = 0, Φ̄(0) =^{ϵ1}_M I_M with ϵ_1 ≥ 1 Parameters: ϵ_1 ≥ 1, ϵ_2 = 10^{−5} , 0 ≪ γ < 1, and β = 1/(ϱM) with ϱ ≥ 1 For iteration k ≥ 0 in the decimated sequences For each subband i e_{i,D} (k) = d_{i,D} (k) − u^T_i (k)w(k − 1) { Calculation of the scaling parameters q(e_{i,D} (k)) : e.g., Eq. (8) from the M-estimate or Eq. (30) from the MCC Estimate of subband noises:

σ̂^2_{e,i} (k) = βσ̂^2_{e,i}(k − 1) + (1 − β)q^2(e_{i,D} (k))e^2_{i,D} (k)

σ̂^2_{u,i} (k) = βσ̂^2_{u,i} (k − 1) + (1 − β)u^2_i (kN)

r̂_i(k) = βr̂_i(k − 1) + (1 − β)q(e_{i,D} (k))u_i (k)e_{i,D} (k)

σ̂^2_{ν,i}(k) = σ̂^2_{e,i} (k) − ||r̂_i(k)||^2 σ̂^2_{u,i} (k) + ϵ_2

σ̂^2_{ν,i}(k) = { σ̂^2_{ν,i} (k − 1), if σ̂^2_{ν,i}(k) < 0

σ̂^2_{ν,i} (k), otherwise g_i(k) =^{Φ̄(k−1)ui (k)} uTi (k)Φ̄(k−1)ui (k)+uTi (k)Ĉw (k−1)ui (k)+σ̂2ν,i △_i(k) = q(e_{i,D} (k))g_i (k)e_{i,D} (k) m_i(k) = [ 2q(e_{i,D} (k)) − q^2 (e_{i,D} (k)) ] g_i(k)u^T_i (k) End w(k) = w(k − 1) +^{N −1} ∑ i=0 △_i(k) σ̂^2_{wm} (k) = γσ̂^2_{wm}(k − 1) + (1 − γ)[w_m(k) − w_m(k − 1)]^2 σ̂^2_{w·avg} (k) = ||w(k) − w(k − 1)||^2/M σ̂^2_{wm} (k) = max { σ̂^2_{wm}(k), σ̂^2_{w·avg} (k) } , m = 1, 2, ..., M Ĉ_w (k) = diag{σ̂^2_{w1} (k), σ̂^2_{w2} (k), ..., σ̂^2_{wM} (k)}

Φ̄(k) = Φ̄(k − 1) −^{N −1}∑ i=0 m_i(k)Φ̄(k − 1) + Ĉ_w (k)

Setting the diagonal-off elements of Φ̄(k) to be zero. End

A. Generality of Algorithm

As shown in Table I, we present a general framework for the robust SAF with the scaling parameter q(e_{i,D} (k)). Namely, by taking advantage of a different robust cost function φ(e_{i,D} (k)), we can straightforwardly compute q(e_{i,D}(k)) by (8) to arrive at a different robust GR-SAF algorithm. For example, based on the MCC strategy [136], [137], [138], the corresponding cost function is defined as φ(e_{i,D} (k)) = 1 √ 2πβ [ 1 − exp ( −^{e2i,D (k)}_{2κ2σ} )] , which leads to

q(e_{i,D}(k)) = exp ( − e^2_{i,D}(k) 2κ^2_σ ) , (30)

where κ_σ > 0 is the kernel width. Similar to the aforementioned modified Huber criterion, when impulsive noise occurs, q(e_{i,D}(k)) resulted from the MCC criterion will be approaching 0 so that the MCC-based GR-SAF algorithm has good robustness against impulsive noise. Note that, the MCCbased SAF (MCC-SAF) algorithm was developed in [139], but it required a trade-off between fast convergence and low steady-state error.

On the other hand, it is necessary to mention that the proposed GR-SAF algorithm also reduces to the general robust LMS (GR-LMS) algorithm when the number of subbands is one. The GR-LMS algorithm can also improves the existing robust LMS algorithms with specified robust criteria. However, their common problem is slow convergence for highly colored input signals, thus we do not discuss them in this paper.

In the following two subsections, we assume that the unknown system is time-invariant, i.e., c(k) = 0, to facilitate analysis.

B. Stability of Algorithm

Evidently, (22) describes the evolution behavior of the covariance matrix of the weight-error vector for the proposed algorithm. Thus, by taking the traces of all the terms in (22), the MSD recursion of the algorithm can be obtained:

MSD(k) = MSD(k − 1) − N−1∑ i=0 ρ_i(k)u^T_i (k)Φ̄(k − 1)g_i(k),

(31) which further yields

MSD(k) − MSD(k − 1)^{(20)}= − N−1∑ i=0 ρ_i(k)u^T_i (k)Φ̄^2(k − 1)u_i(k) u^T_i (k)Φ̄(k − 1)u_i(k) + σ^2_{ν,i} . (32)

Recalling that Φ̄(k) is a diagonal matrix with positive entries, denoted as Φ̄(k) = diag{σ^2_{Φ1} (k), σ^2_{Φ2} (k), ..., σ^2_{ΦM} (k)} with σ^2_{Φm} (k) > 0, m = 1, 2, ..., M, thus (32) becomes

MSD(k) − MSD(k − 1) = − N−1∑ i=0 ρ_i(k) ∑_M m=1 u^2_i (kN − m + 1)σ^4_{Φm} (k) ∑_M m=1 u^2_i (kN − m + 1)σ^2_{Φm} (k) + σ^2_{ν,i} . (33) Moreover, there is ρ_i(k) > 0 due to 0 < q(e_{i,D}(k)) < 1. It follows that the right side of (33) is always less than 0 so that MSD(k) − MSD(k − 1) < 0, which ensures the convergence of the GR-SAF algorithm.

C. Convergence of Algorithm

It is further assumed that all the diagonal entries of Φ̄(k) are equal, namely, Φ̄(k) = σ^2_Φ(k)I_M . Following this, both (20) and (22) are simplified respectively as

g_i(k) = u_i(k) ||u_i(k)||^2 +^{σ2ν,i}_{σ2Φ (k−1)} , (34) and σ^2_Φ(k) = σ^2_Φ(k − 1) − N−1∑ i=0 ρ_i(k) σ^2_{u,i}(k)σ^2_Φ(k − 1) ||u_i(k)||^2 +^{σ2ν,i}_{σ2Φ(k−1)} . (35) By plugging (34) into (7), then the weight update is formulated as w(k) = w(k − 1) + N−1∑ i=0 q(e_{i,D} (k))u_i(k)e_{i,D}(k) ||u_i(k)||^2 +^{σ2ν,i}_{σ2Φ (k−1)} . (36)

At a glance, in addition to having robustness against impulsive noise owing to the scaling parameter q(e_{i,D} (k)), (36) behaves like an NSAF algorithm with the variable regularization parameter δ(k) =^{σ2ν,i}_{σ2Φ (k−1)} . Indeed, it is. Thanks to the convergence of the proposed algorithm in Remark 2, σ^2_Φ(k) is large at the starting stage so that δ(k) is small, thereby speeding up the convergence. As the algorithm converges, σ^2_Φ(k) will gradually become very small; as such, δ(k) will becomes very large, finally achieving low steady-state estimation error.

D. Complexity of Algorithm

Without considering the computation of the scaling parameters q(e_{i,D} (k)) and the subband noise variances σ^2_{ν,i}, and recalling the diagonal simplification of Φ̄(k) in the previous practical consideration 1), the proposed GR-SAF algorithm requires 5MN + 5M + 2N^2 + 4N + 1 multiplications, MN divisions, and 4MN +4M +2N^2+N −1 additions per each iteration in the decimated sequences. As per each fullband input sample, this amount reduces to 5M +(5M +1)/N +2N +4+1 multiplications, M divisions, and 4M +(4M −1)/N +2N +1 additions. In addition, the proposed algorithm has inherent computational complexity for partitioning both signals u(n) and d(n), which requires 2(J − 1)N additions and 2JN multiplications. Even so, the SAF is widely used in high-order applications such as the EC, thus M would be much larger than the product JN; accordingly, the proposed algorithm still retain low computational complexity of O(M).

On the other hand, the data memory usage for the proposed GR-SAF algorithm when implementing it in embedded systems with limited memory, is (5N + 6)M + (2J + 8)N + 5 in units of B-bit words. This amount is higher than that of the NSAF algorithm with (N +2)M +(2J +3)N +3, but is much less than that of the RLS algorithm with 2M^2 + 4M + 5 [2].

V. SIMULATION RESULTS In this section, the proposed GR-SAF algorithm is evaluated in various examples. The length of the unknown system is assumed known and we set the length of the adaptive filters as the same of the unknown system. For the analysis filters {H_i(z)}^{N−1}_{i=0} , we employ the cosine-modulated filter bank, and the coefficients of their impulse responses are expressed as h_i(l) = 2p(l) cos [ (2i + 1)(2l − (L − 1))π 4N + (−1)^i π 4 ] , where p(l), l = 0, 1, ..., J − 1 are the coefficients of the prototype filter. Herein, the lengths of the prototype filter for N = 2, 4, and 8 subbands are J = 17, 33, and 65, respectively, to obtain 60 dB stopband attenuation. The high stopband attenuation ensures almost no overlap between adjacent analysis filters as well as negligible cross-correlation between nonadjacent subbands. In our simulations, the unknown vectors w^o are the impulse responses of network echo channels shown in Fig. 2, i.e., channel-1 and channel-4 from the ITU-T G.168 standard [140] which are sparse and dispersive (non-sparse) respectively, with M = 128 taps, unless otherwise specified. All the results are the average of 50 independent runs, except for the speech input scenario (single run).

A. Scenario 1: System Identification

The input signal u(n) is generated from the first-order autoregressive (AR) system with a pole at 0.95, which has high correlation with the eigenvalue spread of χ = 1337 as compared to the white input signal of χ = 1. The additive noise ν(n) is a contaminated-Gaussian process that consists of the Gaussian noise ν_g(n) and the impulsive noise ν_{im}(n), i.e., ν(n) = ν_g (n) + ν_{im}(n). The variance σ^2_g of the zeromean Gaussian noise ν_g(n) is given by the signal-to-noise ratio (SNR) defined as 10 log 10(σ^2_{d̄}/σ^2_g ), where σ^2_{d̄} = E{(u^T_nw^o)^2} is the power of the system’s output signal. The impulsive noise is generated by the model ν_{im}(n) = b(n)η(n), where b(n) is a Bernoulli random process with the probabilities of 1 and 0 being p_r and 1 − p_r respectively, and η(n) follows from the white Gaussian distribution with zero-mean and variance σ^2_η = 1000σ^2_{d̄}. Obviously, p_r also represents the probability of appearing impulsive noise samples, and generally its value is small like p_r = 0.001. The MSD is used as the performance measure.

Fig. 2. Impulse responses of network echo channels: (a) dispersive channel, (b) sparse channel.

Fig. 3 depicts the performance of the GR-SAF algorithm using N = 2, 4, and 8. The M-estimate’s parameters are set to τ = 2 and N_w = 20. The GR-SAF’s parameters are chosen as ϵ_1 = 1, ϵ_2 = 10^{−5}, γ = 0.95 and ϱ = 2. Clearly, by increasing N, the GR-SAF algorithm has better convergence, because larger N lets the decimated subband inputs {u_i(k)}^N_{i=0} be closer to white. Naturally, this property of increasing N will not be obvious after it is larger than a certain value such as 4 here, since at this moment the decimated subband inputs have been sufficiently whitened. As one can also see from Fig. 3, the GR-SAF algorithm using the diagonal approximation of Φ̄(k) retains comparable performance with that using the full update of Φ̄(k) given in (22).

In Figs. 4 and 5, we examine the performance of NSAF, VP-S-IWF-SSAF [128], and four M-estimate based algorithms including M-NSAF [129], VSS-M-NSAF [129], recursive least M-estimate (RLM) [141], and proposed GR-SAF. To fairly compare them, the parameters of the subband-based algorithms are chosen according to the fact that they arrive at the almost same steady-state result or convergence rate. These M-estimate based algorithms use the MH function shown in (5) whose parameters are the same as in Fig. 3. Other parameters of

Fig. 3. MSD curves of the GR-SAF algorithm for different N.

some algorithms are as follows^2: μ_{min} = 10^{−5}, χ = 1, τ = 1, and ξ = 0.01 for VP-S-IWF-SSAF; ϵ_1 = 10^{−6} and θ_χ = 5 for VSS-M-NSAF; P (0) = (1/0.05)I_M for RLM. As can be seen, the NSAF algorithm performs poorly in impulsive noise, while other algorithms behave with good robustness due to the suppression of the large magnitude influence of impulsive samples. As compared to the M-NSAF algorithm with the fixed step-size, both VSS-M-NSAF and GR-SAF algorithms obtain fast convergence and low steady-state MSD. It should be stressed that the VSS-M-NSAF algorithm employ the time-varying step-size scheme, while the GR-SAF is like a variable regularization M-NSAF algorithm as stated in Remark 3 and achieves better performance than the former. The VP-S-IWF-SSAF algorithm exhibits better performance for identifying a sparse channel than a dispersive channel, owing to this fact that it takes advantage of the sparsity of the underlying systems. Among these algorithms, the convergence of the RLM algorithm with λ = 1 is the best, because it has stronger decorrelation ability on input signals than the subband decomposition. However, the complexity of the RLM algorithm with the level of O(M^2) is much higher than that of the GR-SAF algorithm with the level of O(M), especially for large M. In a nutshell, the proposed GR-SAF algorithm can approximate the RLM performance with λ = 1 well, but with lower complexity. Furthermore, the RLM with λ = 1 loses the re-convergence (or tracking) ability after the target vector shows a sudden change; conversely, using smaller λ = 0.996 improves the tracking ability of the RLM algorithm, but also brings about large steady-state MSD.

In Fig. 6, we investigate the performance of the GR-SAF update using different scaling factors q(e_{i,D}(k)) from the M-estimate (Eq. (8)) and MCC (Eq. (30)) criteria, respectively. Clearly, when using the MCC criteria, the proposed GR-SAF framework significantly improves the MCC-SAF’s performance [139] in terms of convergence rate and steadystate error. It means that the GR-SAF update has good performance, in this case whose performance depends only on the scaling factor q(e_{i,D} (k)) stemming from some specified robust

2For the compared algorithms, we use the same notations of parameters in references.

(a)

(b) Fig. 4. MSD curves of RLM and various subband algorithms with N = 4. (a) SNR=30 dB, (b) SNR=25 dB.

criteria. For the MCC example, the kernel width κ_σ controls the trade-off between the robust and convergence levels of the GR-SAF update. However, discussing the effects of different q(e_{i,D}(k)) is not the focus of this paper and in the sequel we only display the results of the GR-SAF algorithm based on the M-estimate.

B. Scenario 2: Network Echo Cancellation

Echo canceler is vital for hands-free speech communication and teleconferencing systems. Fig. 7 shows the general structure of adaptive echo cancellation, which covers the network echo cancellation [3], [4] and acoustic echo cancellation scenarios [142], [107]. In this scenario, the speech input signal u(n) from the far-end talker’s is convoluted with the echo channel and the resulting signal d̄(n) is the annoying echo, where the network echo channel is due to mixed packetswitched and circuit-switched components (e.g., Fig. 2), while the acoustic echo channel is due to the coupling between the loudspeaker and microphone (e.g., Fig. 13). Using the same input signal, the echo canceler first identifies the echo channel w^o with the adaptive filter w(n), and the corresponding output signal y(n) is the replica of the echo. Then, by subtracting y(n) from the desired signal d(n) that could consists of the echo d̄(n), the near-end speech z(n), and the additive noise ν(n), the echo will be eliminated to improve the call quality.

(a)

(b) Fig. 5. MSD curves of RLM and various subband algorithms with N = 8. (a) SNR=30 dB, (b) SNR=25 dB.

Compared with system identification, the main difference in echo cancellation is using the realistic speeches as the input. In this subsection, the network echo cancellation is considered, where the employed far-end and near-end speeches are shown in Fig. 8.

Case 1: there is no near-end speech, i.e., z(n) = 0. Figs. 9 and 10 show the MSD performance of the above algorithms in the Gaussian and the α-stable noise scenarios respectively. The characteristic function describing the symmetric α-stable distribution [104] is ϕ(t) = exp(−ϑ|t|^α), where the characteristic exponent α ∈ (0, 2] determines the impulsiveness of the noise (for lower values of α, the noise has more impulsive behavior), and ϑ > 0 represents the dispersion degree of the noise. Note that it will reduce to the Gaussian noise when α = 2. To avoid the division by zero in the weight update during the silent period of speech signals, we add a regularization parameter δ = 20σ^2_{u,i}/N for NSAF, M-NSAF, and VSS-M-NSAF algorithms and δ = √ 20σ^2_{u,i} for VP-S- IWF-SSAF algorithm. As one can see, the results with the speech input are similar to those with the AR input, that is, the proposed GR-SAF algorithm is not only insensitive to the impulsive noise (e.g., the α-stable noise) but also superior to the other counterparts in terms of convergence rate and steadystate error.

Case 2: double-talk case that has the near-end voiced speech

(a)

(b) Fig. 6. MSD performance of M-estimate and MCC based GR-SAF algorithms. (a) p_r = 0.001, (b) p_r = 0.005. [N = 4, SNR=30 dB].

Fig. 7. Structure of an adaptive echo canceler.

in the Gaussian noise^3. Unlike the random impulsive noises in the previous figures, the near-end voiced speech would be the long-lasting bursts of impulses. In this situation, robust NSAF algorithms (including the proposed algorithm) could not be valid since they are commonly designed to suppress random realizations of impulsive noises. To inhibit the divergence of

3We do not show the near-end unvoiced speech as it behaves like the Gaussian in Case 1.

Fig. 8. Speech signals.

Fig. 9. MSD curves of various subband algorithms in the Gaussian noise. [N = 4, SNR=30 dB]. Parameters of some algorithms are reset as follows: χ = 3 (VP-S-IWF-SSAF); γ = 0.99 and ϱ = 3 (GR-SAF).

the echo canceler during double-talk, equipping the doubletalk detector (DTD) is a standard procedure, where the wellknown Geigel DTD [143] has been in commercial use for many years. No matter when the double-talk is detected, the adaptation of the filter weights will be inhibited. Nevertheless, detection errors for the DTD would occur, and these result in large amounts of divergence of the non-robust algorithms (e.g., NSAF) even if they have equipped the DTD. A proven way for dealing with the double-talk is that uses the combination of robust algorithms and the DTD [144], [145]. In other words, robust algorithms can remedy the false of DTD resulting from undetected near-end voiced speech samples.

For detecting the double-talk, the Geigel DTD is described as [143]: d(kN) ≥ T_c max(|u(kN)|, |u(kN − 1)|, ... |u(kN − M + 1)|), (37)

where 0 < T_c < 1 is a detector threshold. Once (37) holds, the double-talk will be declared and meanwhile the adaptive filter will stop updating during the hangover period of T_{hold}. Similar to [129], we also revise the median vector a_{e,i} in the M-estimator as a_{e,i}(k) = [r_i(k), r_i(k −

Fig. 10. MSD curves of various subband algorithms in the α-stable noise. [N = 4, α = 1.6 and ϑ = 1/30].

1), ..., r_i(k − N_w + 1)], i = 0, ..., N − 1, where r_i(k) = 0 when the double-talk is detected and during the period of T_{hold}, otherwise r_i(k) = e^2_{i,D}(k). In addition to the MSD performance, the echo return loss enhancement (ERLE) is another performance measure, defined by ERLE(n) = 10 log_{10}(avg{d^2(n)}/avg{e^2(n)}) [146], where avg(·) is a smooth operator having the form avg{d^2(n)} = 0.999avg{d^2(n)} + 0.001d^2(n) with avg{d^2(0)} = 0. In Figs. 11 and 12, we compare the MSD and ERLE behaviors of the algorithms in a double-talk scenario, respectively. As can be seen from, under using the same step-size and the parameters of Geigel DTD, the M-NSAF algorithm is more robust to double-talk than the NSAF algorithm, due to the fact that the former has the capability of distinguishing outliers. Moreover, among these improvements of M-NSAF algorithm, the proposed GR-SAF algorithm achieves faster convergence and smaller steady-state MSD or higher steady-state ERLE as compared to the VSS-M-NSAF algorithm.

Fig. 11. MSD curves of various subband algorithms in a double-talk scenario. [N = 4, SNR=35 dB]. In the double-talk, the M-estimate’s parameters are readjusted as N_w = 40 and θ = 0.9995. When using the Geigel DTD, we set T_c = 0.45 and T_{hold} = 256 in both NSAF and M-NSAF, and T_c = 0.45 and T_{hold} = 40 in both VSS-M-NSAF and GR-SAF.

Fig. 12. ERLE curves of various subband algorithms in a double-talk scenario. [N = 4, SNR=35 dB].

C. Scenario 3: Acoustic Echo Cancellation

In this subsection, we examine the proposed GR-SAF algorithm in acoustic echo cancellation scenarios. The impulse responses of acoustic echo channels truncated to 512 taps are plotted in Fig. 13. As one can see, due to the time delay difference among the reflections, the channel (b) is more sparser than the channel (a). It is well known that this difference depends on the characteristics of acoustic environments, for example, in either an indoor environment or an outdoor environment, temperature, pressure, and the volume of the enclosed space. Fig. 14 shows the MSD curves of the algorithms using an AR input. It is clear to see that the sparseness of acoustic echo channels does not affect the performance of the GR-SAF algorithm, and with working better than the existing algorithms in the α-stable noise.

Fig. 13. Impulse responses of acoustic echo channels: (a) dispersive channel from [116], (b) sparse channel [128].

On the other hand, a measured acoustic impulse response in a 6m × 6m × 2.4m room (the speech and acoustic lab of the Faculty of Engineering at BarIlan University (BIU)) is also considered [147], with the reverberation time 160 ms. It is truncated to 2048 taps and shown in 15. In Figs. 16 and 17, we evaluate the performance of the algorithms for the AR input

Fig. 14. MSD curves of various subband algorithms in the α-stable noise (with α = 1.6 and ϑ = 1/30). [N = 4]. The M-estimate’s parameters are set to τ = 2 and N_w = 30. We set other parameters of algorithms as follows: ϵ_1 = 10^{−6} and θ_χ = 5 for VSS-M-NSAF; γ = 0.99 and ϱ = 3 for GR-SAF.

and the speech input, respectively, where the acoustic impulse response is changed by multiplying −1 at the middle of input samples. It is seen from that the proposed GR-SAF algorithm still have better performance than its competitors.

Fig. 15. A measured acoustic impulse response.

VI. CONCLUSION

Based on the random-walk model with individual coefficient uncertainty, we minimize the MSD behavior to develop the GR-SAF algorithm’s framework with robustness against impulsive noise. Accordingly, by designing different scaling factors such as from the M-estimate and maximum correntropy robust criteria, the GR-SAF algorithm can be obtained easily. On the other hand, the proposed GR-SAF algorithm can be simplified to be a robust NSAF algorithm, but with the time-varying regularization parameter, thus providing better performance in both convergence and steady-state behaviors. Simulation results in various scenarios have demonstrated the effectiveness of the proposed GR-SAF algorithm.

Fig. 16. MSD curves of various subband algorithms in the α-stable noise (with α = 1.6 and ϑ = 1/50) using an AR input. [N = 4]. The M-estimate’s parameters are set to τ = 2 and N_w = 30. We set other parameters of algorithms as follows: ϵ_1 = 10^{−6} and θ_χ = 5 for VSS-M-NSAF; γ = 0.99 and ϱ = 2 for GR-SAF.

Fig. 17. MSD curves of various subband algorithms in the α-stable noise (with α = 1.6 and ϑ = 1/50) using a speech input. [N = 4]. Parameters of algorithms are chosen to be the same as Fig. 16.

REFERENCES

[1] A. H. Sayed, Fundamentals of adaptive filtering. John Wiley & Sons, 2003.

[2] K.-A. Lee, W.-S. Gan, and S. M. Kuo, Subband adaptive filtering:

theory and implementation. John Wiley & Sons, 2009. [3] C. Paleologu, S. Ciochina, and J. Benesty, “An efficient proportionate affine projection algorithm for echo cancellation,” IEEE Signal Processing Letters, vol. 17, no. 2, pp. 165–168, 2010.

[4] Z. Yang, Y. R. Zheng, and S. L. Grant, “Proportionate affine projection sign algorithms for network echo cancellation,” IEEE Transactions on Audio, Speech, and Language Processing, vol. 19, no. 8, pp. 2273– 2284, 2011.

[5] S. Pradhan, V. Patel, K. Patel, J. Maheshwari, and N. V. George, “Acoustic feedback cancellation in digital hearing aids: A sparse adaptive filtering approach,” Applied Acoustics, vol. 122, pp. 138–145, 2017.

[6] K.-L. Yin, Y.-F. Pu, and L. Lu, “Robust Q-gradient subband adaptive filter for nonlinear active noise control,” IEEE/ACM Transactions on Audio, Speech, and Language Processing, vol. 29, pp. 2741–2752, 2021.

[7] R. C. de Lamare and R. Sampaio-Neto, “Adaptive reduced-rank processing based on joint and iterative interpolation, decimation, and filtering,” IEEE Transactions on Signal Processing, vol. 57, no. 7, pp. 2503–2514, 2009.

[8] R. C. de Lamare and R. Sampaio-Neto, “Minimum mean-squared error iterative successive parallel arbitrated decision feedback detectors for ds-cdma systems,” IEEE Transactions on Communications, vol. 56, no. 5, pp. 778–789, 2008.

[9] R. de Lamare and R. Sampaio-Neto, “Adaptive reduced-rank mmse filtering with interpolated fir filters and adaptive interpolators,” IEEE Signal Processing Letters, vol. 12, no. 3, pp. 177–180, 2005.

[10] R. C. de Lamare, “Adaptive and iterative multi-branch mmse decision feedback detection algorithms for multi-antenna systems,” IEEE Transactions on Wireless Communications, vol. 12, no. 10, pp. 5294–5308, 2013.

[11] R. C. de Lamare and R. Sampaio-Neto, “Reduced-rank adaptive filtering based on joint iterative optimization of adaptive filters,” IEEE Signal Processing Letters, vol. 14, no. 12, pp. 980–983, 2007.

[12] R. C. de Lamare and R. Sampaio-Neto, “Reduced-rank space-time adaptive interference suppression with joint iterative least squares algorithms for spread-spectrum systems,” IEEE Transactions on Vehicular Technology, vol. 59, no. 3, pp. 1217–1228, 2010.

[13] R. C. de Lamare and R. Sampaio-Neto, “Adaptive reduced-rank equalization algorithms based on alternating optimization design techniques for mimo systems,” IEEE Transactions on Vehicular Technology, vol. 60, no. 6, pp. 2482–2494, 2011.

[14] 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. 4182–4194, 2010.

[15] 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 Transactions on Signal Processing, vol. 56, no. 6, pp. 2470–2482, 2008.

[16] P. Clarke and R. C. de Lamare, “Transmit diversity and relay selection algorithms for multirelay cooperative mimo systems,” IEEE Transactions on Vehicular Technology, vol. 61, no. 3, pp. 1084–1098, 2012.

[17] P. Li and R. C. De Lamare, “Adaptive decision-feedback detection with constellation constraints for mimo systems,” IEEE Transactions on Vehicular Technology, vol. 61, no. 2, pp. 853–859, 2012.

[18] Z. Yang, R. C. de Lamare, and X. Li, “¡formula formulatype=”inline”¿¡tex notation=”tex”¿l_1 ¡/tex¿ ¡/formula¿-regularized stap algorithms with a generalized sidelobe canceler architecture for airborne radar,” IEEE Transactions on Signal Processing, vol. 60, no. 2, pp. 674–686, 2012.

[19] R. de Lamare and R. Sampaio-Neto, “Adaptive mber decision feedback multiuser receivers in frequency selective fading channels,” IEEE Communications Letters, vol. 7, no. 2, pp. 73–75, 2003.

[20] R. de Lamare, L. Wang, and R. Fa, “Adaptive reducedrank lcmv beamforming algorithms based on joint iterative optimization of filters: Design and analysis,” Signal Processing, vol. 90, no. 2, pp. 640–652, 2010. [Online]. Available: https://www.sciencedirect.com/science/article/pii/S0165168409003466 [21] H. Ruan and R. C. de Lamare, “Robust adaptive beamforming using a low-complexity shrinkage-based mismatch estimation algorithm,” IEEE Signal Processing Letters, vol. 21, no. 1, pp. 60–64, 2014.

[22] R. C. de Lamare and P. S. R. Diniz, “Set-membership adaptive algorithms based on time-varying error bounds for cdma interference suppression,” IEEE Transactions on Vehicular Technology, vol. 58, no. 2, pp. 644–654, 2009.

[23] R. de Lamare and R. Sampaio-Neto, “Blind adaptive code-constrained constant modulus algorithms for cdma interference suppression in multipath channels,” IEEE Communications Letters, vol. 9, no. 4, pp. 334–336, 2005.

[24] S. Xu, R. C. de Lamare, and H. V. Poor, “Distributed compressed estimation based on compressive sensing,” IEEE Signal Processing Letters, vol. 22, no. 9, pp. 1311–1315, 2015.

[25] R. C. De Lamare, R. Sampaio-Neto, and A. Hjorungnes, “Joint iterative interference cancellation and parameter estimation for cdma systems,” IEEE Communications Letters, vol. 11, no. 12, pp. 916–918, 2007.

[26] R. Fa and R. C. De Lamare, “Reduced-rank stap algorithms using joint iterative optimization of filters,” IEEE Transactions on Aerospace and Electronic Systems, vol. 47, no. 3, pp. 1668–1684, 2011.

[27] R. C. de Lamare and R. Sampaio-Neto, “Adaptive interference suppression for ds-cdma systems based on interpolated fir filters with adaptive interpolators in multipath channels,” IEEE Transactions on Vehicular Technology, vol. 56, no. 5, pp. 2457–2474, 2007.

[28] 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, 2010.

[29] R. de Lamare and R. Sampaio-Neto, “Low-complexity variable stepsize mechanisms for stochastic gradient algorithms in minimum variance cdma receivers,” IEEE Transactions on Signal Processing, vol. 54, no. 6, pp. 2302–2317, 2006.

[30] A. G. D. Uchoa, C. T. Healy, and R. C. de Lamare, “Iterative detection and decoding algorithms for mimo systems in block-fading channels using ldpc codes,” IEEE Transactions on Vehicular Technology, vol. 65, no. 4, pp. 2735–2741, 2016.

[31] R. Fa, “Multi-branch successive interference cancellation for mimo spatial multiplexing systems: design, analysis and adaptive implementation,” IET Communications, vol. 5, pp. 484–494(10), March 2011. [Online]. Available: https://digital-library.theiet.org/content/journals/10.1049/iet-com.2009.0843 [32] N. Song, R. C. de Lamare, M. Haardt, and M. Wolf, “Adaptive widely linear reduced-rank interference suppression based on the multistage wiener filter,” IEEE Transactions on Signal Processing, vol. 60, no. 8, pp. 4003–4016, 2012.

[33] L. T. N. Landau and R. C. de Lamare, “Branch-and-bound precoding for multiuser mimo systems with 1-bit quantization,” IEEE Wireless Communications Letters, vol. 6, no. 6, pp. 770–773, 2017.

[34] H. Ruan and R. C. de Lamare, “Robust adaptive beamforming based on low-rank and cross-correlation techniques,” IEEE Transactions on Signal Processing, vol. 64, no. 15, pp. 3919–3932, 2016.

[35] S. D. Somasundaram, N. H. Parsons, P. Li, and R. C. de Lamare, “Reduced-dimension robust capon beamforming using krylov-subspace techniques,” IEEE Transactions on Aerospace and Electronic Systems, vol. 51, no. 1, pp. 270–289, 2015.

[36] T. Wang, R. C. de Lamare, and P. D. Mitchell, “Low-complexity set-membership channel estimation for cooperative wireless sensor networks,” IEEE Transactions on Vehicular Technology, vol. 60, no. 6, pp. 2594–2607, 2011.

[37] T. Peng, R. C. de Lamare, and A. Schmeink, “Adaptive distributed space-time coding based on adjustable code matrices for cooperative mimo relaying systems,” IEEE Transactions on Communications, vol. 61, no. 7, pp. 2692–2703, 2013.

[38] N. Song, W. U. Alokozai, R. C. de Lamare, and M. Haardt, “Adaptive widely linear reduced-rank beamforming based on joint iterative optimization,” IEEE Signal Processing Letters, vol. 21, no. 3, pp. 265–269, 2014.

[39] R. Meng, R. C. de Lamare, and V. H. Nascimento, “Sparsity-aware affine projection adaptive algorithms for system identification,” in Sensor Signal Processing for Defence (SSPD 2011), 2011, pp. 1–5.

[40] J. Liu and R. C. de Lamare, “Low-latency reweighted belief propagation decoding for ldpc codes,” IEEE Communications Letters, vol. 16, no. 10, pp. 1660–1663, 2012.

[41] R. C. de Lamare and R. Sampaio-Neto, “Sparsity-aware adaptive algorithms based on alternating optimization and shrinkage,” IEEE Signal Processing Letters, vol. 21, no. 2, pp. 225–229, 2014.

[42] L. Wang, “Constrained adaptive filtering algorithms based on conjugate gradient techniques for beamforming,” IET Signal Processing, vol. 4, pp. 686–697(11), December 2010. [Online]. Available: https://digital-library.theiet.org/content/journals/10.1049/iet-spr.2009.0243 [43] Y. Cai, R. C. d. Lamare, and R. Fa, “Switched interleaving techniques with limited feedback for interference mitigation in ds-cdma systems,” IEEE Transactions on Communications, vol. 59, no. 7, pp. 1946–1956, 2011.

[44] Y. Cai and R. C. de Lamare, “Space-time adaptive mmse multiuser decision feedback detectors with multiple-feedback interference cancellation for cdma systems,” IEEE Transactions on Vehicular Technology, vol. 58, no. 8, pp. 4129–4140, 2009.

[45] Z. Shao, R. C. de Lamare, and L. T. N. Landau, “Iterative detection and decoding for large-scale multiple-antenna systems with 1-bit adcs,” IEEE Wireless Communications Letters, vol. 7, no. 3, pp. 476–479, 2018.

[46] R. de Lamare, “Joint iterative power allocation and linear interference suppression algorithms for cooperative ds-cdma networks,” IET Communications, vol. 6, pp. 1930–1942(12), September 2012. [Online]. Available: https://digital-library.theiet.org/content/journals/10.1049/iet-com.2011.0508 [47] P. Li and R. C. de Lamare, “Distributed iterative detection with reduced message passing for networked mimo cellular systems,” IEEE Transactions on Vehicular Technology, vol. 63, no. 6, pp. 2947–2954, 2014.

[48] Y. Cai, R. C. de Lamare, B. Champagne, B. Qin, and M. Zhao, “Adaptive reduced-rank receive processing based on minimum symbolerror-rate criterion for large-scale multiple-antenna systems,” IEEE Transactions on Communications, vol. 63, no. 11, pp. 4185–4201, 2015.

[49] C. T. Healy and R. C. de Lamare, “Design of ldpc codes based on multipath emd strategies for progressive edge growth,” IEEE Transactions on Communications, vol. 64, no. 8, pp. 3208–3219, 2016.

[50] L. Wang, R. C. de Lamare, and M. Haardt, “Direction finding algorithms based on joint iterative subspace optimization,” IEEE Transactions on Aerospace and Electronic Systems, vol. 50, no. 4, pp. 2541– 2553, 2014.

[51] J. Gu, R. C. de Lamare, and M. Huemer, “Buffer-aided physicallayer network coding with optimal linear code designs for cooperative networks,” IEEE Transactions on Communications, vol. 66, no. 6, pp. 2560–2575, 2018.

[52] S. Xu, R. C. de Lamare, and H. V. Poor, “Adaptive link selection algorithms for distributed estimation,” EURASIP J. Adv. Signal Process., vol. 86, 2015.

[53] L. Wang, R. C. de Lamare, and Y. Long Cai, “Lowcomplexity adaptive step size constrained constant modulus sg algorithms for adaptive beamforming,” Signal Processing, vol. 89, no. 12, pp. 2503–2513, 2009. [Online]. Available: https://www.sciencedirect.com/science/article/pii/S0165168409001716 [54] L. Qiu, Y. Cai, R. C. de Lamare, and M. Zhao, “Reduced-rank doa estimation algorithms based on alternating low-rank decomposition,” IEEE Signal Processing Letters, vol. 23, no. 5, pp. 565–569, 2016.

[55] M. Yukawa, R. C. de Lamare, and R. Sampaio-Neto, “Efficient acoustic echo cancellation with reduced-rank adaptive filtering based on selective decimation and adaptive interpolation,” IEEE Transactions on Audio, Speech, and Language Processing, vol. 16, no. 4, pp. 696–710, 2008.

[56] S. Xu, “Distributed estimation over sensor networks based on distributed conjugate gradient strategies,” IET Signal Processing, vol. 10, pp. 291–301(10), May 2016. [Online]. Available: https://digital-library.theiet.org/content/journals/10.1049/iet-spr.2015.0384 [57] L. Landau, “Robust adaptive beamforming algorithms using the constrained constant modulus criterion,” IET Signal Processing, vol. 8, pp. 447–457(10), July 2014. [Online]. Available: https://digital-library.theiet.org/content/journals/10.1049/iet-spr.2013.0166 [58] 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.

[59] Y. Cai and R. C. de Lamare, “Adaptive linear minimum ber reducedrank interference suppression algorithms based on joint and iterative optimization of filters,” IEEE Communications Letters, vol. 17, no. 4, pp. 633–636, 2013.

[60] T. G. Miller, S. Xu, R. C. de Lamare, and H. V. Poor, “Distributed spectrum estimation based on alternating mixed discrete-continuous adaptation,” IEEE Signal Processing Letters, vol. 23, no. 4, pp. 551– 555, 2016.

[61] 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 Transactions on Vehicular Technology, vol. 60, no. 9, pp. 4324–4337, 2011.

[62] S. Li, R. C. de Lamare, and R. Fa, “Reduced-rank linear interference suppression for ds-uwb systems based on switched approximations of adaptive basis functions,” IEEE Transactions on Vehicular Technology, vol. 60, no. 2, pp. 485–497, 2011.

[63] F. G. Almeida Neto, R. C. De Lamare, V. H. Nascimento, and Y. V. Zakharov, “Adaptive reweighting homotopy algorithms applied to beamforming,” IEEE Transactions on Aerospace and Electronic Systems, vol. 51, no. 3, pp. 1902–1915, 2015.

[64] W. S. Leite and R. C. De Lamare, “List-based omp and an enhanced model for doa estimation with non-uniform arrays,” IEEE Transactions on Aerospace and Electronic Systems, pp. 1–1, 2021.

[65] T. Wang, R. C. de Lamare, and A. Schmeink, “Joint linear receiver design and power allocation using alternating optimization algorithms for wireless sensor networks,” IEEE Transactions on Vehicular Technology, vol. 61, no. 9, pp. 4129–4141, 2012.

[66] 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 Transactions on Signal Processing, vol. 61, no. 5, pp. 1288–1301, 2013.

[67] Y. Cai and R. C. 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.

[68] Y. Cai, R. C. de Lamare, M. Zhao, and J. Zhong, “Low-complexity variable forgetting factor mechanism for blind adaptive constrained constant modulus algorithms,” IEEE Transactions on Signal Processing, vol. 60, no. 8, pp. 3988–4002, 2012.

[69] M. F. Kaloorazi and R. C. de Lamare, “Subspace-orbit randomized decomposition for low-rank matrix approximations,” IEEE Transactions on Signal Processing, vol. 66, no. 16, pp. 4409–4424, 2018.

[70] R. B. Di Renna and R. C. de Lamare, “Adaptive activity-aware iterative detection for massive machine-type communications,” IEEE Wireless Communications Letters, vol. 8, no. 6, pp. 1631–1634, 2019.

[71] H. Ruan and R. C. de Lamare, “Distributed robust beamforming based on low-rank and cross-correlation techniques: Design and analysis,” IEEE Transactions on Signal Processing, vol. 67, no. 24, pp. 6411– 6423, 2019.

[72] S. F. B. Pinto and R. C. de Lamare, “Multistep knowledge-aided iterative esprit: Design and analysis,” IEEE Transactions on Aerospace and Electronic Systems, vol. 54, no. 5, pp. 2189–2201, 2018.

[73] Y. V. Zakharov, V. H. Nascimento, R. C. De Lamare, and F. G.

De Almeida Neto, “Low-complexity dcd-based sparse recovery algorithms,” IEEE Access, vol. 5, pp. 12 737–12 750, 2017.

[74] [75] S. Li and R. C. de Lamare, “Blind reduced-rank adaptive receivers for ds-uwb systems based on joint iterative optimization and the constrained constant modulus criterion,” IEEE Transactions on Vehicular Technology, vol. 60, no. 6, pp. 2505–2518, 2011.

[76] X. Wu, Y. Cai, M. Zhao, R. C. de Lamare, and B. Champagne, “Adaptive widely linear constrained constant modulus reduced-rank beamforming,” IEEE Transactions on Aerospace and Electronic Systems, vol. 53, no. 1, pp. 477–492, 2017.

[77] Y. Yu, H. He, T. Yang, X. Wang, and R. C. de Lamare, “Diffusion normalized least mean m-estimate algorithms: Design and performance analysis,” IEEE Transactions on Signal Processing, vol. 68, pp. 2199– 2214, 2020.

[78] R. B. Di Renna and R. C. de Lamare, “Iterative list detection and decoding for massive machine-type communications,” IEEE Transactions on Communications, vol. 68, no. 10, pp. 6276–6288, 2020.

[79] L. Wang, “Set-membership constrained conjugate gradient adaptive algorithm for beamforming,” IET Signal Processing, vol. 6, pp. 789–797(8), October 2012. [Online]. Available: https://digital-library.theiet.org/content/journals/10.1049/iet-spr.2011.0324 [80] P. Li, R. C. de Lamare, and R. Fa, “Multiple feedback successive interference cancellation detection for multiuser mimo systems,” IEEE Transactions on Wireless Communications, vol. 10, no. 8, pp. 2434– 2439, 2011.

[81] S. F. B. Pinto and R. C. de Lamare, “Block diagonalization precoding and power allocation for multiple-antenna systems with coarsely quantized signals,” IEEE Transactions on Communications, vol. 69, no. 10, pp. 6793–6807, 2021.

[82] V. M. T. Palhares, A. R. Flores, and R. C. de Lamare, “Robust mmse precoding and power allocation for cell-free massive mimo systems,” IEEE Transactions on Vehicular Technology, vol. 70, no. 5, pp. 5115– 5120, 2021.

[83] A. R. Flores, R. C. De Lamare, and B. Clerckx, “Tomlinson-harashima precoded rate-splitting with stream combiners for mu-mimo systems,” IEEE Transactions on Communications, vol. 69, no. 6, pp. 3833–3845, 2021.

[84] R. B. D. Renna and R. C. de Lamare, “Dynamic message scheduling based on activity-aware residual belief propagation for asynchronous mmtc,” IEEE Wireless Communications Letters, vol. 10, no. 6, pp. 1290–1294, 2021.

[85] Z. Shao, L. T. N. Landau, and R. C. de Lamare, “Dynamic oversampling for 1-bit adcs in large-scale multiple-antenna systems,” IEEE Transactions on Communications, vol. 69, no. 5, pp. 3423–3435, 2021.

[86] A. Danaee, R. C. de Lamare, and V. H. Nascimento, “Energy-efficient distributed learning with coarsely quantized signals,” IEEE Signal Processing Letters, vol. 28, pp. 329–333, 2021.

[87] R. B. Di Renna, C. Bockelmann, R. C. de Lamare, and A. Dekorsy, “Detection techniques for massive machine-type communications: Challenges and solutions,” IEEE Access, vol. 8, pp. 180 928–180 954, 2020.

[88] Z. Shao, L. T. N. Landau, and R. C. De Lamare, “Channel estimation for large-scale multiple-antenna systems using 1-bit adcs and oversampling,” IEEE Access, vol. 8, pp. 85 243–85 256, 2020.

[89] F. L. Duarte and R. C. de Lamare, “Cloud-driven multi-way multipleantenna relay systems: Joint detection, best-user-link selection and analysis,” IEEE Transactions on Communications, vol. 68, no. 6, pp. 3342–3354, 2020.

[90] Y. Yu, H. He, T. Yang, X. Wang, and R. C. de Lamare, “Diffusion normalized least mean m-estimate algorithms: Design and performance analysis,” IEEE Transactions on Signal Processing, vol. 68, pp. 2199– 2214, 2020.

[91] A. R. Flores, R. C. de Lamare, and B. Clerckx, “Linear precoding and stream combining for rate splitting in multiuser mimo systems,” IEEE Communications Letters, vol. 24, no. 4, pp. 890–894, 2020.

[92] X. Wang, Z. Yang, J. Huang, and R. C. de Lamare, “Robust two-stage reduced-dimension sparsity-aware stap for airborne radar with coprime arrays,” IEEE Transactions on Signal Processing, vol. 68, pp. 81–96, 2020.

[93] Y. Yu, H. Zhao, R. C. de Lamare, Y. Zakharov, and L. Lu, “Robust distributed diffusion recursive least squares algorithms with side information for adaptive networks,” IEEE Transactions on Signal Processing, vol. 67, no. 6, pp. 1566–1581, 2019.

[94] P. M. Vieting, R. C. de Lamare, L. Martin, G. Dartmann, and A. Schmeink, “Likelihood-based adaptive learning in stochastic statebased models,” IEEE Signal Processing Letters, vol. 26, no. 7, pp. 1031–1035, 2019.

[95] W. Zhang, R. C. de Lamare, C. Pan, M. Chen, J. Dai, B. Wu, and X. Bao, “Widely linear precoding for large-scale mimo with iqi: Algorithms and performance analysis,” IEEE Transactions on Wireless Communications, vol. 16, no. 5, pp. 3298–3312, 2017.

[96] Y. Cai, R. C. de Lamare, B. Champagne, B. Qin, and M. Zhao, “Adaptive reduced-rank receive processing based on minimum symbolerror-rate criterion for large-scale multiple-antenna systems,” IEEE Transactions on Communications, vol. 63, no. 11, pp. 4185–4201, 2015.

[97] K. Ozeki and T. Umeda, “An adaptive filtering algorithm using an orthogonal projection to an affine subspace and its properties,” Electronics and Communications in Japan (Part I: Communications), vol. 67, no. 5, pp. 19–27, 1984.

[98] Y.-S. Choi, H.-C. Shin, and W.-J. Song, “Adaptive regularization matrix for affine projection algorithm,” IEEE Transactions on Circuits and Systems II: Express Briefs, vol. 54, no. 12, pp. 1087–1091, 2007.

[99] C. Paleologu, J. Benesty, and S. Ciochina, “A robust variable forgetting factor recursive least-squares algorithm for system identification,” IEEE Signal Processing Letters, vol. 15, pp. 597–600, 2008.

[100] F. Yang and J. Yang, “A comparative survey of fast affine projection algorithms,” Digital Signal Processing, vol. 83, pp. 297–322, 2018.

[101] Y. V. Zakharov, G. P. White, and J. Liu, “Low-complexity RLS algorithms using dichotomous coordinate descent iterations,” IEEE Transactions on Signal Processing, vol. 56, no. 7, pp. 3150–3161, 2008.

[102] K.-A. Lee and W.-S. Gan, “Improving convergence of the NLMS algorithm using constrained subband updates,” IEEE signal processing letters, vol. 11, no. 9, pp. 736–739, 2004.

[103] K.-A. Lee and W.-S. Gan, “On delayless architecture for the normalized subband adaptive filter,” in 2007 IEEE International Conference on Multimedia and Expo. IEEE, 2007, pp. 1595–1598.

[104] C. L. Nikias and M. Shao, Signal processing with alpha-stable distributions and applications. Wiley-Interscience, 1995.

[105] M. Zimmermann and K. Dostert, “Analysis and modeling of impulsive noise in broad-band powerline communications,” IEEE transactions on Electromagnetic compatibility, vol. 44, no. 1, pp. 249–258, 2002.

[106] P. G. Georgiou, P. Tsakalides, and C. Kyriakakis, “Alpha-stable modeling of noise and robust time-delay estimation in the presence of impulsive noise,” IEEE transactions on multimedia, vol. 1, no. 3, pp. 291–301, 1999.

[107] Y. Zhou, S. Chan, and K. Ho, “New sequential partial-update least mean M-estimate algorithms for robust adaptive system identification in impulsive noise,” IEEE Transactions on Industrial Electronics, vol. 58, no. 9, pp. 4455–4470, 2011.

[108] F. Huang, J. Zhang, and S. Zhang, “Maximum versoria criterion-based robust adaptive filtering algorithm,” IEEE Transactions on Circuits and Systems II: Express Briefs, vol. 64, no. 10, pp. 1252–1256, 2017.

[109] B. Chen, L. Xing, H. Zhao, N. Zheng, and J. C. Príncipe, “Generalized correntropy for robust adaptive filtering,” IEEE Transactions on Signal Processing, vol. 64, no. 13, pp. 3376–3387, 2016.

[110] S. Al-Sayed, A. M. Zoubir, and A. H. Sayed, “Robust adaptation in impulsive noise,” IEEE Transactions on Signal Processing, vol. 64, no. 11, pp. 2851–2865, 2016.

[111] X. Huang, Y. Li, and F. Albu, “A norm constraint Lorentzian algorithm under alpha-stable measurement noise,” in 2019 Asia-Pacific Signal and Information Processing Association Annual Summit and Conference (APSIPA ASC). IEEE, 2019, pp. 1076–1079.

[112] R. Pogula, T. K. Kumar, and F. Albu, “Robust sparse normalized LMAT algorithms for adaptive system identification under impulsive noise environments,” Circuits, Systems, and Signal Processing, vol. 38, no. 11, pp. 5103–5134, 2019.

[113] P. Rakesh, T. K. Kumar, and F. Albu, “Modified least-mean mixednorm algorithms for adaptive sparse system identification under impulsive noise environment,” in 2019 42nd International Conference on Telecommunications and Signal Processing (TSP). IEEE, 2019, pp. 557–561.

[114] S. Radhika, F. Albu, and A. Chandrasekar, “Proportionate maximum versoria criterion based adaptive algorithm for sparse system identification,” IEEE Transactions on Circuits and Systems II: Express Briefs, 2021.

[115] J. Ni and F. Li, “Variable regularisation parameter sign subband adaptive filter,” Electronics letters, vol. 46, no. 24, pp. 1605–1607, 2010.

[116] Y. Yu and H. Zhao, “Novel sign subband adaptive filter algorithms with individual weighting factors,” Signal Processing, vol. 122, pp. 14–23, 2016.

[117] J. Ni, X. Chen, and J. Yang, “Two variants of the sign subband adaptive filter with improved convergence rate,” Signal Processing, vol. 96, pp. 325–331, 2014.

[118] J. Hur, I. Song, and P. Park, “A variable step-size normalized subband adaptive filter with a step-size scaler against impulsive measurement noise,” IEEE Transactions on Circuits and Systems II: Express Briefs, vol. 64, no. 7, pp. 842–846, 2016.

[119] F. Huang, J. Zhang, and S. Zhang, “Combined-step-size normalized subband adaptive filter with a variable-parametric step-size scaler against impulsive interferences,” IEEE Transactions on Circuits and Systems II: Express Briefs, vol. 65, no. 11, pp. 1803–1807, 2017.

[120] Z. Zheng and H. Zhao, “Affine projection M-estimate subband adaptive filters for robust adaptive filtering in impulsive noise,” Signal Processing, vol. 120, pp. 64–70, 2016.

[121] J. Ni and F. Li, “A variable step-size matrix normalized subband adaptive filter,” IEEE Transactions on Audio, Speech, and Language Processing, vol. 18, no. 6, pp. 1290–1299, 2010.

[122] J. J. Jeong, K. Koo, G. T. Choi, and S. W. Kim, “A variable step size for normalized subband adaptive filters,” IEEE Signal Processing Letters, vol. 19, no. 12, pp. 906–909, 2012.

[123] J. Ni and F. Li, “Normalised subband adaptive filter with new variable regularisation matrix,” Electronics letters, vol. 46, no. 18, pp. 1293– 1295, 2010.

[124] J. Shin, J. Yoo, and P. Park, “Adaptive regularisation for normalised subband adaptive filter: mean-square performance analysis approach,” IET Signal Processing, vol. 12, no. 9, pp. 1146–1153, 2018.

[125] J. Kim, J.-H. Chang, and S. Nam, “Sign subband adaptive filter with l_1-norm minimisation-based variable step-size,” Electronics Letters, vol. 49, no. 21, pp. 1325–1326, 2013.

[126] J. Yoo, J. Shin, and P. Park, “A band-dependent variable step-size sign subband adaptive filter,” Signal Processing, vol. 104, pp. 407– 411, 2014.

[127] J.-H. Kim, J. Kim, J. H. Jeon, and S. W. Nam, “Delayless individualweighting-factors sign subband adaptive filter with band-dependent variable step-sizes,” IEEE/ACM Transactions on Audio, Speech, and Language Processing, vol. 25, no. 7, pp. 1526–1534, 2017.

[128] Y. Yu, T. Yang, H. Chen, R. C. de Lamare, and Y. Li, “Sparsityaware SSAF algorithm with individual weighting factors: Performance analysis and improvements in acoustic echo cancellation,” Signal Processing, vol. 178, p. 107806, 2021.

[129] Y. Yu, H. He, B. Chen, J. Li, Y. Zhang, and L. Lu, “M-estimate based normalized subband adaptive filter algorithm: Performance analysis and improvements,” IEEE/ACM Transactions on Audio, Speech, and Language Processing, vol. 28, pp. 225–239, 2020.

[130] P. S. Diniz and S. Werner, “Set-membership binormalized data-reusing lms algorithms,” IEEE Transactions on Signal Processing, vol. 51, no. 1, pp. 124–134, 2003.

[131] J. J. Jeong, S. H. Kim, G. Koo, and S. W. Kim, “Mean-square deviation analysis of multiband-structured subband adaptive filter algorithm,” IEEE Transactions on Signal Processing, vol. 64, no. 4, pp. 985–994, 2016.

[132] S. Zhang and W. X. Zheng, “Mean-square analysis of multi-sampled multiband-structured subband filtering algorithm,” IEEE Transactions on Circuits and Systems I: Regular Papers, vol. 66, no. 3, pp. 1051– 1062, 2019.

[133] W. Yin and A. S. Mehr, “Stochastic analysis of the normalized subband adaptive filter algorithm,” IEEE Transactions on Circuits and Systems I: Regular Papers, vol. 58, no. 5, pp. 1020–1033, 2011.

[134] S. Ardalan and S. Alexander, “Fixed-point roundoff error analysis of the exponentially windowed RLS algorithm for time-varying systems,” IEEE Transactions on Acoustics, Speech, and Signal Processing, vol. 35, no. 6, pp. 770–783, 1987.

[135] F. Hsu, “Square root Kalman filtering for high-speed data received over fading dispersive HF channels,” IEEE transactions on information theory, vol. 28, no. 5, pp. 753–763, 1982.

[136] B. Chen, X. Wang, N. Lu, S. Wang, J. Cao, and J. Qin, “Mixture correntropy for robust learning,” Pattern Recognition, vol. 79, pp. 318– 327, 2018.

[137] B. Chen, L. Xing, B. Xu, H. Zhao, N. Zheng, and J. C. Príncipe, “Kernel risk-sensitive loss: definition, properties and application to robust adaptive filtering,” IEEE Transactions on Signal Processing, vol. 65, no. 11, pp. 2888–2901, 2017.

[138] B. Chen, L. Xing, J. Liang, N. Zheng, and J. C. Principe, “Steady-state mean-square error analysis for adaptive filtering under the maximum correntropy criterion,” IEEE signal processing letters, vol. 21, no. 7, pp. 880–884, 2014.

[139] Y. Yu, H. Zhao, B. Chen, and Z. He, “Two improved normalized subband adaptive filter algorithms with good robustness against impulsive interferences,” Circuits, Systems, and Signal Processing, vol. 35, no. 12, pp. 4607–4619, 2016.

[140] Digital Network Echo Cancellers Recommendation, Std. ITU-TG.168 (V8), 2015.

[141] S.-C. Chan and Y.-X. Zou, “A recursive least M-estimate algorithm for robust adaptive filtering in impulsive noise: fast algorithm and convergence performance analysis,” IEEE Transactions on Signal Processing, vol. 52, no. 4, pp. 975–991, 2004.

[142] X. Huang, Y. Li, Y. V. Zakharov, Y. Li, and B. Chen, “Affine-projection lorentzian algorithm for vehicle hands-free echo cancellation,” IEEE Transactions on Vehicular Technology, vol. 70, no. 3, pp. 2561–2575, 2021.

[143] D. Duttweiler, “A twelve-channel digital echo canceler,” IEEE Transactions on Communications, vol. 26, no. 5, pp. 647–653, 1978.

[144] T. Gansler, S. L. Gay, M. M. Sondhi, and J. Benesty, “Double-talk robust fast converging algorithms for network echo cancellation,” IEEE Transactions on Speech and Audio Processing, vol. 8, no. 6, pp. 656– 663, 2000.

[145] L. R. Vega, H. Rey, J. Benesty, and S. Tressens, “A new robust variable step-size NLMS algorithm,” IEEE transactions on signal processing, vol. 56, no. 5, pp. 1878–1893, 2008.

[146] E. Hänsler and G. Schmidt, Acoustic echo and noise control: a practical approach. John Wiley & Sons, 2005, vol. 40.

[147] E. Hadad, F. Heese, P. Vary, and S. Gannot, “Multichannel audio database in various acoustic environments,” in 2014 14th International Workshop on Acoustic Signal Enhancement (IWAENC). IEEE, 2014, pp. 313–317.