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Abstract— Numerous adaptive feedback cancellation (AFC)
algorithms are used in open-fitting and in-ear hearing aid devices
(HADs) in order to avoid the possible annoying howling sounds.
Recently, a hybrid AFC (H-AFC) scheme that shortened the
recovering time from howling was proposed. It consists of a
switched combination adaptive filter controlled by a stability
detector that chooses either the standard normalized least mean
squares (NLMS) algorithm or the prediction-error method
(PEM) NLMS algorithm. In this paper a hybrid simplified
Kalman filter (H-SKF) that uses a modified stability detector and
a switch between NLM S and (PEM) SKF algorithmsis proposed.
It isshown that the proposed approach improves the conver gence
properties and shortens the howling periods for both speech and
music signals compared with the hybrid NLMS (H-NLMS)
algorithm.
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I. INTRODUCTION

In the hearing aid devices (HADs) the microphone signals
are amplified and played back through loudspeakers [1]-[3].
Annoying artifacts such as reverberation echoes or howling can
be generated sometimes due to the acoustic feedback loops.
The feedback problem in HADs is an increasingly issue due to
the use of small-sized HADs as well as open-fitting HADs [4].
There are broadly two solutions for the feedback problem:
feedforward suppression and feedback cancellation agorithms
[1]-[2]. An example of feedforward suppression algorithms is
the notch-filtering [4]. In adaptive feedback cancellation (AFC)
an adaptive filter identifies the time-varying acoustic feedback
path [5]-[6]. Unfortunately, mismatches in the estimate of
correlation properties of the incoming signal can lead to a
biased solution. Several techniques have been proposed to
reduce this bias, such us frequency shifting [7], non-linear
processing [8], probe noise injection [9], two microphones
solution [10]-[13], etc. One of the most promising techniquesis
the prediction-error-method AFC (PEM-AFC) [14]. In PEM-
AFC, the inverse of the estimated all-pole filter is used to pre-
filter the loudspeaker signal and the microphone signal prior to
adapting the feedback canceler. A significant practical
challenge is to improve the AFC performance when there are
fast changes in the acoustic feedback path or when howling
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occurs. In [15] the recovery from a howling period using AFC
has been investigated. The hybrid NLMS (H-NLMS) algorithm
was proposed. It combines the strength of the NLMS and
PEM-NLMS algorithms. The former provides a fast re-
convergence from a howling period [1], while the latter
provides a low misalignment (MIS) and a low bias solution
[14]. The H-NLMS algorithm was controlled by a stability
detector using a soft-clipper. When instability is detected, the
standard NLM S agorithm is used, otherwise the PEM-NLMS
algorithm is used. It was also shown that the H-NLMS
algorithm outperformed the PEM-NLMS algorithm both
during the initial convergence as well as during re-convergence
after afeedback path change [15].

The Kalman filter has been used in many practica
applications such as active noise control (ANC) [16], acoustic
echo cancellation (AEC) [17], etc. In [17] the simplified
Kaman filter (SKF) has been proposed. Its relationship with
NLMS and similar behavior with the variable step-size (VSS)
adaptive filter have been proved. The VSS schemes were
successfully used to improve the performances of the AEC
[18] and AFC systems [19], respectively. However, the SKF
performance for AFC systems has not been investigated yet.

In this paper, we propose a hybrid algorithm combining
the PEM-SKF agorithm and the standard NLMS algorithm
using a modified stability detector based not only on soft-
clipping as in [15] but also on the variance of the consecutive
filter coefficients estimates. It is shown that the proposed
algorithm called the hybrid SKF (H-SKF) algorithm can
achieve better performance in terms of added stable gain
(ASG) and MIS than the H-NLMS agorithm and can reduce
the howling time at the price of a small numerical complexity
increase.

The paper is structured as follows. Section Il presents the
proposed agorithm. The simulation results are presented in
Section I11. Finally, the conclusions are given.

Il. THE PROPOSED ALGORITHM

A. The H-NLMSalgorithm

Fig.1 illustrates the scheme of the proposed method. It is
based on the scheme from [15], the difference is that the
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stability detector output depends on the filter update parameters
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Fig. 1. Block diagram of the used AFC scheme

The microphone signal is given by:

Theerror signdl is:

where H (g,k) isan estimate of H(q,k) and y(k) isthe
input of the adaptive filter.
In the PEM-AFC approach, the incoming signal is modeled
as an auto-regressive (AR) model [14], i.e,,
x(k)= A" (ag,k)w(k), ©)
with A(q,k) a stable polynomial transfer function and w(k)
white Gaussian noise. The AR coefficients are usually found

by the Levinson-Durbin method. In the H-AFC approach, the
pre-filtered error signal is defined as follows [15]:

& (k) =m(k)-H (g,k) y(k), @)
where (k)= A(g,k) y(k) and m(k)= A(q,k)m(k).
The NLMS agorithm has the well-known update equation
[15] as:

These coefficients are copied to the feedback canceller as
seen in Fig. 1. When a soft-clipping is used with PEM-NLMS
the algorithm istermed as PEMSC-NLMS[15].

It is known that the NLMS algorithm is able to quickly
recover the unstable system [1], while PEM-NLMS is not
working very well in these situations [14]. Therefore, in [15],
the Hybrid NLMS (H-NLMS) agorithm that combines the
NLMS and PEM SC-NLMS a gorithms was proposed.

B. The Hybrid Smplified Kalman algorithm for AFC

In [15] the simplified Kaman agorithm (SKF) was
proposed. It was shown that it behaves like a variable step-size
filter with proper parameters. Its fast convergence and low
misadjustment were proved for an acoustic echo cancellation
(AEC) application. The SKF algorithm performance has not
been tested on the AFC case. However, our simulations have
shown that, in some cases, the SKF agorithm leads to howling
periods, particularly at the beginning of convergence or when
afeedback path change.
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As shown in [15], when the SKF algorithm starts to
converge or there is a feedback change, the parameter 62 (k)

takes high values that leads to fast convergence. Our
simulations have shown that, during these periods, there is
also arisk of howling occurrence. Therefore, it would help to
allow some NLM Siterations during these detected periods [1],
[15]. We propose to use a switched combination of the NLMS
and the SKF algorithm controlled by the stability detector
whose binary decision is given not only by the soft-clipping as
in [15] but also by the 62 (k) value. The NLMS algorithm is

selected when instability is detected, while the SKF algorithm
is selected otherwise. We can achieve this by modifying the
control operator as follows:

al(k):a(k)u(é'\,zv(k)>9), (18)
where U is the binary OR operator and 6 is a carefully
chosen threshold. Its value is chosen depending on the AFC

scheme parameters(a\?, B, 7) such that the stability margin
[15] on atest speech fileis smaller than 3 dB.

[1l. SIMULATION RESULTS

The performance of the H-NLMS, the SKF and the H-SKF
algorithms was investigated using the same feedback path
characteristics measured for both scenarios of normal and
closest feedback paths (see Fig. 2) from [21]. The incoming
signal were a concatenated male and female speech from
NOIZEUS database and a music signal (the song “Imagine” by
John Lennon). Fig. 2 shows the amplitude responses of the
measured acoustic feedback paths, where the first acoustic

feedback path (H, (f)) and the second acoustic feedback path

(H,(f)) were measured in free-field and with a telephone
receiver placed close to the ear, respectively [21]. The
incoming signals were a concatenated male and female speech
from NOIZEUS database and a music signal (the song
“Imagine”’ by John Lennon). The signals were 50s long and the
tracking behavior was examined by switching after 25s from
the normal path to the closest feedback path.

Fig. 2. Characteristics of measured feedback paths[21]

computed the average values of both MIS and ASG over the
50s signals and the perceptual evaluation of speech quality
(PESQ) measure for entire signal [21]. The PESQ measure is
recommended by ITU-T for speech quality assessment of
narrow-band handset telephony and speech codecs [22].

The prediction-error filter has an order of 20 and the
Levinson-Durbin method was made on blocks of 100 ms. Asin
[15], Ly = 64, the gain in the forward path Gy is 45 dB, dg
corresponds to a6 ms delay in the forward path and one sample
delay isin the feedback canceller path. Other parameters were:

y=015 B=2, 14=000L, £=10"% u,=02 and
o2 =0.05.

In the first experiment, the influence of @ value on the
ASG performance is examined. Three cases were considered:

no @, i.e in Eq. 19 (k) replaces ¢4 (k), 6=10"1° and
6=10"13.
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Fig. 3. ASG Performance of the H-SKF algorithm for different 8 values.

It can be seen from Fig. 3 that the choice of 8 has an
important effect on the ASG performance. The best

performance is obtained for 6 =10713 while the worst is

obtained for @ =10719, Therefore, a proper choice of 8 can
lead to improved performance of the H-SKF algorithm. The

valueof @ =10"12 isused for the following experiments.

In Fig. 4 a comparison of the MIS and ASG performance of
the H-SKF and the H-NLMS algorithms is made when the
incoming signal is speech at 0 dB volume level. It can be
noticed that the proposed algorithm obtains better MIS and
ASG performance, have a faster convergence and better
tracking abilities. Also, the PESQ score of the H-SKF was 3.90
while the PESQ score of the H-NLM S was 3.53.

Fig. 5 presents the control signals for the H-SKF algoritm
(ory (k) and & (k) , respectively). The contribution of the term

62 (k) >0 of Eq. 18 can be noticed by comparing the control
variables from Fig. 5.

Figure 6 shows the loudspeakers output signals for speech
incoming signals at O dB signal level. It can be seen that the
H-SKF agorithm is able to reduce the howling periods. It can
be noticed from Fig. 6 that the H-SKF obtains better MIS than
the H-NLMS (an average misalignment reduction of 1.1 dB).
Also, the average ASG increase is about 0.3 dB. The PESQ
score of the H-SKF is 3.63, while the PESQ score of the H-
NLMSis3.38.

In Fig. 7 the MIS and ASG performance of the investigated
algorithms for the same parameters as above is made when the
volume level of incoming speech signa is at -6 dB. By
comparing Fig. 7 and Fig. 4, it is obvious that the volume level
of incoming speech signal has an influence of the performances
of both investigated algorithms.

Fig. 4. Performance comparison of the H-SKF and the H-NLMS algorithms
for 0 dB speech volume level; a) MIS; b) ASG.

Fig. 5. Control signals for 0 dB volume level of incoming speech signal; a)
a5 (K) ) (k)

For this volume level, the control signals are shown in Fig. 8
and the loudspeaker output signals are plotted in Fig. 9.

In the following simulation, the performance of the H-SKF
and H-NLMS agorithms for incoming music signa is
investigated. The results are like those obtained for speech. Fig.
10 compares the ASG and the MIS of the H-SKF algorithm
and the H-NLMS algorithm for incoming music signal, while
Fig. 11 illustrates the loudspeaker output signas. The
improvement in terms of ASG and MISisaround 2 dB.

It is obvious that the howling periods for the H-SKF
algorithm are fewer and shorter than those of the H-NLMS
algorithm. It can be seen from Fig. 12 that the control signal of
H-SKF matches the howling periods of the loudspeaker signal
of Fig. 11.
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Fig. 6. Loudspeaker output signals for 0 dB volume level of incoming speech
signal; @) H-SKF; b) H-NLMS

Fig. 7. Performance comparison of the H-SKF and the H-NLMS algorithm
for -6 dB speech volume level; @) MIS; b) ASG.

Fig. 8. Contral signas for -6 dB speech volume level; a) H-SKF; b) H-
NLMS

Fig. 9. Loudspeaker output signalsfor -6 dB speech volume level; a) H-SKF;
b) H-NLMS

Fig. 10. Performance comparison of H-SKF and H-NLMS algorithm for 0 dB
music volume level; @) MIS; b) ASG.

Fig. 11. Loudspesaker output signals for 0 dB music volume level; a) H-SKF;
b) H-NLMS
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Fig. 12. Control signalsfor 0 dB music volume level; a) H-SKF; b) H-NLMS

It can be concluded that the performance of the H-SKF
algorithm is much better than that of the H-NLMS algorithm
for incoming music signals.

IV. CONCLUSIONS

In this paper a hybrid simplified Kalman filtering AFC
algorithm for HADs has been proposed. It uses a combined
previously proposed soft-clipping-based stability detector with
a comparison of an interna algorithm parameter with a
threshold. The simulations suggest that, for the current
parameter set-up, improved results can be obtained by the
proposed H-SKF agorithm over those of the H-NLMS
algorithm for both incoming speech and music signals and a
changing acoustic feedback path.
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