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Abstract—The afﬁne projection algorithm (APA) is commonly
used for adaptive ﬁltering in acoustic echo cancellation (AEC)
due to its higher convergence and tracking rate compared to the
conventional normalized least mean squares (NLMS) algorithm,
especially for spectrally colored incoming signals. However, its
application to adaptive feedback control (AFC) in hearing aids
(HAs) is still not common because of the inherent correlation
between the loudspeaker and incoming signals as well as the
increase in computational complexity. In this paper, we investigate
a way to employ a low projection order APA in conjunction
with an improved practical variable step-size (IPVSS) for the
prediction error method (PEM) based adaptive feedback control
in HAs. The proposed approach is evaluated for a speech
incoming signal and for a sudden change of the acoustic feedback
path. The experimental results show that the proposed approach
yields much better performance than a system employing either
the upper or the lower ﬁxed step-size used in the IPVSS as well
as the PEM using the IPVSS for the NLMS algorithm (PEMIPVSS-NLMS). By choosing a small projection order for the APA
there is only a slight increase in the computational complexity.
Moreover, a small amount of frequency shifting (FS) is integrated
to further improve the system’s performance.

I. I NTRODUCTION
A coupling of a loudspeaker signal into a microphone in
hearing aids produces an acoustic feedback problem which
limits the achievable maximum stable gain as well as degrades
the sound quality. In some cases, it can render the system
unstable. Many acoustic feedback control (AFC) approaches
were introduced in the literature to lower the detrimental
impact of the acoustic feedback [1], [2], [3]. Those approaches
estimate the impulse response (IR) of the acoustic feedback
path by using an adaptive ﬁlter. Then this IR is used to
compute the estimated feedback signal which is subtracted
from the microphone signal. Unfortunately, the high correlation between the loudspeaker signal and microphone signal
causes a bias in the estimate of the acoustic feedback path
[1], [2], [4]. This correlation is present due to the closed-loop
characteristic of hearing aids.
To address this problem, the prediction error method (PEM)
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seems to be a potential solution, especially for speech incoming signals [2], [5], [6]. In this method, it is assumed
that the speech signal can be modeled by ﬁltering a white
Gaussian noise through a monic and inversely stable all-pole
ﬁlter G−1 (q). Then the PEM uses the pre-ﬁlter Ĝ (q) which is
an estimate of G (q) to whiten the input signals of the adaptive
ﬁlter. It is proven that an unbiased solution may be achieved
if the above assumption is fulﬁlled and there is at least one
sample delay in the forward path [5].
The most common adaptive ﬁltering algorithms are the
least mean squares (LMS) and the normalized least mean
squares (NLMS). In those algorithms, selecting a suitable
step-size is important due to a compromise between a high
steady-state error but fast convergence rate and low steadystate error but slow convergence rate [7], [8]. To improve
the convergence rate while still providing a low steady-state
error, some existing solutions have been developed based on
powerful adaptive ﬁltering algorithms such as afﬁne projection
algorithm (APA) [9], [10], [11], [12] and proportionate NLMS
(PNLMS)/improved PNLMS [13], [14], [15], [16] or based on
variable step-size control (VSS) [17], [18], [19], [20], [21].
The combinations of the APA and VSS were introduced for
acoustic echo cancellation (AEC) [10] and for AFC [22], [23].
In addition, the AFC methods based on an afﬁne combination
of two adaptive ﬁlters using two different step sizes [24], [25],
[26] are also potential solutions. Note that unlike the AEC
systems, the AFC systems cope with possible high correlation
between the loudspeaker and incoming signals.
In this paper, we investigate the improved practical variable
step-size afﬁne projection algorithm (IPVSS-APA) and implement it for the PEM-based AFC in HAs, forming a new AFC
approach namely the PEM-IPVSS-APA. In the proposed approach, the PEM is utilized to reduce the bias in the estimation
of the acoustic feedback path, while a small projection order
APA is chosen to improve the convergence and tracking rate
[12]. In addition, the IPVSS, which was successfully applied
to the PEM using NLMS algorithm (PEM-IPVSS-NLMS)

1633

APSIPA ASC 2017

Proceedings of APSIPA Annual Summit and Conference 2017

12 - 15 December 2017, Malaysia

[27], is developed for the APA in order to further control
the convergence and tracking rate of the system. As a result,
the proposed approach achieves a signiﬁcant improvement
with regards to convergence rate and tracking rate, while still
maintaining a low steady-state misalignment. The simulation
results show that the PEM-IPVSS-APA outperforms the system which only uses either of individual step-size used in the
IPVSS for a speech incoming signal and for a suddenly change
of the acoustic feedback path. It also outperforms the PEMIPVSS-NLMS which is a special case of the PEM-IPVSS-APA
when projection order P = 1. Furthermore, a small amount
of frequency shifting (FS) is employed in the PEM-IPVSSAPA (called PEM-IPVSS-APA-FS) to signiﬁcantly lower the
misalignment as well as to further increase the added stable
gain (ASG).
We also run simulations for the PEM using practical variable
step-size afﬁne projection algorithm (PEM-PVSS-APA) with
P = 2 and a speech incoming signal to show that the
PVSS-APA which was successfully employed in [10] for the
AEC contexts does not work well for the AFC applications,
even when the PEM is employed. The reason is the inherent
correlation between the loudspeaker signal and the microphone
signal in the AFC contexts.
This paper is organized as follows. Section II describes the
proposed approach PEM-IPVSS-APA with/without frequency
shifting. Section III presents simulation results. Section IV
concludes the paper.
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Fig. 1: The proposed AFC system

We assume the forward path comprises a delay dk and an
ampliﬁer with broadband gain |K|, i.e., K (q) = |K| q −dk .
The delay is chosen such that dk  1. The incoming signal
is assumed to be modeled by ﬁltering a white Gaussian noise
sequence w (k) via a monic and inversely stable all-pole ﬁlter
G−1 (q), i.e.,
u (k) = G−1 (q) w (k) .

(4)

In the proposed AFC system, the pre-ﬁlters, which have
been investigated in [2], [5], [28], are utilized to pre-whiten
the input signals of the adaptive ﬁlter F̂ (q), i.e.,
xp (k) = Ĝ (q) x (k) ,

(5)

yp (k) = Ĝ (q) y (k) ,

(6)

II. P ROPOSED PEM-IPVSS-APA
A. PEM-IPVSS-APA
Fig. 1 depicts the proposed AFC system. In this system the
microphone signal x (k) is computed by adding a feedback
signal v (k) = F (q) y (k) to an incoming signal u (k), i.e.,
x (k) = u (k) + v (k) ,

(1)

where k is the discrete-time index, F (q) is the transfer
function of the true acoustic feedback path and y (k) is the
loudspeaker signal for the case of no FS. The derivations in
this subsection is for the system whithout FS. For the case
of the system using FS, the notation y (k) in all equations
is replaced by yF S (k), where yF S (k) is a version of y (k)
after frequency shifting. We can represent the ﬁlter F (q) as
a polynomial transfer function in q, i.e., F (q) = f T q with
q = [1, q − 1, ..., q −Lf +1 ], f is the Lf -dimensional impulse
response of F (q). The error signal e (k) is calculated by subtracting the estimate of the feedback signal v̂ (k) = F̂ (q) y (k)
from the microphone signal, i.e.,
e (k) = x (k) − v̂ (k) ,

(2)

where F̂ (q) is an estimate of F (q). This error signal
is delayed and ampliﬁed in the forward path, forming the
loudspeaker signal as follows,
y (k) = K (q) e (k) .
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(3)

where Ĝ (q) is an estimate of G (q). The pre-whitened error
signal ep (k) is deﬁned as
ep (k) = xp (k) − v̂p (k) ,

(7)

where v̂p (k) = F̂ (q) yp (k). From the error signal e (k)
we estimate the coefﬁcients of Ĝ (q) using Levinson-Durbin
algorithm [29].
By minimizing
the mean-square prediction error, J =


E e2p (k) , we obtain the Wiener solution for the acoustic
feedback path estimate as
f̂ = f + R−1
y p r y p up ,
  

(8)

bias term

where Rz is the auto-correlation matrix of vector z, i.e,
Rz = E zzT , and r zα = E {zα} is the cross-correlation
vector between vector z and the scalar α, up (k) is the prewhitened incoming signal, i.e., up (k) = Ĝ (q) u (k). By
substituting (4) and (6) into (8) we may achieve an unbiased
solution for the acoustic feedback path estimate if the assumption (4) is fulﬁlled and there is at least one sample delay in
the forward path.
The NLMS is the most common algorithm for adaptive ﬁltering, thus the estimated acoustic feedback path is recursively
updated as follows,
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μ
yp (k) ep (k) , (9)
f̂ (k) = f̂ (k − 1) +
(||yp (k)||22 + δN LM S )
where μ is a ﬁxed step-size, δN LM S is a
=
small
regularization
parameter
and
yp (k)

T
yp (k) , yp (k − 1) , . . . , y k − Lfˆ + 1
with Lfˆ is
the length of f̂ .
Moreover, if (4) is fulﬁlled, there is no correlation between
yp (k) and up (k). Thus,






(10)
E x2p (k) = E vp2 (k) + E u2p (k) .
Supposing that the adaptive ﬁlter has converged close to the
optimal value, we obtain




(11)
E v̂p2 (k) ≈ E vp2 (k) .
Hence, the power of the pre-whitened incoming signal can be
approximated as
σ̂u2 p (k) ≈ σ̂x2p (k) − σ̂v̂2p (k) .

provide a superior convergence and tracking rate compared
to the NLMS algorithm is a potential solution.
In this paper, we investigate the IPVSS for the APA, then
integrate the IPVSS-APA into the PEM to further improve the
convergence and tracking rate of the AFC system. In the PEMIPVSS-APA, we use P most recent input vectors to estimate
the IR of an adaptive ﬁlter, where P is the projection order.
Therefore, the input matrix of the adaptive ﬁlter F̂ (q) can be
expressed as
Yp (k) = [yp (k) , yp (k − 1) , . . . , yp (k − P + 1)] .

(19)

The
pre-whitened
microphone
vector
and
the estimated feedback vector are denoted as
T
=
[xp (k) , xp (k − 1) , . . . , xp (k − P + 1)] and
xp (k)
v̂p (k) = YpT (k) f̂ (k), respectively. Hence, the pre-whitened
error vector ep (k) is computed as
ep (k) = xp (k) − v̂p (k) .

(12)

(20)

In practice, the power of microphone signal, the power of
the estimated feedback signal and the power of error signal
after pre-whitening process are recursively updated as follows

In the IPVSS-APA the IR of the acoustic feedback path is
estimated as follows

σ̂x2p (k) = γ σ̂x2p (k − 1) + (1 − γ) x2p (k) ,

(13)

−1

.
f̂ (k) = f̂ (k − 1) + Yp (k) YpT (k) Yp (k) + δAP A IP

σ̂v̂2p (k) = γ σ̂v̂2p (k − 1) + (1 − γ) v̂p2 (k) ,

(14)

σ̂e2p (k) = γ σ̂e2p (k − 1) + (1 − γ) e2p (k) ,

(15)

μIP V SS−AP A (k) ep (k) ,

where γ is a positive value close to 1.
In the PEM-IPVSS-NLMS [27] the acoustic feedback path
is estimated using a variable step-size μIP V SS−N LM S (k),
i.e.,
f̂ (k) = f̂ (k − 1) +
where

μIP V SS−N LM S (k)
yp (k) ep (k) ,
(||yp (k)||22 + δN LM S )
(16)
⎧
⎪
⎨

μU
μIP V SS−N LM S (k) =
μL
⎪
⎩
μc (k)

if μc (k) > μU
if μc (k) < μL
otherwise

where μIP V SS−AP A (k) = diag {μ0 (k) , . . . , μP −1 (k)} is
the variable step-size for the PEM-IPVSS-APA; δAP A is a
regularization parameter; IP is an (P ×P ) identity matrix.
The regularization parameter is selected such that the lager
δAP A for the lager value of the projection order and vice
versa. The reason is that the condition number of the matrix
YpT (k) Yp (k) increases when the projection order increases.
Table I provides the relationship between the projection order
and the regularization parameter [10], where σ̂y2p denotes the
power of the pre-whitened loudspeaker signal. The value of
σ̂y2p is recursively updated, i.e.,
σ̂y2p (k) = γ σ̂y2p (k − 1) + (1 − γ) yp2 (k) .

,



 

 2
2 (k) 

(k)
−
σ̂

σ̂xp
v̂p

,
μc (k) = μU 1 −

σ̂ep (k) + ζ





(18)

⎧
⎪
⎨

μU
μi (k) =
μL
⎪
⎩
μc,i (k)

if μc,i (k) > μU
if μc,i (k) < μL
otherwise

,

(23)

TABLE I: REGULARIZATION PARAMETERS FOR APA

where ζ is a small positive value, μU and μL are the upper
and lower limits of the step-size, respectively. Those step-size
limits are used to control the step-size range [27].
However, the convergence and tracking rates of the system
using the NLMS algorithm degrade for the case of spectrally
colored incoming signals. Therefore, the APA which can
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(22)

We compute the variable step-size for each projection order
as

(17)
with

(21)
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TABLE II: PEM-IPVSS-APA

the acoustic feedback path can be obtained. We integrate the
FS into the PEM-APA, PEM-IPVSS-NLMS and PEM-IPVSSAPA. In this paper, we use the FS which is similar as proposed
in [32], except the FS now is used for broadband signal, c.f.
Fig. 1. The frequency shifting is applied to the signal y (k)
representing the output of the hearing aid processing. The
analytical representation of the signal y (k) is denoted as

Initial parameters: f̂ (0) = 0L ˆ×1 ; σ̂x2p (0) = 0; σ̂v̂2p (0) = 0;
f

for i = 0 to P − 1
σ̂e2p,i+1 (0) = 0
end
for k = 1, 2, ...
v̂p (k) = YpT (k) f̂ (k)

ya (k) = y (k) + jyH (k) ,

ep (k) = xp (k) − v̂p (k)
σ̂x2p (k) = γ σ̂x2p (k − 1) + (1 − γ) x2p (k)

where yH (k) is the Hilbert transform of y (k). We model the
frequency shifting as a periodically time-varying ﬁlter, i.e.,


f0
(27)
h (k) = exp j2π k ,
fs

σ̂v̂2p (k) = γ σ̂v̂2p (k − 1) + (1 − γ) v̂p2 (k)
for i = 0 to P − 1
σ̂e2p,i+1 (k) = γ σ̂e2p,i+1 (k − 1) + (1 − γ) e2p,i+1 (k)




μc,i (k) = μU 1 −


⎧
⎪
⎨


 


σ̂ 2 (k−i)−σ̂ 2 (k−i) 
 xp

v̂p

μU
μi (k) =
μL
⎪
⎩ μ (k)
c,i

σ̂ep,i+1 (k)+ζ

(26)

where fs is the sampling frequency and f0 is the amount of
frequency shifting. Now the loudspeaker signal yF S (k), i.e.,
the output of the FS, can be computed as follows






yF S (k) = Re {ya (k) h (k)} .

if μc,i (k) > μU
if μc,i (k) < μL
otherwise

(28)

By substituting (26) and (27) into (28) we obtain
yF S (k) = y (k) cos (2πf0 k) − yH (k) sin (2πf0 k) .

end
μIP V SS−AP A (k) = diag {μ0 (k) , . . . , μP −1 (k)}

(29)

The FS can signiﬁcantly reduce the bias in the adaptive process but it also produces roughness for the signals. Therefore,
a small amount of the FS is recommended [32].

f̂ (k) = f̂ (k − 1) +
−1

μIP V SS−AP A (k) ep (k)
Yp (k) YpT (k) Yp (k) + δAP A IP

III. S IMULATION RESULTS

end

(24)

The pre-whitened error signal corresponding to each projection order is recursively updated as
σ̂e2p,i+1 (k) = γ σ̂e2p,i+1 (k − 1) + (1 − γ) e2p,i+1 (k) ,

(25)

with i = 0, . . . , P − 1.
It can be seen that the PEM-IPVSS-NLMS is only a special
case of the PEM-IPVSS-APA when P = 1.
To avoid a signiﬁcant increase in computational complexity
due to the high projection order of the APA, we chose the
smallest projection order, i.e., P = 2 for our proposed
approach. The proposed approach PEM-IPVSS-APA is summarized in Table II.
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B. Frequency Shifting
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The frequency shifting (FS) technique [3], [30], [31], [32],
[33] is known as a non-linear operation which contributes
to the decorrelation between the loudspeaker signal and the
incoming signal. As a result, a lower bias in the estimation of
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−
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−
σ̂

σ̂
xp
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.
μc,i (k) = μU 1 −

σ̂ep,i+1 (k) + ζ





Amplitude [dB]

where

In all simulations, we use the acoustic feedback paths measured by a two-microphone behind-the-ear hearing aid [34].
Fig. 2 depicts the amplitude responses and phase responses of
the measured acoustic feedback paths, where the ﬁrst acoustic
feedback path (F1 (f ) ) denotes the measure in free-ﬁeld
and the second acoustic feedback path (F2 (f ) ) denotes the
measure with a telephone receiver placed close to the ear. The
acoustic feedback path changes from the ﬁrst feedback path
to the second feedback path after 40 s. The incoming signal is
speech which is generated by concatenating male and female
speech segments extracted from Noizeus database [35]. We set
the following parameters for all simulations. The lengths of the
measured acoustic feedback path and the estimated acoustic

0
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-180
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(b)

Fig. 2: Measured acoustic feedback paths: a) Amplitude responses, b) Phase responses
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feedback path are Lf = 100 and Lfˆ = 64, respectively.
The sampling frequency fs = 16kHz, the forward path gain
|K| = 30 dB, the delay in the forward path dk = 96 samples,
the delay in the feedback canceller path df b = 1 sample are
chosen. The upper and lower bounds of the step-sizes are
μU = 0.005, μL = 0.0005, respectively. The weighting factor
γ = 0.9999 and the parameter ζ = 10−6 are also selected. The
regularization parameters δAP A are chosen following Table I.
We select the smallest projection order, i.e., P = 2 to avoid a
large increase in computational complexity. The order of 20 is
assigned for the prediction-error ﬁlter Ĝ(q) which is estimated
by using the Levinson-Durbin algorithm every 10 ms. For
evaluating the performance of mentioned AFC approaches,
the normalized misalignment (MIS) and the added stable gain
(ASG) are calculated as follows [2], [36]

0
μPVSS-APA , P=2

-5

MIS [dB]

-10

-20

-25

-30

=

jω

20

40

60

80

(a)
1
P=2

μPVSS-APA

0.8

(30)

ASG

0

Time [s]

⎛   
⎞
 jω 2
π
jω
−jωdf b
e
−
e
dω
F̂
e
F

⎜ 0
⎟
MIS = 10 log 10 ⎝
π
⎠,
2
jω
|F (e )| dω
0
⎛

-15

⎞

0.6

0.4

0.2

1

⎠
20 log 10 ⎝min 
ω
−jωdf b F̂ (ejω )
jω
)
−
e
(e

F


1
,
(31)
−20 log 10 min
ω |F (ejω )|
jω

where F̂ (e ) and F (e ) are the frequency responses of estimated and measured acoustic feedback paths at the normalized
angular frequency, respectively. We also use the perceptual
evaluation of speech quality (PESQ) recommended by Loizou
[35] to evaluate the speech quality. In the PESQ measures the
incoming signal u (k) and the error signal e (k) are chosen for
the reference signal and the test signal, respectively. In this
paper the PESQ is measured when the system has converged
(during the period of 75 s-79 s).
A. PEM-IPVSS-APA Evaluation
In this subsection, the FS is not considered. We ﬁrst run
simulation for the PEM-PVSS-APA with P = 2 and a
speech incoming signal to prove that the PVSS-APA which
was introduced in [10] for the AEC contexts seems not to
work well for the AFC applications, even when the PEM
is employed. The reason is the inherent correlation between
the loudspeaker signal and the microphone signal in the AFC
contexts. Fig. 3a shows that the misalignment behavior of the
PEM-PVSS-APA is poor due to the frequent ﬂuctuation of
the variable step-size μP V SS−AP A over a large range (see
Fig. 3b). We second evaluate the performance of the proposed
PEM-IPVSS-APA with P = 2 using a speech incoming signal.
Fig. 4 compares the MIS and ASG of the proposed PEMIPVSS-APA for the speech incoming signal and a sudden
change of the acoustic feedback path after 40s to the PEMIPVSS-NLMS and the PEM-APA using only the upper or
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Fig. 3: (a) MIS and (b) practical variable step-size results
for PEM-PVSS-APA (P=2) with a speech incoming signal,
a sudden change of acoustic feedback path and no FS.

the lower step-sizes which is utilized as the boundaries in
the IPVSS-APA. It can be seen that the proposed approach
outperforms the PEM-APA. In fact, it provides much higher
convergence and tracking rate but still maintains a similar
steady-state error and a similar ASG level compared to the
PEM-APA using μL . Moreover, the proposed approach yields
a signiﬁcant improvement in steady-state error while a similar
tracking rate compared to the PEM-APA using μU is achieved.
Furthermore, the PEM-IPVSS-APA converges quicker and
can track the abrupt change of the acoustic feedback path
faster than the PEM-IPVSS-NLMS, while providing a similar
steady-state error as well as a similar ASG level when the
system converges.
Fig. 5 depict the variable step-size μIP V SS−AP A for the
PEM-IPVSS-APA with the speech incoming signal. We can
see that this step-size tends to pick up larger values when
the system is unstable, e.g., when the acoustic feedback path
changes or at the beginning of simulation, and to get small
values when the system has converged. Thus the system will
obtain high convergence rate as well as tracking rate while
still maintaining a low steady-state error.
Table III computes the PESQ measures for the above
approaches. It shows that all mentioned approaches yield
good PESQ scores, but the proposed approach achieves a

1637

APSIPA ASC 2017

Proceedings of APSIPA Annual Summit and Conference 2017

12 - 15 December 2017, Malaysia

TABLE III: PESQ FOR A SPEECH INCOMING SIGNAL
WITH A SUDDEN CHANGE OF ACOUSTIC FEEDBACK
PATH AND NO FREQUENCY SHIFTING

0
μU=0.005
μL =0.0005

-5

μIPVSS-APA

MIS [dB]

μIPVSS-NLMS

AFC methods
PEM-APA, μU = 0.005
PEM-APA, μL = 0.0005
PEM-IPVSS-APA
PEM-IPVSS-NLMS

-10

-15

-20

-25

TABLE IV: PESQ FOR A SPEECH INCOMING SIGNAL
WITH FREQUENCY SHIFTING 5 HZ
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PEM-IPVSS-NLMS
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PEM-APA, μL = 0.0005
PEM-IPVSS-APA
PEM-IPVSS-NLMS

Time [s]

(a)
25
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5
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Time [s]

(b)

Fig. 4: (a) MIS and (b) ASG results for PEM-APA and PEMIPVSS-APA with a speech incoming signal, a sudden change
of acoustic feedback path and without FS.
5
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Fig. 5: Variable step-sizes μIP V SS−AP A for PEM-IPVSSAPA with a speech incoming signal and a sudden change of
acoustic feedback path.

better PESQ score compared to the PEM-APA with μU while
providing a similar PESQ score (approximately 4.4) compared
to the remained approaches.
B. PEM-IPVSS-APA-FS Evaluation
In this subsection, we evaluate the proposed approach with
FS in comparison with the PEM-APA-FS using either μU
or μL and the PEM-IPVSS-NLMS-FS. We choose a small

978-1-5386-1542-3@2017 APSIPA

Acoustic feedback path
not changes

changes

P ESQ
3.64
4.34
4.35
4.40
3.64
4.35
4.36
4.39

amount of frequency shifting, i.e., f0 = 5 Hz, and apply the
FS for the broadband signal. By choosing such small frequency
shifting almost no degradation in the signal quality is noticed.
Fig. 6 evaluates the convergence rate of the PEM-IPVSSAPA-FS in comparison with the PEM-APA-FS and the PEMIPVSS-NLMS-FS for the case of a speech incoming signal
and the ﬁrst acoustic feedback path. It can be observed that the
proposed method yields quicker convergence rate compared to
both the PEM-IPVSS-NLMS-FS and the PEM-APA-FS with
μL . For instance, a signiﬁcant improvement in the MIS of
approximately 4 dB and 9 dB during convergence is achieved
for the proposed method compared to the PEM-IPVSS-NLMSFS and the PEM-APA-FS with μL , respectively. Moreover,
three methods including the PEM-APA-FS with μL , the PEMIPVSS-NLMS-FS and the PEM-IPVSS-APA-FS converge to
a similar steady-state error (approximately -31 dB) which is
much lower than that of the PEM-APA-FS with μU .
Fig. 7 evaluates the tracking rate of the proposed method for
the speech incoming signal and a sudden change of acoustic
feedback path after 40 s. It shows that the PEM-IPVSS-APAFS can track the change of the acoustic feedback path quicker
than the PEM-IPVSS-NLMS-FS as well as the PEM-APA-FS
with μL . By comparing the steady-state level of the PEMIPVSS-APA-FS to that of the PEM-IPVSS-APA when the
system converges we can see that the frequency shifting can
provide approximately 9 dB improvement for the MIS as well
as for the ASG.
Table IV shows that there is a reduction of approximately
0.25 score of the PESQ for the PEM-APA-FS using μL compared to the case without FS. For all remained methods, similar
PESQ scores are obtained compared to those corresponding
methods with no FS for both cases with/without a change of
the acoustic feedback path.
Fig. 8 depicts the μIP V SS−AP A for the PEM-IPVSSAPA-FS for the speech incoming signal and with/without a
change of the acoustic feedback path. The behavior of the
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Fig. 6: (a) MIS and (b) ASG results for PEM-APA-FS and
PEM-IPVSS-APA-FS with f0 = 5Hz, the ﬁrst acoustic
feedback path and a speech incoming signal.

Fig. 7: (a) MIS and (b) ASG results for PEM-APA-FS and
PEM-IPVSS-APA-FS with f0 = 5Hz, a sudden change of
acoustic feedback path, and a speech incoming signal.

μIP V SS−AP A for the system with FS is similar to that for
the system without FS, i.e., it also picks up high values when
the system is unstable and low values when the system has
converged.
For all above simulations, the proposed approach seems to
have a slower initial convergence rate and a slower tracking
rate than the PEM-APA using μU since (10) and (11) are
biased in these situations [10].
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