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Fig. 1. Illustration of acoustic feedback in a typical hearing aid.
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In any digital hearing aid (HAid), the input microphone and the receiver loudspeaker are closely located.
Furthermore, HAid cannot be tightly fitted for comfort reasons. Therefore, it is almost impossible to avoid
the acoustic feedback present due to the leakage path between the receiver loudspeaker and the input
microphone. This paper investigates acoustic feedback cancellation (AFC) by developing a hybrid adap-
tive filtering approach. It is proposed to use two simultaneously adapted adaptive filters as in the previ-
ous method. The adaptation algorithms are based on a delay-based normalized least mean square (NLMS)
algorithm. Furthermore, gradient information from a maximum Versoria-criterion (MVC)-based algo-
rithm is also incorporated in the proposed approach. The effectiveness of this approach is demonstrated
through extensive computer simulations.
� 2021 The Author(s). Published by Elsevier Ltd. This is an open access article under the CC BY-NC-ND

license (http://creativecommons.org/licenses/by-nc-nd/4.0/).
1. Introduction

A block diagram for a typical hearing aid (HAid) is shown in
Fig. 1. As shown, a typical HAid consists of three essential units:
the input microphone to pickup the source signal, a feedforward
block G zð Þ which is responsible for all signal processing for exam-
ple for the user-ear-response dependent frequency domain ampli-
fication, and a receiver loudspeaker for generating the signal
received by the user. In Fig. 1, the block represented as F zð Þ denotes
the leakage path or the so-called acoustic feedback path (AFP)
between the receiver loudspeaker and the input microphone. The
source signal (speech, telephone, music, etc.) is s nð Þ, while the pro-
cessed (received) signal that reaches the user’s ear, x nð Þ, also
reaches the input microphone via F zð Þ. Therefore, the consequence
of the presence of unavoidable F zð Þ is the undesired feedback sig-
nal xf nð Þ that may corrupt the input signal. Therefore, the input sig-
nal u nð Þ for the HAid feedforward processing unit G zð Þ, includes the
source signal s nð Þ and the feedback component xf nð Þ. The block dia-
gram in Fig. 1 can be analyzed in z-domain to get the transfer func-
tion between the source signal s nð Þ and the received signal x nð Þ, as
H zð Þ ¼ G zð Þ
1� G zð ÞF zð Þ : ð1Þ
Therefore, it is evident that if G zð ÞF zð Þ ¼ 1 (e.g., when a large gain in
G zð Þ is desired) at some frequencies, the HAid will be unstable, and
the speech quality will be reduced. In these cases, if a high gain
value is used, then oscillations are generated which are perceived
as annoying whistling and/or screeching sound. This is the so-
called howling effect. This limits the maximum gain allowed in
the feedforward block G zð Þ without causing oscillations and/or
instability. The acoustic feedback is, therefore, a major problem in
HAids that has been studied for many decades [1–6]. The adaptive
filtering approach is one of the most useful approach to reduce
the acoustic feedback.
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Fig. 2. The conventional AFC scheme using LMS/NLMS algorithms.
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Since its inception, adaptive filtering has resulted in successful
implementation for a wide range of applications in signal process-
ing, control, and communication [8,7]. In a typical system identifi-
cation scenario, the objective is to identify the characteristics of the
unknown (possibly time-varying) plant by an adaptive filter (AF)
[7]. The most popular adaptive algorithm is the Widrow’s least
mean square (LMS) algorithm [8], where the key idea is to update
the AF coefficients by a term comprising gradient information
scaled by a learning parameter called the step-size. The main rea-
sons behind popularity of the LMS algorithm are its easy imple-
mentation due mainly to a reduced computational complexity for
many applications and a robust performance. The normalized
LMS (NLMS) algorithm normalizes the step-size with respect to
the power/energy of the input signal [9]. This improves conver-
gence of the AF especially for signals with fluctuations (as speech).

In a standard system identification-based application of adap-
tive filtering for removing or at-least reducing the acoustic feed-
back in HAids, the desired response and the excitation signals for
the AF are derived from the input microphone and the receiver
loudspeaker, respectively. The error signal (computed by compar-
ing the microphone signal with the output of the AF) is used to
update the AF coefficients as well as excite the HAid feedforward
processing unit G zð Þ. It is expected that the AF identifies the (un-
known) AFP F zð Þ, and hence generates a replica of the acoustic
feedback component xf nð Þ which is in fact subtracted from the
microphone signal to generate the error signal. Therefore, the error
signal of AF is a good candidate to be used as an input u nð Þ to the
HAid feedforward block G zð Þ. However, it is very important to
notice that the received signal x nð Þ and microphone signal (combi-
nation of source signal s nð Þ and acoustic feedback xf nð Þ) are
strongly correlated, as all signals (in a typical setup shown in
Fig. 1) are essentially from the same source signal. Due to such a
high correlation present between the input and desired response
of the AF, it suffers from a bias convergence issue [10].

The techniques developed for the acoustic feedback cancella-
tion (AFC) in HAids can be broadly categorized into one of two
approaches. In the first category, the approaches rely on the signals
available in the HAid and envisage a mechanism to perform decor-
relation of signals for an improved adaptive filtering by inserting a
delay in the error signal path [1], or in the forward path [11].
Unfortunately, these approaches can lead to reduced speech qual-
ity. An alternative was the filtered-x approach where the error and/
or input signals are filtered with decorrelation filters [12,13].
Another alternative were the frequency domain adaptive filtering
algorithms [14], but they were not battery power efficient [2].
The dual microphone-based approach for AFC was investigated in
[15,16], and its frequency domain implementation presented in
[17]. The AFC method proposed in [18] employs affine combination
of two adaptive filters with different step-sizes to realize a fast
convergence and low steady-state misalignment of the combined
filter. A hybrid AFC algorithm has been developed in [19,20] which
selects between the classical NLMS update rule or a prediction
error method (PEM)-based adaptation [21], depending upon the
convergence condition of the AFC system. A soft-clipping-based
stability detector helps in making this choice. The key idea here
is to exploit fast convergence and low bias properties of conven-
tional NLMS, and PEM-NLMS, respectively [19].

In another class of approaches, a modeling signal (additive ran-
dom noise) is internally generated and injected into the HAid.
Being uncorrelated with the rest of signals present in the HAid, it
improves the adaptive filtering for AFC, but it reduces the signal-
to-noise ratio (SNR) of the receiver loudspeaker signal. One pro-
posed solution was to inject noise only when the howling occurs
[22]. Unfortunately, the sudden ON/OFF switching of the modeling
signal is negatively perceived by the HAid user. A continuous injec-
2

tion of a modeling signal reduces this annoyance, but, for a reason-
able SNR, the level of modeling signal should be low [23]. In [24],
the use of perceptually masking filters for the modeling signal
was proposed. A very promising approach was the automatic tune
of the modeling signal [25,26]. In our previously published papers,
a large-level modeling signal is injected in order to achieve a fast
convergence during the transient state and reduced to low level
when the adaptive AFC filter converges. Also, two adaptive filters
(AFs) are working in tandem, being adapted with a delay-based
NLMS algorithm as in [27]. In this paper, we use a hybrid approach
for updating the coefficients of AFs in [25,26] and include gradient
information from maximum Versoria-criterion (MVC)-based cost
function recently investigated in [28]. The MVC-based adaptive fil-
tering provides good performance for non-Gaussian processes
[28,29]. The included computer simulations show the effectiveness
of the proposed approach for (speech) signals in HAids operating
with a short processing delay.

Section 2 briefly describes the biasing problem in the conven-
tional approach for adaptive filtering in HAids, and Section 3 briefs
the previous approach [25,26]. The proposed approach, which
essentially builds upon the previous one, is explained in detail in
Section 4. The simulation results for a variety of signals are pre-
sented in Section 5, and the concluding remarks are provided in
Section 6. A short version of this paper was presented at a confer-
ence [30].

2. Biased convergence in conventional method

The conventional adaptive filtering approach for AFC in digital
HAids is shown in Fig. 2 [31]. The microphone signal m nð Þ com-
prises the source signal s nð Þ and a component xf nð Þ which is the
acoustic feedback from the receiver loudspeaker signal x nð Þ, and
can be written as

m nð Þ ¼ s nð Þ þ xf nð Þ;
¼ s nð Þ þ xT nð Þf ; ð2Þ

where f denotes the impulse-response coefficient vector for the
feedback path F zð Þ and x nð Þ is the corresponding vector collecting
samples of x nð Þ. For discussion presented in this Section, it is
assumed without loss of generality that F zð Þ is a linear time-

invariant system with a coefficient vector f . In Fig. 2, F̂ zð Þ denotes
the AF whose job is to identify the (unknown) AFP F zð Þ. The error
signal e nð Þ is the difference between the microphone signal m nð Þ
and the output y nð Þ of the AF F̂ zð Þ, and is given as



Fig. 3. Block diagram for previous method.
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e nð Þ ¼ m nð Þ � y nð Þ;
¼ m nð Þ � xT nð Þf̂ nð Þ;
¼ s nð Þ � xT nð Þ f � f̂ nð Þ

h i
:

ð3Þ

Assuming F̂ zð Þ is well estimating F zð Þ (available from some offline
measurements, for example), then e nð Þ � s nð Þ and hence, e nð Þ can
be used as input to the HAid feedforward processing unit G zð Þ,
i.e., u nð Þ ¼ e nð Þ. This (ideal) assumption is seriously violated in

actual practice, when F̂ zð Þ is adapted during the operation of HAid.
The cost function is defined as the mean-squared-error,

J nð Þ , E je nð Þj2
n o

, which is minimized to give the Wiener optimal

solution for F̂ zð Þ as [7]

f̂ o ¼ R�1
xx rxm; ð4Þ

where Rxx ¼ E x nð ÞxT nð Þ� �
in the auto-correlation matrix for the

received signal x nð Þ, and rxm ¼ E x nð Þm nð Þf g denotes the cross-
correlation vector between the received signal x nð Þ and the micro-
phone signal m nð Þ. Substituting Eq. (2) in Eq. (4), it is straight for-
ward to get [10,31]

f̂ o ¼ f þ R�1
xx rxs; ð5Þ

where the second term on the right-hand-side (RHS) is a biasing
present there due to the strong correlation between the source sig-
nal s nð Þ and the received signal x nð Þ. The NLMS algorithm is used to

update the coefficients of AF F̂ zð Þ [9]

f̂ nþ 1ð Þ ¼ f̂ nð Þ þ l
kx nð Þk2 þ �

e nð Þx nð Þ; ð6Þ

where k � k denotes the Euclidean norm, l is a fixed step-size (FSS)
parameter, and � is the regularization parameter. The objective is

f̂ nð Þ ! f̂ o as n ! 1. Unfortunately, a biased convergence can be
noticed due to correlation between s nð Þ and x nð Þ [10,31]. Therefore,
the approach of Fig. 2 cannot be used in a continuous adaptation
mode, and the adaptation must be stopped once a ‘reasonable’ con-
vergence has been achieved

3. Previous method

Consider Fig. 3, which shows a block diagram for the approach
previously developed in [25,26]. The input to the first AF W zð Þ is
x nð Þ and, therefore, job of W zð Þ is to counteract the acoustic feed-
back xf nð Þ. The modeling signal v nð Þ is used as an input for the sec-
ond AF H zð Þ, and hence job of H zð Þ is to take care of the feedback
component v f nð Þ. Here, the uncorrelated modeling signal v nð Þ is
generated from a white Gaussian noise v0 nð Þ via adaptive gain con-
trol parameter q nð Þ. The convergence of W zð Þ is very good, but it
may converge to a biased solution as mentioned above. In contrast,
H zð Þ provide a good steady-state estimate of the AFP F zð Þ, but its
convergence is slow due to its excitation by the low-level modeling
signal v nð Þ. It is clear that both W zð Þ and H zð Þ would estimate well
F zð Þ if the biased convergence of W zð Þ is avoided and the initial
convergence of H zð Þ improved. This goal is achieved by exchanging
their coefficients using the coefficient-transfer strategy presented
in [25,26], both filters being updated using the (delay-based) NLMS
algorithms and reducing the q nð Þ value to a small value when the
system converges. This reduces the level of injected modeling sig-
nal, and hence improves the achieved SNR. The role of the delay
block z�D is to monitor the convergence status of the modeling fil-
ter (as explained later while describing the proposed method). It is
worth to mention here that including such delay block would
increase the overall delay of the feedforward path between the
input microphone and the receiver loudspeaker. This eventually
3

reduces the processing delay available for the HAid signal process-
ing unit G zð Þ. Thus, it is very important to investigate adaptive
algorithms able to work with a small processing delay.

Considering non-stationarity of speech and music signals (the
main target for any HAid user), in this paper we propose to incor-
porate MVC-based adaptive filtering, as detailed below. The main
idea is to improve upon the convergence speed of adaptive filtering
process, so that AFC can be achieved with a small processing delay
for the HAid processing unit G zð Þ.

4. Proposed approach

The proposed approach is drawn in Fig. 4. The improvement in
convergence of both W zð Þ and H zð Þ is achieved by hybrid adaptive
filtering approach comprising the (delay-based) NLMS algorithm
and MVC-based processing.

4.1. Implementation structure

In signal processing community, it is customary to consider a
gain-delay model for the HAid processing unit, i.e., G zð Þ ¼ Kz�D,
where K is the gain and D is the allowable delay in the feedforward
block G zð Þ of the HAid. Using mixed notation for the sake of conve-
nience, the output of HAid feedforward processing unit G zð Þ can be
expressed as

x nð Þ ¼ G zð Þu nð Þ; ð7Þ
where the HAid input u nð Þ is derived from the error signal of second
AF H zð Þ. At the receiver (loudspeaker) side, an uncorrelated model-
ing signal v nð Þ is injected and a delay unit (see block z�D) is inserted.
Thus, the composite received signal (at the loudspeaker) is given by
x n� Dð Þ þ v n� Dð Þ. This composite signal is received by the HAid
user as well as fed back via the AFP F zð Þ towards the input micro-
phone. Therefore, the input microphone signal m nð Þ can now be
expressed as

m nð Þ ¼ s nð Þ þ xf nð Þ þ v f nð Þ; ð8Þ
where xf nð Þ ¼ f nð Þ � x n� Dð Þ and v f nð Þ ¼ f nð Þ � v n� Dð Þ are the
feedback components due to x nð Þ and v nð Þ, respectively. and where
f nð Þ stands for the impulse response of the leakage AFP F zð Þ.



Fig. 4. Block diagram for proposed method.
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Without loss of generality, the AFP F zð Þ is assumed to be an FIR filter
of length L.

The delay block z�D inserted in the path for the receiver loud-
speaker signal increases the effective length of the overall feedback
path. For example, the signal x nð Þ travels via the inserted delay unit
and the AFP F zð Þ before arriving at the location of the input micro-
phone. Using x nð Þ as input and m nð Þ as a desired response, the task
of AF W zð Þ is to identify both the inserted delay as well as the AFP
F zð Þ. The AF W zð Þ is, therefore, an FIR filter of length Dþ L and its
coefficient vector can be written as

w nð Þ ¼ wD nð Þ
wF nð Þ

� �
DþLð Þ�1

; ð9Þ

where the initial coefficients wD nð Þ ¼ w0 nð Þ;w1 nð Þ; . . . ;wD�1 nð Þ½ �T
attempt to model the inserted delay block, and the coefficients

wF nð Þ ¼ wD nð Þ;wDþ1 nð Þ; . . . ;wDþL�1 nð Þ½ �T attempt to estimate the
coefficients of the AFP F zð Þ. The desired solution for the initial coef-
ficients wD nð Þ of W zð Þ, is known a priori as these coefficients are
expected to converge to zero to model z�D.

The location of the delay z�D dictates that the uncorrelated
modeling signal v nð Þ also travels via the overall path comprising
inserted delay z�D followed by the AFP F zð Þ. Therefore, the second
AF H zð Þ is also considered to be an extended-length FIR filter hav-
ing coefficient vector

h nð Þ ¼ hD nð Þ
hF nð Þ

� �
DþLð Þ�1

; ð10Þ

where the initial coefficients hD nð Þ ¼ h0 nð Þ;h1 nð Þ; . . . ;hD�1 nð Þ½ �T
attempt to model the delay block z�D, and the latter coefficients

hF nð Þ ¼ hD nð Þ;hDþ1 nð Þ; . . . ;hDþL�1 nð Þ½ �T attempt to the identify the
AFP F zð Þ.

4.2. Adaptation of adaptive filter W zð Þ

The output yw nð Þ of the first AF W zð Þ is
4

yw nð Þ ¼ wT nð Þx nð Þ; ð11Þ

where w nð Þ ¼ wT
D nð ÞwT

F nð Þ� �T ¼ w0 nð Þ;w1 nð Þ; . . . ;wDþL�1 nð Þ½ �T is the
coefficient vector (see Eq. (9)) and x nð Þ ¼ x nð Þ;½
x n� 1ð Þ; x n� 2ð Þ; . . . ; x n� Dþ L� 1ð Þð Þ�T is extended-length signal
vector comprising Dþ L recent samples of the received signal x nð Þ.
Considering the extended-length nature of the AF W zð Þ, the corre-
sponding signal vector x nð Þ can be thought of being comprised of

two parts as x nð Þ ¼ xT
D nð ÞxTF nð Þ� �T where xD nð Þ ¼ x nð Þ; x n� 1ð Þ; . . . ;½

x n� D� 1ð Þð Þ�T , and xT
F nð Þ ¼ x n� Dð Þ; . . . ; x n� Dþ L� 1ð Þð Þ½ �T .

The composite signalm nð Þ at the input microphone (see Eq. (8))
is used as a desired response for the AF W zð Þ. Therefore, the error
signal ew nð Þ needed for W zð Þ adaptation is computed as
ew nð Þ ¼ m nð Þ � yw nð Þ
¼ s nð Þ þ v f nð Þ þ f nð Þ � x n� Dð Þ � xT nð Þw nð Þ� �

;
ð12Þ

where v f nð Þ is an uncorrelated component; however, s nð Þ is not
uncorrelated with the other components. This may cause a biased
convergence (as in the conventional approach) and must be
addressed (as discussed later). The coefficients of the AF W zð Þ are
updated using the proposed hybrid algorithm, which combines
the delay-based NLMS algorithm [27,25] and the gradient informa-
tion computed from MVC-based processing [28], as

w nþ 1ð Þ ¼ w nð Þ þ lw nð ÞDWNLMS nð Þ þ ~lwDWMVC nð Þ; ð13Þ
where DWNLMS nð Þ denotes the NLMS algorithm-based gradient
information

DWNLMS nð Þ ¼ ew nð Þx nð Þ
jjx nð Þjj2 þ �

; ð14Þ

and lw nð Þ is the normalized variable step-size (NVSS) obtained
using the delay-based strategy [27]

lw nð Þ ¼
N̂Dw nð Þ
Pew nð Þþ� ;

N̂Dw nð Þ
Pew nð Þ > lwmin

lwmin
; otherwise

8<
: ; ð15Þ

where lwmin
is empirically selected lower bound on the step-size

lw nð Þ; Pew nð Þ estimates the power of error signal ew nð Þ obtained
via a lowpass estimator (with a forgetting factor k) as

Pew nð Þ ¼ kPew n� 1ð Þ þ 1� kð Þe2w nð Þ; ð16Þ
and N̂Dw nð Þ is a parameter indicating the convergence status of the
AF. It is computed using initial coefficients of W zð Þ (modeling the
inserted delay), wD nð Þ, and the corresponding signal vector xD nð Þ
as [27]

N̂Dw nð Þ ¼ kN̂Dw n� 1ð Þ þ 1� kð Þ kwD nð ÞkkxD nð Þkð Þ2
D

; ð17Þ

where lowpass estimation (with a forgetting k) is employed to
smooth out any random fluctuations, as in Eq. (16).

In Eq. (13), ~lw is a FSS parameter, and DWMVC nð Þ is calculated
using the normalized version of MVC-based algorithm as [28]

DWMVC nð Þ ¼ sgn ew nð Þf gjew nð Þjp�1x nð Þ
1þ sw jew nð Þj=kx nð Þkp

� 	ph i2
kx nð Þkpp þ �

� 	 ; ð18Þ

where j � j denotes the absolute value of quantity inside, k � kp
denotes the pth norm, sw ¼ 2hwð Þ�p, and where p is a shape param-
eter which signifies the non-Gaussian nature of the signals
involved. In [28], it has been recommended to compute hw as
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hw ¼
Cw; Cwew nð Þ > Cw

0; Cwew nð Þ < 0
Cwew nð Þ; otherwise

8><
>: ; ð19Þ

where Cw is an empirically chosen constant, and ew nð Þ is estimated
as

ew nð Þ ¼ kew n� 1ð Þ þ 1� kð Þ
� min jew nð Þj; . . . ; jew n� N þ 1ð Þjf g; ð20Þ

where N is length of the estimation window [28].

4.3. Adaptation of the adaptive filter H zð Þ

The input signal and the desired response for the AF H zð Þ are the
injected modeling signal v nð Þ and the error signal ew nð Þ of W zð Þ,
respectively. The output yh nð Þ of the AF H zð Þ is given as

yh nð Þ ¼ hT nð Þv nð Þ; ð21Þ

where h nð Þ ¼ hT
D nð ÞhT

F nð Þ
h iT

¼ h0 nð Þ;h1 nð Þ; . . . ;hDþL�1 nð Þ½ �T is the

coefficient vector (see Eq. (10)) and v nð Þ ¼ vT
D nð Þ�

vT
F nð Þ�T ¼

v nð Þ;v n� 1ð Þ;v n� 2ð Þ; . . . ;v n� Dþ L� 1ð Þð Þ½ �T is extended-length
signal vector collecting Dþ L recent samples of the modeling signal
v nð Þ. Here vD nð Þ ¼ v nð Þ;v n� 1ð Þ; . . . ;½ x n� D� 1ð Þð Þ�T , and

vT
F nð Þ ¼ v n� Dð Þ; . . . ;v n� Dþ L� 1ð Þð Þ½ �T are component vectors

corresponding to hD nð Þ and hF nð Þ, respectively.
Using the microphone signal ew nð Þ Eq. (12) and output yh nð Þ Eq.

(21), the error signal eh nð Þ is calculated as

eh nð Þ ¼ ew nð Þ � yh nð Þ ¼ s nð Þ þ v f nð Þ � hT nð Þv nð Þ
h i

þ f nð Þ � x n� Dð Þ �wT nð Þx nð Þ� �
:

ð22Þ

The AF H zð Þ is adapted using the proposed hybrid algorithm as

h nþ 1ð Þ ¼ h nð Þ þ lh nð ÞDHNLMS nð Þ þ ~lhDHMVC nð Þ; ð23Þ
where DHNLMS nð Þ denotes NLMS algorithm-based gradient informa-
tion [27,25]

DHNLMS nð Þ ¼ eh nð Þv nð Þ
jjv nð Þjj2 þ �

; ð24Þ

and lh nð Þ is the corresponding NVSS which is computed using a
similar approach as for the NVSS lw nð Þ for W zð Þ. The necessary
steps in computing lh nð Þ are summarized below [27]

Peh nð Þ ¼ kPeh n� 1ð Þ þ 1� kð Þe2h nð Þ; ð25aÞ

N̂Dh
nð Þ ¼ kN̂Dh

n� 1ð Þ þ 1� kð Þ khD nð ÞkkvD nð Þkð Þ2
D

; ð25bÞ

lh nð Þ ¼
N̂Dh

nð Þ
Peh nð Þþ� ;

N̂Dh
nð Þ

Peh nð Þ > lhmin

lhmin
; otherwise

8<
: ; ð25cÞ

where lhmin
is empirically selected lower bound on the step-size

lh nð Þ.
In (23), ~lh is the FSS parameter and DHMVC nð Þ is calculated using

the standard MVC-based algorithm as [28]

DHMVC nð Þ ¼ sgn eh nð Þf gjeh nð Þjp�1v nð Þ
1þ shjeh nð Þjp� �2 ; ð26Þ

where the parameter sh is computed in a similar fashion as sw com-
puted for W zð Þ. These computations are summarized as follows:
5

eh nð Þ ¼ keh n� 1ð Þ þ 1� kð Þmin jeh nð Þj; . . . ; jeh n� N þ 1ð Þjf g; ð27aÞ

hh ¼
Ch; Cheh nð Þ > Ch

0; Cheh nð Þ < 0
Cheh nð Þ; otherwise

8><
>: ; ð27bÞ

sh ¼ 2hhð Þ�p
; ð27cÞ

where Ch is an empirical constant.

4.3.1. A few remarks

1. Assuming that everything works as per plan and both AFs con-
verge, i.e., W zð Þ converges to take care of acoustic feedback due
to x nð Þ and H zð Þ takes care of acoustic feedback due to the mod-
eling signal v nð Þ. It is, therefore, expected that
yw nð Þ ! xf nð Þ; yh nð Þ ! v f nð Þ;) eh nð Þ � ŝ nð Þ, and hence,
u nð Þ ¼ eh nð Þ is used as an input to the HAid feedforward signal
processing block G zð Þ. It is, therefore, very important that both
W zð Þ and H zð Þ give good modeling accuracy for the composite
path consisting of the inserted delay and the AFP F zð Þ.

2. While developing hybrid algorithm for the first AF W zð Þ, nor-
malized version of MVC algorithm [28] is employed to compute
DWMVC nð Þ in Eq. (18). As noted in Eq. (18), here the gradient
information employs normalization with respect to both the
signal x nð Þ (input for W zð Þ) and the error signal ew nð Þ which is
computed by using microphone signal m nð Þ as a desired
response. The main component of the m nð Þ is the input source
signal s nð Þ. Furthermore, x nð Þ is (expected to be) an amplified
version of the input signal s nð Þ. Therefore, it is seen that W zð Þ
is having strong (non-white) speech signals in both in its input
as well as error, and hence normalization with respect to both
in Eq. (18) is justified.

3. The AF H zð Þ is excited by an uncorrelated modeling signal v nð Þ
computed from injected random signal v0 nð Þ, and its adaptation
error signal eh nð Þ is computed by using ew nð Þ (from AF W zð Þ) as
a desired response. Therefore, only the error signal eh nð Þ carries
(non-white) speech signal information,1 and hence, gradient
normalization is needed to be performed only with respect to
eh nð Þ. Therefore, the hybrid algorithm for H zð Þ employs the stan-
dard MVC algorithm [28] to compute DHMVC nð Þ where normaliza-
tion is performed with respect to only eh nð Þ (see Eq.(26)).

4. It is mentioned earlier that W zð Þ has fast convergence because
its input is derived from the receiver loudspeaker signal x nð Þ
which is expected ideally to be an amplified version of the
source signal s nð Þ. However, W zð Þ may suffer from the biased
convergence and therefore, its adaptation must be stopped as
soon as it achieves a reasonable convergence.

5. An approach to perform convergence monitoring is discussed
below in order to avoid a biased convergence of W zð Þ and
ensure good performance from the two AFs in identifying the
AFP F zð Þ.

4.4. Convergence monitoring and controlling the modeling signal

As stated earlier, the initial coefficientswD nð Þ and hD nð Þ in W zð Þ
and H zð Þ, respectively, attempt to model the inserted delay z�D.
Since the adaptive algorithm would spread the adaptation error
over the entire set of coefficients [27], by monitoring convergence
of these coefficients in fact gives us information about the conver-
gence of the overall extended-length AFs W zð Þ and H zð Þ. Essen-
tially, we compute the following parameters using the initial
coefficients wD nð Þ and hD nð Þ,
1 In fact, it is expected and desired that eh nð Þ � ŝ nð Þ, as explained in Remark 1.
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aw nð Þ ¼
PD�1

i¼0 jwi nð Þj2
D

; ð28aÞ

ah nð Þ ¼
PD�1

i¼0 jhi nð Þj2
D

; ð28bÞ

respectively. Let us assume that the initial coefficients in the two
AFs are all initialized by 1’s, i.e., wD 0ð Þ ¼ 1 and hD 0ð Þ ¼ 1, where 1
indicates vector of all entries being equal to 1. Since coefficients cor-
responding to the appended delay are expected to converge to zero,
it is straightforward to conclude that initially aw 0ð Þ ¼ 1 and
ah 0ð Þ ¼ 1, and aw nð Þ ! 0 and ah nð Þ ! 0, as the two AFs converge.
Therefore, it is easy to decide a threshold 0 < T1 � 1 on aw nð Þ and
ah nð Þ, indicating the convergence status of the two AFs.

While briefing the previous method, it has been stated that the
convergence of W zð Þ is faster than that of the H zð Þ at the start-up.
This can be checked by aw nð Þ < ah nð Þ, and if so, the coefficient
attempting to model F zð Þ are copied from wF nð Þ to hF nð Þ. This
speeds up the convergence speed of the AF H zð Þwhich is otherwise
excited by a modeling signal v nð Þ which is of low-level as com-
Fig. 5. The impulse response (left), and the magnitude respo

Fig. 6. The reconstructed signal u nð Þ at the input of HAid feedforward signal processing
comparison with the (a) speech signal S03.

Table 1
List of speech signals used in computer simulations.

S01 Male speech (Japanese)
S02 Female speech (Japanese)
S03 Male–Female conversation (English) with background music
S04 Male news (English)
S05 Female speech (Japanese)
S06 Female news (English) with background noise
S07 Female news (English) with background noise
S08 Male speech (English)

6

pared with that of the input x nð Þ to the AF W zð Þ) - note that ideally
x nð Þ is an amplified version of u nð Þ.

As aw nð Þ approaches a certain threshold T1 indicating reason-
able convergence of W zð Þ, and if H zð Þ converges too (if ah nð Þ < 1),
the adaptation of W zð Þ is stopped. At this point an estimate of

AFP, f̂ nð Þ$z F̂ zð Þ , is obtained from W zð Þ as f̂ nð Þ ¼ wF nð Þ. The AF
H zð Þ is on the other hand continuously adapted as it is using an
input signal v nð Þ which is uncorrelated with the source signal.
The estimation improvements of F zð Þ by the AF H zð Þ can now be
directly monitored by computing normalized squared deviation
(NSD) being defined for H zð Þ as

NSDh nð Þ ¼ 10 log
kf̂ nð Þ � hF nð Þk2

kf̂ nð Þk2
( )

; ð29Þ

where the subscript h signifies the computation using latter coeffi-

cients hF nð Þ of AF H zð Þ. After the initial estimate f̂ nð Þ is available, the
adaptation of W zð Þ freezes and biased convergence is avoided. The
parameters aw nð Þ and ah nð Þ are computed as in (28). If
ah nð Þ < aw nð Þ then coefficients of hF nð Þ are transferred to wF nð Þ,
and vice versa.

Based on our simulations, the stability is ensured for a
10	30 dB modeling accuracy of F zð Þ, and hence a threshold T2

(for NSDh nð Þ) can be selected accordingly. The AFP has changed
when NSDh nð Þ > T2 and Peh nð Þ > T3 (T3 is a threshold for power
of the error signal eh nð Þ, and estimated from the past values of
Peh nð Þ (25a)). In this case, W zð Þ and H zð Þ are re-initialized such that

a new estimate for f̂ nð Þ can be obtained.
nse (right) characteristic of AFP F zð Þ adopted from [33].

block G zð Þ in (b) Conventional, (c) Basic, (d) Previous, and (e) Proposed methods, in



Table 2
Scores for PESQ, NMSE, and SNRout averaged over all speech signals for the HAid gain
K ¼ 10.

PESQ NMSE SNRout

Mean 3.8023 �3.0651 –
Conventional SD 0.5363 2.4771 –

Median 3.9517 �2.4227 –

Mean 3.7618 �4.2435 34.6625
Basic Method SD 0.5594 2.2481 0.7476

Median 3.9407 �4.4268 34.6000

Mean 4.2974 -14.5223 64.2364
Previous Method SD 0.2497 7.6302 1.5510

Median 4.4029 -17.5765 63.6740

Mean 4.3867 �17.9959 63.9828
Proposed Method SD 0.1984 6.1221 1.5162

Median 4.4500 �17.6917 63.7563
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Finally, the modeling signal v nð Þ is obtained from a white Gaus-
sian noise v0 nð Þ [25,26]
v nð Þ ¼ q nð Þv0 nð Þ; ð30Þ
where q nð Þ is the time-varying gain parameter calculated as follows

q nð Þ ¼ ah nð Þ
ah nð Þ þ C

; ð31Þ

where C is an positive constant. When ah nð Þ is large (indicating H zð Þ
is far from convergence) v nð Þ tends to v0 nð Þ. On the other hand,
when ah nð Þ is small, the gain q nð Þ and hence the modeling signal
v nð Þ is small. In summary, the modeling signal v nð Þ is regulated
according to the convergence status of the AF H zð Þ. As soon as sys-
tem converges, the modeling signal is reduced.

5. Simulation results

This section presents simulation for various methods as follows:


 The conventional method using classical NLMS algorithm (see
Fig. 2).


 The basic method using two AFs and employing an uncorrelated
modeling signal for an unbiased convergence as reported in
[32]. This method employs a delay in the path for v nð Þ only,
and no gain control is used for the modeling signal. Therefore,
the modeling signal must be a low-level random signal.


 The previous method [25,26] employing two AFs along with a
gain control strategy for the modeling signal. A delay is
appended in the path for the overall received signal (combina-
tion of the HAid output and the uncorrelated modeling signal)
and hence both AFs are extended length FIR filters. In fact, the
previous methods provides the basis for the method developed
in this paper.
Fig. 7. Scores for HASQI (top-left), SDR (top-right), and MSG (bottom) for experiments w
Eq. (2) Basic, Eq. (3) Previous, and Eq. (4) Proposed methods].

7


 The proposed method as detailed in this contribution.

The same set of speech signals (see Table 1) is used as in [26].
The impulse and magnitude response characteristics of the AFP
F zð Þ are shown in Fig. 5. The length of acoustic path is L ¼ 64. This
is the same acoustic path as used in many seminal papers including
[10]. The interested reader may get the corresponding data from
files available with [33].

The experiments have been performed for two values for gain as
K ¼ 10;20. Since the modern digital HAids are equipped with very
fast processing capabilities, the value of delay is selected as D ¼ 10
samples. Since each method considered in this paper employs a
different strategy to address AFC their parameters are adjusted
experimentally as follows.
ith gain K ¼ 10 for all speech signals considered in this paper. [Eq. (1) Conventional,



Fig. 8. The magnitude response characteristics of the estimated feedback path F̂ zð Þ in comparison with that of the true AFP F zð Þ for speech signal S03 in Conventional (top-
left), Basic (top-right), Previous (bottom-left), and Proposed (bottom-right) methods.

Fig. 9. The curves for NSD (in dB) (averaged over speech signals S01–S08) for experiments with HAid with gain K ¼ 10.
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1. NLMS-algorithm based conventional method: l ¼ 1� 10�3.
2. Basic method [32]: l1 ¼ 1� 10�3; SNRprobe ¼ r2

v=r2
x ¼ �15 dB,

D ¼ 64;l2min
¼ 1� 10�6; T1 ¼ 1� 10�3.

3. Previous method [25,26]: T1 ¼ 1� 10�3; T2 ¼ �20 dB, T3 ¼
10;D ¼ 8;lmin ¼ 1� 10�6; SNRprobe ¼ r2

v=r2
s ¼ 0 dB, C ¼ 1:5.

4. Proposed method: ~lw ¼ 1� 10�1; ~lh ¼ 1� 10�3;Cw ¼
Ch ¼ 1; p ¼ 1:75;N ¼ 8, and the rest of the parameters are set
to the same value as in the Previous method.

It is worth to mention about different values selected for the
appended delay D in various methods. This is mainly due to differ-
ent location of the appended delay block z�D in various methods.
As stated earlier, the basic method employs a delay in the path
for the modeling signal v nð Þ (the reader is referred to [32] for
8

details). Hence, D does not affect the overall delay for forward path
the input microphone and the received loudspeaker. On the other
hand, the delay is appended before the received loudspeaker in
the previous and the proposed methods (see Figs. 3 and 4), which
increases the overall delay available in the feedforward path. The
regularization parameter in all methods is selected as
� ¼ 1� 10�4. The forgetting factor for various lowpass estimators
is also selected as a same value of k ¼ 0:97 for various methods.
The sampling frequency is Fs ¼ 16 kHz.

The following quantitative measures have been used to assess
the performance of various methods.


 The HAid speech quality index (HASQI) that has been developed
for HAids, with a maximum score of 1.0 indicating a clean signal
with no degradation [34,35].



Fig. 12. Plots for variation of (left) parameters aw nð Þ and ah nð Þ and (right) gain controlling parameter q nð Þ (for v nð Þ) for previous and proposed methods, averaged over all
speech signals.

Fig. 11. Variation of modeling signal v nð Þ for experiments with speech signal S03 in various methods.

Fig. 10. The curves for MSG (in dB) (averaged over speech signals S01–S08) for experiments with HAid with gain K ¼ 10.
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 The signal to distortion ratio (SDR) for nonlinear distortions
[36–38].


 The maximum stable gain (MSG) is defined (in dBs) as
MSG ¼ 20 log max
x

kF xð Þ � F̂ xð Þk2
n o

: ð32Þ

where F xð Þ and F̂ xð Þ denote Fourier transform of f nð Þ of acous-
tic path, and the estimate f̂ nð Þ obtained from the AFC filter,
respectively. The system will only be unstable when the phase
at that frequency equals a multiple of 2p [16].
9


 The perceptual evaluation of speech quality (PESQ) measures
the quality of the processed speech in comparison with the true
reference. The maximum score is 4.5 for a clean speech signal
with no degradation [39].


 The normalized mean squared error (NMSE) is computed
between the (true) source signal s nð Þ and the HAid input signal
u nð Þ to have an overall idea about the quality of reconstructed
signal u nð Þ (which should ideally be same as that of the s nð Þ).


 The Output SNR is calculated as follows



Fig. 13. Scores for HASQI (top-left), SDR (top-right), and MSG (bottom) for experiments with gain K ¼ 20 for all speech signals considered in this paper. The description of
legend is same as in Fig. 12.

Table 3
Scores for PESQ, NMSE, and SNRout averaged over all speech signals for the HAid gain
K ¼ 20.

PESQ NMSE SNR_out

Mean 4.4070 �16.5525 70.2109
Previous Method SD 0.0951 7.0549 1.4726

Median 4.4380 �13.6482 69.7661

Mean 4.4511 �19.8444 70.1444
Proposed Method SD 0.0577 8.8712 1.3463

Median 4.4848 �22.5150 69.8519
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SNRout ¼ 10 log r2
x=r

2
v

� �
; ð33Þ

where r2
x and r2

v denote variances of signals output signal x nð Þ
and modeling signal v nð Þ.


 The misalignment performance for the AFC filter is computed as
NSDf nð Þ as follows:
NSDf nð Þ ¼ 10 log
kf nð Þ � f̂ nð Þk2

kf nð Þk2
( )

; ð34Þ

where f nð Þ denotes coefficient vector for true AFP F zð Þ and the

f̂ nð Þ is the estimate obtained from the adaptive AFC filter. In

the previous and proposed method, f̂ nð Þ is obtained from the
(latter) coefficients wF nð Þ (see Eq. (9)) of the first adaptive AF
W zð Þ.
10
5.1. Case1: Stationary environment

The objective of the first case study is to understand the behav-
ior of various methods from the view points of initial convergence
speed and the steady-state performance. For this purpose, the AFP
F zð Þ is considered as linear time-invariant system with characteris-
tic as shown in Fig. 5 (see thick-black curves marked as ‘Original
F zð Þ’). First we discuss results for HAids with gain K ¼ 10.

As shown in block diagrams (in Figs. 1–4), the key signal pro-
cessing objective is to remove (or at least reduce) the acoustic
feedback at the input microphone, and hence the reconstructed
signal u nð Þ at the input of HAid processing unit G zð Þ resembles
the input s nð Þ as close as possible. One naive way to assess this per-
formance is to visually look at the two speech signals. Fig. 6, in fact
shows reconstructed signal u nð Þ in comparison with input speech
signal s nð Þ (denoted as S03 in Table 1). It is observed that the con-
ventional and basic methods suffer from a very long howling per-
iod when the AFC system is started. The initial howling periods for
the previous and proposed methods are very short and AFC system
converges very quickly in these methods. For the typical results
shown in Fig. 6, the howling periods are about 1.25 s in the conven-
tional method, 2.72 s in the basic method, 50 ms in the previous
method, and 87.5 ms in the proposed method. Furthermore, the
conventional method suffers from musical noise even at the
steady-state (not obvious from the wave-plots shown in Fig. 6). A
detailed comparative analysis in fact shows that proposed method
is very efficient from the view point of various performance mea-
sures considered in this paper. Fig. 7 shows results for HASQI,
SDR, and MSG for all speech signals considered in this paper. It is
observed that for these performance measures, the proposed
method outperforms all the other considered methods for (almost)



Fig. 14. Simulation results averaged over speech signals S01–S08 for HAid gain K ¼ 20. (a) mean NSD (in dB), (b) mean MSG (in dB), and (c) variation of gain q nð Þ for modeling
signal v nð Þ.
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all input signals. The corresponding results for PESQ, NMSE, and
SNRout (averaged over all input signals S01-S08) are tabulated in
Table 2, where bold signifies the best performing method(s). It is
observed that:


 The conventional method gives lowest scores for PESQ, and
shows poor NMSE performance computed between s nð Þ and
u nð Þ.


 The (fixed) modeling signal is a low-level signal in the case of
basic method, so that an appreciable SNRout is archived. How-
ever, this degrades convergence performance of the AFC filter
11
(discussed later), which in turn results in low scores for PESQ
and NMSE as compared with those obtained with the previous
and proposed methods.


 The proposed method gives improved performance for PESQ
and NMSE, and a comparable performance from the view point
of SNRout if compared with the previous method.

As discussed earlier in Section 1, in order to perform AFC the
key task for the adaptive AFC filter is to identify the characteristic
of ‘unknown’ AFP. One way to understand this performance is to
compare the magnitude response of coefficients of the AFC filter



Fig. 15. Simulation results for HAid gain K ¼ 10 and a sudden change in the acoustic path during the middle of simulation. (a) Input speech signal S03 and the corresponding
reconstructed signal u nð Þ at the input of HAid processing unit G zð Þ in (b) Conventional, (c) Basic, (d) Previous, and (e) Proposed methods.

Fig. 16. Simulation results averaged over speech signals S01–S08 for HAid gain K ¼ 10 and a sudden change in the acoustic path during the middle of simulation. (a) mean
NSD (in dB), and (b) mean MSG (in dB).
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with the true AFP. One such comparison for (speech signal S03) is

shown in Fig. 8. It is observed that the estimation filter F̂ zð Þ
obtained via AFC system in the proposed method well identifies
the magnitude response of the true AFP F zð Þ. In order to under-
stand the overall performance from the system identification point
of view, the curves for NSD (as defined in Eq. (34)) averaged over
all speech signals are shown in Fig. 9. It can be seen that the pro-
posed method gives the best NSD performance among the investi-
12
gated methods. The corresponding curves for MSG Eq. (32),
averaged over all speech signals S01-08 are shown in Fig. 10. It
can be seen that the proposed method gives the largest MSG
among the investigated methods.

One important advantage in previous and proposed methods is
to have improved performance from the view point of SNRout (see
Table 2). This implies that the injected modeling signal has in fact
been reduced to a very low level. This is depicted in Fig. 11 which



Fig. 18. (left) Variation of parameters aw nð Þ and ah nð Þ and (right) variation of gain parameter q nð Þ in modeling signal v nð Þ for previous and proposed methods, averaged over
speech signals S01–S08 in experiments for HAid gain K ¼ 10 and a sudden change in the acoustic path during the middle of simulation.

Fig. 17. Variation of modeling signal v nð Þ for experiments with speech signal S03 in experiments for HAid gain K ¼ 10 and a sudden change in the acoustic path during the
middle of simulation.
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plots the variation of the modeling signal v nð Þ. As discussed earlier,
a constant low-level modeling signal is used in the basic method to
have a good SNRout. The low-level signal, however, affects the con-
vergence speed (see Figs. 9 and 10) and the accuracy (see Table 2
and Fig. 7) achieved by the basic method. A large-level random
noise is injected for AFC in both the previous and proposed meth-
ods. This gives fast convergence speed for the AFC filter (see Figs. 9
and 10). The level of the modeling signal reduces to a very low
level, as the AFC system converges in the previous and the
proposed methods. This is achieved by a gain control parameter
q nð Þ computed on the basis of parameters aw nð Þ and ah nð Þ, which
are plotted in Fig. 12 (averaged over all speech signals). As
expected, gain control parameter q nð Þ is adjusted to 1 during the
transient state of the AFC system. It gradually reduces (toward
zero) as the AFC system converges, and hence, the level of the mod-
eling signal is reduced at the steady-state which in turn improves
the SNRout.

The above experiment is repeated for HAid with gain K ¼ 20.
Fig. 13 shows results for HASQI, SDR, and MSG for all speech sig-
nals, and Table 3 presents corresponding averaged results for PESQ,
NMSE, and SNRout. It is observed that both NLMS algorithm-based
conventional method and the basic method become unstable in
this case. One reason for such a behavior is due to a very small pro-
cessing delay used for the HAid processing unit G zð Þ (recall D ¼ 10
samples). Due to such a small processing delay, the AF signals
become strongly correlated when the HAid is operated at a high
gain. The performance comparison between the previous and the
13
proposed methods remain similar to that observed in experiments
for HAid with gain K ¼ 10, i.e., the proposed method gives a better
or a similar performance for the various performance measures.
The corresponding curves (averaged over all speech signals) for
NSD, MSG, and for variation of the gain control parameter q nð Þ
are shown in Fig. 14. It is observed that in all these performance
measures, the proposed method shows faster convergence speed
and a better steady-state performance in comparison with the pre-
vious method.

5.2. Case2: Non-stationary environment

The performance of the considered methods for time-varying
acoustic environment is investigated by a sudden change in the
AFP F zð Þ. In practice, this might happen when the HAid user takes
his/her mobile phone near the ear. The experimental studies have
shown that such situation results in increase of the amplitude of
the impulse response of the AFP F zð Þ [26,40]. Let us assume that
at the start-up the AFP F zð Þ is same considered in the previous case
study. At the middle of the simulation, the AFP F zð Þ is changed to
having increased-amplitude characteristics as shown in Fig. 5
(see dashed-red curves marked as ‘Changed F zð Þ’). For the results
presented in this case, the HAid gain is adjusted to K ¼ 10.

Fig. 15, shows reconstructed signal u nð Þ in comparison with
input speech signal s nð Þ (S03 in Table 1). It is observed that the
conventional and basic methods are not able to recover from the
howling occurring when there is a change in the acoustic path.
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The previous and proposed methods, on the other hand, show very
robust performance, and can re-converge very quickly after a small
period of howling at middle of simulation. In order to understand
the overall/averaged performance of various methods, the aver-
aged NSD and MSG curves are plotted in Fig. 16 and the tracking
superiority of the proposed method is obvious. The variation of
the modeling signal in comparison with the injected random signal
is plotted in Fig. 17 for a single speech signal S03. As observed ear-
lier, the modeling signal reduces to a very low level as the AFC con-
verges at the steady-state because the gain control parameter q nð Þ
increases its value when the acoustic path changes, and reduces it
value when the AFC system converges. Fig. 18 shows the variation
of convergence monitoring parameters aw nð Þ and ah nð Þ, and the
gain control parameter q nð Þ in the previous and proposed meth-
ods. These curves are obtained by performing averaging over all
speech signals considered in this paper.

6. Conclusions

Inspired by the results of MVC-based adaptive filtering for non-
Gaussian signal processing [28], we have proposed hybrid adaptive
filtering to adapt the two AFs working in tandem for an effective
AFC system. The simulation results convincingly demonstrate that
the proposed approach provided not only a fast convergence speed
and tracking behavior but also improved scores for various quanti-
tative measures. Further study is needed to perform convergence
analysis of the proposed algorithm.
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