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Using a reflection model for modeling the dynamic feedback
path of digital hearing aidsa)
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Feedback whistling is one of the severe problems with hearing aids, especially in dynamic situations
when the users hug, pick up a telephone, etc. This paper investigates the properties of the dynamic
feedback paths of digital hearing aids and proposes a model based on a reflection assumption. The
model is compared with two existing models: a direct model and an initialization model, using the
measured dynamic feedback paths. The comparison shows that the proposed approach is able to
model the dynamic feedback paths more efficiently and accurately in terms of mean-square error
and maximum stable gain. The method is also extended to dual-microphone hearing aids to assess
the possibility of relating the two dynamic feedback paths through the reflection model. However,
it is found that in a complicated acoustic environment, the relation between the two feedback paths
can be very intricate and difficult to exploit to yield better modeling of the dynamic feedback
paths. © 2010 Acoustical Society of America. �DOI: 10.1121/1.3290989�

PACS number�s�: 43.66.Ts, 43.20.El, 43.60.Ac, 43.60.Uv �AJZ� Pages: 1458–1468

I. INTRODUCTION

Feedback is a severe problem in hearing aids, which
limits the maximum gain that can be achieved.1 The acoustic
feedback path is the most significant contributor to the feed-
back signal although electrical and mechanical paths also
exist.2 A widely adopted approach to acoustic feedback sup-
pression is feedback cancellation, where the acoustic feed-
back signal is estimated and then subtracted from the input
signal to remove feedback.3 The maximum stable gain
�MSG� that can be obtained by feedback cancellation de-
pends on how accurately the feedback path is estimated. A
perfect match between the modeled and the real feedback
path will cancel the feedback signal completely, and the sys-
tem will be stable for any amount of amplification.4

A typical acoustic feedback path in the hearing aids in-
cludes the effects of the hearing-aid amplifier, receiver, mi-
crophone, the acoustics of the vent or leak, as well as the
external acoustics. Except for the fitting and external acous-
tics, all the parts are nearly constant or very slowly varying
with a time frame of weeks or years5 when the user has put
on the hearing aid. Assume that the user stays still in a sta-
tionary acoustic environment, and the feedback path will be
almost static. This feedback path is referred to as a “static
feedback path.” However, in practice, the feedback path is
usually subject to dynamic changes. The causes of these
changes fall into two categories: �a� changes in the hearing-

aid fitting, including jaw movement, smile, yawn, and ceru-
men; �b� changes in the external acoustics, including the fac-
tors such as room reverberation, a hand, or telephone handset
near the ear. The variant feedback path due to these changes
is called “dynamic feedback path.” In this paper, only the
dynamic feedback path for a specific position along the
changing course is studied. The temporal characteristics,
such as the changing rate at that position, are not addressed.

The properties of feedback paths have been investigated
intensively in previous studies,5,2,6 where the effect of vent
size, the variability of feedback due to smiling, and handset
proximity, were discussed. A common observation in these
studies is that the largest variation in the acoustic feedback
path was found when a hand or telephone handset was
placed near the ear. For behind-the-ear �BTE� devices, the
maximum variation can go up to 20 dB, whereas for in-the-
ear �ITE� device, it can even go up to 27 dB in the 2–5 kHz
frequency range compared with the static feedback path.6

The modeling of the feedback path has also been dis-
cussed intensively. However, the majority of the previous
work has focused on the static feedback path, trying to model
each static component, such as cavities and transducers, by
an equivalent electroacoustic model.7–9 For dynamic feed-
back path modeling, there is not very much research up to
the present. One study that is relevant measured the variabil-
ity of feedback path under various conditions and introduced
an uncertainty bound model to calculate the robust stability
condition for the hearing-aid system.2 It provided knowledge
about one aspect of the dynamic feedback path properties,
i.e., the extent of variability, but did not discuss other acous-
tic properties and did not investigate the modeling issue ei-
ther. Another relevant study dealt with feedback cancellation
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in room reverberation.10 The focus of that study was the
performance of feedback cancellation instead of the proper-
ties of the feedback path and its modeling in reverberation.

To track the dynamic aspect of feedback paths in the real
world, feedback cancellation in many hearing aids today in-
cludes an adaptive feedback path model, where a simple
adaptive finite-impulse-response �FIR� filter is used instead
of an infinite-impulse-response �IIR� filter, since adaptive IIR
filter suffers from the problem of computational complexity,
instability, and local minima.11 Thus, the estimate of dy-
namic feedback path is essentially a procedure of updating
the coefficients of the adaptive FIR filter.

In general, two models with different ways of using the
adaptive FIR filter have been proposed to model the dynamic
feedback paths. In the first model, such as the systems pro-
posed in some previous studies,12,13 the overall feedback path
is represented with the FIR filter. This model is referred to as
the “direct model.” The second model, such as the systems
proposed in other studies,3,14 incorporates a fixed model and
an adaptive FIR filter. The fixed model represents the slowly
varying portion of the feedback path �microphone, amplifier,
and receiver�, whereas the adaptive filter represents the rap-
idly varying portion �mainly the change of fitting and exter-
nal acoustics�. The fixed model can be either captured by an
initialization,3 referred to as an “initialization model” in this
paper, or roughly approximated as a high-pass filter.14 Com-
pared with the direct model, the initialization model gener-
ally needs a shorter FIR filter and is computationally more
efficient but requires an additional procedure in the hearing-
aid fitting.

No matter which model is used, effective feedback can-
cellation requires that the FIR filter should adapt fast enough
given the variability of the feedback paths and should be
long enough to model all of the salient features.10 The feed-
back path varies at different rates under different conditions.
For example, jaw movements will produce changes with a
time frame of seconds/minutes.15 The picking up of a tele-
phone handset changes the feedback path with a time frame
of milliseconds/seconds. Production and disposal of cerumen
will result in changes with a time frame of weeks and
months, while aging causes changes with a time frame of
years.5 Usually the adaptation speed is not a problem even in
the extreme cases as long as a proper adaptation scheme, for
example, frequency-domain adaptation, is used. However, in
practice, to maintain sound quality and minimize the artifacts
resulted from adaptation errors when a spectrally colored sig-
nal is inputted,13 the adaptation usually has to slow down and
is not fast enough in some occasions. These adaptation prob-
lems, although prominent and complicated in the feedback
cancellation system, are more related to the on-line adapta-
tion scheme and the characteristics of the input signals, in-
stead of the models of the feedback paths. The focus of this
paper is on the modeling. Therefore, these adaptation issues
are not addressed in this paper.

As for the sufficient length of the FIR filter in the model,
the natural questions are as follows: how many orders of the
FIR filter would be “enough” in various dynamic situations,
and is there any other model that is more effective in mod-
eling the dynamic feedback paths? In order to address these

issues, the characteristics of the dynamic feedback path in
addition to variability should be examined. This paper inves-
tigates these properties for the most adverse proximity situ-
ation that happens frequently and challenges the feedback
cancellation most. This paper also describes a novel reflec-
tion based model �proposed in a previous publication16� in
detail and extends the previous work thoroughly. The basic
idea of the reflection model is to assume that the dynamic
feedback path consists of multiple propagation paths and es-
timate the delays and gains associated with these paths di-
rectly. It differs from the two existing models in that the
reflection model has an underlying physical assumption, and
is more generalized by allowing fractional delays in the
model, which will be described in more detail in Sec. II. The
effectiveness of the new model is compared with the existing
two models mentioned above, i.e., the direct model and the
initialization model, using data from measurements. The
comparison shows that the proposed model is superior in
terms of mean-square error �MSE� and MSG.

For a hearing aid with dual microphones, due to the
short distance between the two microphones �normally less
than 2 cm�, the two feedback paths are similar in most situ-
ations. This paper investigates the possibility of relating the
two dynamic feedback paths using the initialization model
and the reflection model. It is shown that in a complicated
acoustic environment, the relation between the two feedback
paths can be very intricate and difficult to exploit to yield
better modeling of the dynamic feedback paths.

The outline of this paper is as follows: in Sec. II, two
traditional models are explained and a new reflection model
is proposed. In Sec. III, the measurement configuration and
procedure are described. The properties of the dynamic feed-
back paths are discussed in Sec. IV. In Sec. V, the perfor-
mance of the proposed model is compared with the existing
two models and the possibility of using this model for relat-
ing the two dynamic feedback paths of a dual-microphone
hearing aid is explored based on the measured data. Con-
cluding remarks and directions for future work are given in
Sec. VI.

II. MODELS FOR THE DYNAMIC FEEDBACK PATH

The general diagram of adaptive feedback cancellation
is depicted in Fig. 1. It should be noted that the impulse
responses of the microphone and receiver have been included
in the impulse response of the feedback path b�n�. Although
there are various feedback models as mentioned in Sec. I,
their estimation of b�n� can all be represented in a compact

form b̂�n ,��, where n denotes the discrete-time index and �
is a particular parameter set of a model. For example, when
the feedback path is modeled by a FIR filter, � represents the
FIR coefficients. The principle of feedback cancellation is to
adjust the parameters � in the feedback model so that the

modeled feedback path b̂�n ,�� approximates the true feed-
back path b�n�. The output v�n� is the instantaneous estima-
tion of the feedback signal f�n� and is subtracted from the
input signal s�n� to remove the feedback.

In principle, the impulse response b�n� has infinite du-
ration. However, the amplitude of b�n� decays very fast, as

J. Acoust. Soc. Am., Vol. 127, No. 3, March 2010 Ma et al.: Dynamic feedback path modeling 1459

Downloaded 29 Jun 2010 to 192.38.67.112. Redistribution subject to ASA license or copyright; see http://asadl.org/journals/doc/ASALIB-home/info/terms.jsp



shown later in Fig. 5. It is assumed in the following that both

b�n� and b̂�n ,�� are truncated to a sufficient length so that
the energy loss in the impulse response due to the truncation

is at least 35 dB below the total energy of b�n� or b̂�n ,��.
To investigate each feedback model’s capability in cap-

turing the true feedback path, the parameters � for each
model is optimized by minimizing the difference between the

modeled feedback b̂�n ,�� and the actual feedback path. This
minimization formulated in the frequency domain is as fol-
lows:

�opt = arg min
�

�FH�b̂��� − b��2
2, �1�

b = �b�0�, . . . ,b�L − 1��T, �2�

b̂��� = �b̂�0,��, . . . , b̂�L − 1,���T, �3�

F = �f0,f1, . . . ,fL−1� �4�

fk = �1,ej�k, . . . ,ej�k�L−1��T, �5�

where � �2 denotes the Euclidean norm, L is the length of the
truncated impulse responses in samples, �k=2�k /L, k
=0,1 , . . . ,L−1, F is the discrete Fourier transform matrix,
and the superscripts T and H denote the transpose and con-
jugate transpose of a matrix or vector, respectively.

Based on the framework above, Secs. II A–II C will de-
tail each feedback path model by specifying its parameter
structure �, the corresponding optimization procedure, and
the analytic optimal solution if it exists. The optimal solu-
tion, either in analytic or in numerical form, represents the
capability of each feedback model to represent the actual
feedback path b�n�.

A. Existing models for dynamic feedback paths

The existing two models for dynamic feedback path are
the direct model and the initialization model, both of which
can be formulated as a cascade of prefiltering and an adap-
tive FIR filter.

Let b0�n� and w�n� denote the impulse response of the
prefiltering and the adaptive filter, respectively. The modeled

feedback b̂�n ,�� is then the convolution of b0�n� and w�n�,
i.e.,

b̂�n,�� = w�n� � b0�n� = �
l=0

M−1

w�l�b0�n − l� , �6�

where M is the order of w�n�, and � is the convolution
operator.

1. Direct model

The feedback path b�n� is always associated with a lead-
ing delay, which is the sum of the processing delay in h�n�
and the acoustic delay in the transmission path. In the “direct
model,” the FIR filter w�n� is used to model the “active”
portion of the feedback path, whereas the prefiltering b0�n� is
simply a delay of D samples introduced to match the leading
delay in b�n� and provide a more efficient use of the limited
number of taps in w�n�. The parameters are therefore of the
form

b0�n� = �1, n = D

0, otherwise,
� �7�

� = 	w�n�,D
 . �8�

The optimal parameters wopt�n� and Dopt can be obtained
by solving the optimization problem in Eqs. �1�–�8�.

If the delay D is fixed, the least-squares solution is
straightforward:

wopt = �b�D�, . . . ,b�D + M − 1��T. �9�

If D is not fixed, an easy procedure to obtain the optimal
solution is to search for an integer delay D that minimize the

distance between b̂�n ,�� and b�n�.

Hearing Aid
h(n)

Feedback
b(n)

Microphone
s(n)x(n) u(n) y(n)

f(n)

Receiver

Feedback Model

e(n)

v(n)

),n(b̂ �

FIG. 1. General diagram of adaptive feedback cancellation. The input to the hearing-aid processing is s�n�, which is the sum of desired input signal x�n� and
the feedback signal f�n�. The processed hearing-aid signal is u�n�. The signal output into the ear canal is y�n�. The impulse response of the feedback path is

b�n�, and v�n� is the estimate of f�n� from the modeled feedback path b̂�n ,��.
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2. Initialization model

To model the feedback path accurately, the direct model
in Sec. II A 1 usually needs a very high-order adaptive FIR
filter w�n� to cover the active range of the feedback path.
One way to improve the modeling efficiency is to use the
initialization model.

The feedback path b�n� consists of slowly varying por-
tions such as the responses of microphone, amplifier, re-
ceiver, etc. The idea of the initialization model is to use a
fixed model, which is initialized during an additional off-line
initialization procedure in the hearing-aid fitting, to model
these slowly varying portions, and use a short adaptive FIR
filter to represent the rapidly varying portions �mainly the
change in fitting and external acoustics�.

In such an initialization procedure, a “nominal feedback
path” is first measured, which is defined as the feedback path
without any external reflectors or enclosures near the hearing
aid. When the hearing aid is put into use in daily life, the
adaptive filter w�n� only needs to model the part that is dif-
ferent from the nominal initialization to capture the time-
varying dynamic feedback path. Since the impulse responses
of microphone, receiver, etc., are nearly invariant from the
initialization to dynamic situations, this different part is
mainly resulted from the change in the hearing-aid fitting and
external acoustic environments,2 which can be modeled by
an adaptive filter with a lower order.

In the initialization model, the prefiltering b0�n� in Eq.
�6� is a fixed model to represent the impulse response of the
nominal feedback path obtained in the initialization. In prac-
tice, it can be realized by an autoregressive moving average
model �ARMA� model.3 To avoid the complicated issue of
how to model the initialized feedback path with an ARMA
model to get the best generalized performance in feedback
cancellation,3,17 it is simply assumed that b0�n� is exactly the
impulse response of the nominal feedback path. Therefore,
the parameter for initialization model is of the form

� = 	w�n�
 . �10�

Assume that the filter length of w�n� is M, and the im-
pulse response b0�n� is truncated to L−M +1 samples and

padded with M −1 zeros so that the length of b̂�n ,��, which
is the convolution of w�n� and b0�n�, equals L. The impulse
response of the dynamic feedback path b�n� is also assumed
to be of length L.

The optimal parameter wopt�n� for real valued w�n� with
length M in the initialization model can be found by solving
the least-squares problem with Eqs. �1�–�6� and �10�:

wopt = �diag�FHb̃0�F̃H�+�FHb� , �11�

b̃0 = �b0
T,01��M−1��T, �12�

b0 = �b0�0�, . . . ,b0�L − M��T, �13�

F̃ = �f̃0, f̃1, . . . , f̃L−1� , �14�

f̃k = �1,ej�k, . . . ,ej�k�M−1��T, �15�

where �k=2�k /L, k=0,1 , . . . ,L−1, diag� · � forms a diago-
nal matrix with diagonal elements specified in � · �, � · �+ is a
pseudoinverse defined as � · �+= �� · �H� · ��−1� · �H, and 01��M−1�

represents a zero vector of size 1� �M −1�. The matrix F̃ is a
partial discrete Fourier transform matrix which results from
the fact that w�n� is only of the length M.

B. Reflection model for dynamic feedback paths

1. Model formulation

The initialization model b̂�n ,w�n�� formulated in Eq. �6�
can also be regarded as a weighted sum of the nominal im-
pulse response b0�n� and its delayed replicas with integer
delays.

In typical dynamic situations where there is room rever-
beration or a handset placed close to the hearing aid, the
feedback path is a composition of reflection and refraction,
where reflection usually dominates. In addition to attenuation
or amplification in the amplitude, a certain delay is associ-
ated with each reflected component. These physical delays,
when transformed into the digital domain, are possibly frac-
tional in terms of samples. Therefore, the model in Eq. �6� is
generalized to a new model as follows:

b̂�n,�� = �
l=0

M−1

w�l�b0�n − dl� , �16�

� = 	w�l�,dl
 , �17�

where dl is the delay of the lth replica, dl�dl−1�0, and l
=1, . . . ,M −1. Although the delays dl in the model equations
�16� and �17� are allowed to be fractional, the actual sub-
sample implementation needs time-domain interpolation or
frequency-domain multiplication. The latter is more efficient
and is given in Sec. II B 2.

In this model, the impulse response of the nominal feed-
back path, measured during initialization without significant
disturbances such as reflections, is regarded as an approxi-
mation of the direct path. The dynamic feedback path is
modeled as a sum of reflection components with delay dl and
gain w�l�. This model is thus named “reflection model.”
When dl= l, the reflection model reduces to the initialization
model. Therefore, the reflection model is more general and
expected to capture the dynamic feedback path better than
the initialization model since it represents more accurately
what happens in the physical world.

2. Delay estimation

The optimal delays dl,opt and weights wopt�l� for the re-
flection model can be found by solving the optimization
problem given by Eqs. �1�–�5�, �16�, and �17�, which is a
nonlinear optimization problem.

However, efficient time delay �TDE� and amplitude es-
timation techniques have been investigated intensively in
many fields such as radar, sonar, radio navigation,
geophysical/seismic exploration, wireless communication,
and medical imaging. The most well-known approach is
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based on the matched filter,18 whose resolution capability is
unfortunately limited to the reciprocal of the signal band-
width. For dynamic feedback path modeling, the difference
between delays can be very small due to the handset prox-
imity effect. Therefore, TDE techniques with high resolution
should be used. Among these techniques, algorithms such as
multiple signal classification, linear prediction, and maxi-
mum likelihood are not very well suited here since they are
best for complex-valued signals with special spectral
shapes.19 A weighted Fourier transformation and relaxation
�WRELAX� based method20 is found to be very robust to
address the problem. First, the cost function is defined as
follows:

C1�	w�l�,dl
l=0
M−1� = �B − �

l=0

M−1

w�l��Sa�dl���
2

2

, �18�

where

B = FHb , �19�

S = diag�FHb̃0� , �20�

a�dl� = �1,e−j�2�/L�dl, . . . ,e−j�2�/L�dl�L−1��T. �21�

Equation �18� is simply a formulation of the inner part of Eq.
�1� with Eqs. �16� and �17� inserted. Minimizing the cost
function C1�	w�l� ,dl
l=0

M−1� with respect to w�l� and dl is the
problem of interest. To address this optimization problem,
denote

Bl = B − �
i=0,i�l

M−1

ŵ�i��Sa�d̂i�� , �22�

C2�w�l�,dl� = �Bl − w�l�Sa�dl��2
2. �23�

The cost function C2�w�l� ,dl� assumes that the other re-

flection components have been estimated as ŵ�i� and d̂i,
where i=0,1 , . . . ,M −1, i� l, except the lth component, and
minimizing this cost function yields the estimates ŵ�l� of

w�l� and d̂l of dl as20

d̂l = arg max
dl

�aH�dl��S�Bl��2, �24�

ŵ�l� = aH�dl��S�Bl�
�S�2

2 
dl=d̂l

, �25�

where the asterisk denotes the complex conjugate. If w�l�l=0
M−1

are assumed to be real numbers, minimizing C2�w�l� ,dl� with
respect to w�l� and dl yields20

d̂l = arg max
dl

	R�aH�dl��S�Bl��
2, �26�

ŵ�l� = R�aH�dl��S�Bl��
�S�2

2 
dl=d̂l

, �27�

where R� · � denotes the real part of � · �.

To estimate d̂l using Eq. �26�, an initial estimate of dl is
first obtained by locating the maximum peak in the magni-
tude of the K-point �K�L� fast Fourier transform �FFT� of
S�Bl with padded zeros. This process can also be regarded as
a matched filtering in the frequency domain. Then a search

for the d̂l that maximizes R	�aH�dl��S�Bl��
2 is made in a
small range around the initial estimate based on golden sec-
tion search and parabolic interpolation.21,22

The WRELAX estimates the delays dl and amplitudes wl

in the frequency domain to avoid fractional delay interpola-
tion. The general idea is to cross-correlate b�n� and b0�n� in
the frequency domain to find the coarse delays and gains of
the replicas by identifying the peaks of the cross-correlation.
Later an iterative search is performed by keeping one replica
of b0�n� at a time �removing the other identified replicas
from b�n��, repeating the cross-correlation and locating the
peak to find a better delay and gain estimation for that rep-
lica. This process is iterated until the relative change in the
cost function in Eq. �18� is below the threshold �. The de-
tailed steps are given below.

Step 1: For M =1 obtain 	ŵ�l� , d̂l
l=0 from B by using Eqs.
�26� and �27�.
Step 2: For M =2 compute B1 with Eq. �22� by using

	ŵ�l� , d̂l
l=0 obtained in Step 1. Obtain 	ŵ�l� , d̂l
l=1 from B1

by using Eqs. �26� and �27�. Next recompute B0 by using

	ŵ�l� , d̂l
l=1 and redetermine 	ŵ�l� , d̂l
l=0 from B0. Iterate
these two substeps until the relative change in
C1�	w�l� ,dl
l=0

M−1� between two consecutive iterations is be-
low the threshold �.
Step 3: For M =3 compute B2 with Eq. �22� by using

	ŵ�l� , d̂l
l=0
1 obtained in Step 2. Obtain 	ŵ�l� , d̂l
l=2 from B2.

Next recompute B0 by using 	ŵ�l� , d̂l
l=1
2 and redetermine

	ŵ�l� , d̂l
l=0 from B0. Then compute B1 by using

	ŵ�l� , d̂l
l=0,2 and redetermine 	ŵ�l� , d̂l
l=1. Iterate these three
substeps until the relative change in C1�	w�l� ,dl
l=0

M−1� be-
tween two consecutive iterations is below the threshold �.
Remaining Steps: Continue similarly until M is equal to the
desired number of paths.

In contrast to some estimation algorithms, such as the
expectation-maximization algorithm,23 the WRELAX is not
sensitive to the initial parameters since it uses a matched
filter to find these initial values. It is bound to converge to at
least a local minimum point, which is at least a better solu-
tion than what the traditional matched filter can yield. The
convergence speed of WRELAX depends on the time delay
spacing of the different reflected paths.20

C. Models for dual-microphone hearing aids

For hearing aids with dual microphones, the feedback
problem involves a dynamic feedback path for the front mi-
crophone, denoted as bf�n�, and a path for the rear micro-
phone, denoted as br�n�. One way of dealing with the two
paths is to model them individually by using one of the three
models described above. An alternative approach involves
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exploiting the relation between the two similar feedback
paths by fitting one dynamic feedback path with the other
dynamic path. There are two ways of fitting.

The first approach for the fitting, which is similar to the
initialization model �cf. Eq. �6��, is

b̂r�n� = �
l=0

M−1

w�l�bf�n − l� . �28�

The second approach for the fitting, which is similar to
the reflection model �cf. Eq. �16��, is

b̂r�n� = �
l=0

M−1

w�l�bf�n − dl� . �29�

The estimate of wopt�n� and/or delays dl,opt can be found
in similar ways described in Secs. II A 2 and II B.

III. MEASUREMENT OF DYNAMIC FEEDBACK PATHS

The nominal and dynamic feedback paths have been
measured using a commercial open-fitting BTE device with
two microphones from GN ReSound A/S. The hearing aid
was mounted on the head of Kemar Manikin type 45BA
made by G.R.A.S. Sound & Vibration A/S.24

The impulse responses of the feedback paths were mea-
sured by sending out a maximum-length sequence �MLS�
with a period of 255 samples through the receiver, repeating
it 1000 periods, and averaging the responses to get a high
signal-to-noise ratio �SNR� for the feedback path response
relative to random ambient noise. The sampling frequency
was 15625 Hz. Figure 2 illustrates the measurement diagram
where a HI-PRO universal programming interface for hear-
ing instruments made by GN Otometrics A/S �Ref. 25� is
used to feed the collected data into a computer to calculate
the impulse responses. The detailed procedure of the impulse
response measurement can also be found in Ref. 10.

The MLS is emitted at around 85 dB sound pressure
level �SPL� and transmitted to the microphone through the

feedback. The feedback path shapes the signal based on its
frequency response. The internal noise in the microphone is
less than 28 dB SPL and the ambient noise is less than 30 dB
SPL. The average over 1000 cycles of MLS increases the
overall SNR by 30 dB. This setup has been found to be very
reliable. The preliminary test shows that when the measure-
ments are repeated for ten times for a single feedback path,
the variance in the measured impulse responses is around 36
dB below the average response, which is sufficient for feed-
back path modeling.

The nominal feedback paths for both the front and rear
microphones are measured. The measured nominal feedback
path for the front microphone is denoted as bf ,0�n� and for
the rear microphone br,0�n�.

Since it was found that the movement of jaw, mouth,
etc., had little effect on the feedback path variations,5,2 and
the adaptive feedback cancellation in hearing aids today usu-
ally handles these situations very well in practice, the mea-
surement of dynamic feedback paths focused on the proxim-
ity effect.

Seven dynamic feedback paths were measured for both
the front and rear microphones. A rigid metal surface of di-
mension 196�132.6 mm2 was used and faced to the hear-
ing aid mounted on the Kemar head. The surface was moved
along the lateral side gradually toward the hearing aid from
position 1 to position 3 and later from position 3 to position
5, as shown in Fig. 3. The perpendicular distance between
the rigid surface and the hearing aid was kept at around 3 cm
during the movement. The impulse responses of the dynamic
feedback path at these five positions measured from the front

Hearing AidMicrophone Receiver

Feedback path

Hi-pro

PC

Noise

Feedback
signal

MLS

FIG. 2. The block diagram of the measurement system for measuring the
feedback paths. The feedback path is illustrated which includes the external
acoustics, for example, a Kemar head. The receiver sends out a MLS and the
feedback signal is picked up by the microphone with ambient noise together.
The data are fed into the computer through HI-PRO.

FIG. 3. The measurement setup for dynamic feedback paths with rigid sur-
face. The hearing aid is mounted on the Kemar head. Positions 1 and 2 are
symmetrical to positions 4 and 5 with regard to position 3, which is right at
the side of the hearing aid.
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microphone are denoted as bf ,1�n�−bf ,5�n� and from the rear
microphone br,1�n�−br,5�n�. Apart from the rigid surface,
two additional dynamic feedback paths were measured with
an outstretched palm facing the hearing aid on its lateral side
at a distance of around 3 cm �bf ,6�n� ,br,6�n�� and with a palm
wrapping around the hearing aid �bf ,7�n� ,br,7�n��, as illus-
trated in Fig. 4.

Therefore, altogether eight impulse responses were mea-
sured for both front and rear microphones including the static
feedback path �nominal feedback� and seven dynamic feed-
back paths. All the impulse responses are of the length 255
samples. The rigid surface measurements are artificial tests
for reflections whereas the palm measurements mimic the
most adverse situations for feedback cancellation in real life.

The frequency responses of these feedback paths are
shown in Fig. 5, where only the responses from the front
microphone are illustrated since the responses from the rear
are similar.

IV. PROPERTIES OF DYNAMIC FEEDBACK PATHS

In this section, the general characteristics of the mea-
sured dynamic feedback paths are investigated first. Later,
the reflection model proposed in Sec. II B is used to model
these paths and reveal other aspects of the characteristics of
dynamic feedback paths.

A. Variability of dynamic feedback paths

The sample mean and sample estimate of the standard
deviation of the measured dynamic feedback paths have been
calculated as a function of frequency. The mean and standard
deviation do not reveal all the properties of the dynamic
feedback paths but give an indication of the dynamic range
of the data. If it can be assumed that the variation in spec-
trum magnitude for each frequency is normally distributed,
then the 95% confidence interval of the expected value for
seven measurements is �B f −0.925S f ,B f +0.925S f� and �Br

−0.925Sr ,Br+0.925Sr� for the front- and rear-microphone
dynamic paths, respectively, where B f and Br are sample
means, and S f and Sr are sample estimates of the standard
deviation.

They are calculated as follows:

B f =
1

7�
l=1

7

�FHb f ,l� , �30�

S f =� 1

7 − 1�
l=1

7

��FHb f ,l� − B f�2, �31�

where

b f ,l = �bf ,l�0�, . . . ,bf ,l�L − 1��T. �32�

Note that B f and S f are both vectors. The symbol � · � in Eq.
�30� and � · �2 in Eq. �31� denote the elementwise absolute
operation and elementwise square of the vector in � · �, re-
spectively. The Br and Sr can be calculated similarly.

FIG. 4. The measurement setup for dynamic feedback paths with palm. The left figure represents an outstretched palm facing the hearing aid, and the right
figure depicts the cupped hand around the hearing aid.
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FIG. 5. Impulse responses and frequency responses of measured eight feed-
back paths �one nominal and seven dynamic feedback paths�.
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The variability results are shown in Fig. 6�a�. The
shaded region represents the uncertainty in the expected
magnitude of frequency responses of the dynamic feedback
paths. It should be noted that the variability illustrated here is
obtained with one single head and does not include the in-
tersubject variability. The general trend is that at low fre-
quencies, the uncertainty is small, but above 1 kHz, the un-
certainty increases and goes up to 10 dB at some frequencies.
The magnitude curve of the frequency response of the nomi-
nal feedback path lies below this shaded region at frequen-
cies lower than 1750 Hz, which means that the rigid surface
or hand in the measurements generally boosted the feedback
responses at low frequencies. Above 1750 Hz, most of the
nominal curve lies within the shaded region, and above 5
kHz, nearly all of the curve lies inside the region. This indi-
cates that the change in feedback path at high frequencies is
not a general boost but resulted from complicated effects
such as peaks and valleys. This trend agrees with the results
from other studies,5,2,6 despite the minor differences in the
measured feedback paths due to different devices, test envi-
ronments, etc.

The difference in dB between the sample mean of the
magnitude of dynamic feedback paths B f and the magnitude
of the nominal feedback path is illustrated in Fig. 6�b�, which
essentially removes the effects of microphone, receiver, etc.
A dominant peak was found at 5035 Hz. This can be inter-
preted as a strong reflection from an object placed at a dis-
tance of 1 /5035�343 /2 m�0.034 m, where 343 m/s is

the speed of sound at 20 °C and the factor of 2 is used to
calculate a single-way transmission length. This is approxi-
mately the distance between the hand/rigid surface and the
hearing aid in the measurement.

B. Reflections in dynamic feedback paths

The reflection phenomenon in dynamic feedback paths
with a telephone handset near the hearing aid has been
pointed out in several previous papers.3,5,6 It features peaks
or other complicated effects in the high frequency range of
the measured feedback responses. The dominant peak in the
Fig. 6�b� also indicates the occurrence of a reflection.

However, physically, there could be many other reflec-
tions besides the dominant one, especially when the object is
placed very close to the hearing aid. The reflection model
proposed in this paper can be used to estimate these reflec-
tions.

In WRELAX of the reflection model, one zero is padded
to all of the impulse responses of the measured feedback
paths so that the truncated length L becomes 256. The num-
ber of points in the FFT for initial delay estimation, K, is set
to 4096 to get a good initial guess, the search region around

the initial estimate d̂l,ini in samples is set to be �d̂l,ini

− 1
32 , d̂l,ini+

1
32

�, and the threshold for the stopping criterion �
is set as 10−4.

The reflection model estimates the w�l� and dl, where l
=0,1 , . . . ,M −1, for all the measured data. In Figs.
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FIG. 6. Variability of dynamic feedback paths: �a� shows the nominal frequency response and a shaded region representing the 95% confidence interval of the
expected frequency response of dynamic feedback paths; �b� illustrates the mean difference between the responses of dynamic feedback paths and the nominal
feedback path.
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7�a�–7�d�, the results for the rigid surface at positions 1 and
3, and palm outstretched and wrapped around the hearing
aid, are illustrated. The MSE of the estimated feedback path,
i.e., C1�	w�l� ,dl
l=0

M−1� defined in Eq. �18�, is given in Fig. 7�e�
as a function of the model order. As can be seen from the
figure, in all the four cases, the highest peak is located near 0
sample delay, which implies that the assumption that the
nominal feedback path is approximately the direct path is
valid. The reason why the amplitude is not exactly unity and
the delay is not exactly 0 is that the nominal feedback path
itself consists of a number of small reflections due to the
presence of pinna and head.

As the delay increases, the estimated amplitude gener-
ally decays, which complies with the physical law that
longer transmission path results in larger attenuation �trans-
mission loss�.26 Almost all of the significant peaks in the four
cases happen before a delay of ten samples, corresponding to
a single-way transmission length of 0.106 m, which is a rea-
sonable range for late reflection paths, e.g., a path consisting
of multiple reflections between reflecting objects, the ear,
and the hearing aid before it reaches the microphone.

There are fewer significant reflections �with amplitude
larger than 0.4� in the cases of the rigid surface at position 1
and outstretched palm than in the cases of the rigid surface at
position 3 and wrapping hand. This agrees with the fact that
the reflections in the latter two cases are more complicated.

The case with the wrapping hand has the most irregular
reflection pattern, in which large reflections are distributed
widely in the delay range from zero to ten samples. The
reflections for this situation after a delay of ten samples are
generally as small as in the other cases. This shows that the
wrapping hand introduces large reflections with short delays.

In the experiments with the rigid surface and out-
stretched palm, the distance was kept at around 3 cm, corre-

sponding to a delay of 2.73 samples and a peak at 5717 Hz in
the magnitude response. The peak has been verified in Sec.
IV A, whereas for all the cases in Figs. 7�a�–7�d�, the peak
does not seem to be very dominant, although there is a re-
flection component located at around 2.73 samples. A pos-
sible reason is that the dominant reflections were influenced
by the presence of the pinna and the head, depending on how
the reflecting object was positioned. However, this influence
is different for different measurements. Therefore, it is aver-
aged out and the dominant peak shows up at a correct loca-
tion in the average magnitude response �see Fig. 6�b� at 5035
Hz�.

For the dual-microphone situation, the estimation results
are shown in Fig. 8. For each case, the response of the feed-
back path at the rear microphone is fitted by that at the front
microphone using the proposed reflection model. As seen
from Fig. 8�e�, the MSE converges at a relatively higher
level compared with Fig. 7�e�, especially for the case where
the rigid surface is placed at position 1. Therefore, the usage
of a reflection model to relate the two feedback paths of a
dual-microphone BTE hearing aid is not very effective.

V. PERFORMANCE OF THE PROPOSED MODEL

In this section, the proposed reflection model is com-
pared with the two existing model in terms of MSE and
MSG. The performance of the reflection model for dual-
microphone situation is also investigated.

A. Performance metric of feedback path models

To evaluate the performance of a feedback model, two
metrics are usually used: MSE and MSG. The MSE de-
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FIG. 7. �a�–�d� illustrate the reflection estimates in terms of delay in samples

d̂l and amplitude ŵ�l� based on the measured data for rigid surface at posi-
tions 1 and 3, outstretched palm, and wrapping palm; �e� shows how the
MSE, i.e., C1�	w�l� ,dl
l=0

M−1� decreases as the number of reflection compo-
nents M increases.
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FIG. 8. �a�–�d� illustrate the reflection estimates for the dual-microphone
BTE hearing aid assuming that the rear response is a sum of reflected rep-

licas of the front response in terms of delay in samples d̂l and amplitude ŵ�l�
based on the measured data for rigid surface at positions 1 and 3, out-
stretched palm, and wrapping palm; �e� shows how the MSE, i.e.,
C1�	w�l� ,dl
L=0

M−1� decreases as the number of reflection components M in-
creases.
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scribes the average distance between the modeled and the
real feedback paths. The MSG indicates the maximum gain
without instability assuming a flat frequency response in the
hearing-aid processing and the worst case for the phase. The
MSG is determined by the frequency at which the mismatch
between the feedback model and the actual feedback path is
the largest.10 Assume that all the models are optimized, the
resultant MSE and MSG are defined as MSEc and MSGc,
respectively,

MSEc = 20 log10� �FHb̂��opt� − b�2
2

�FHb�2
2 � , �33�

MSGc = 20 log10�min
k

1

�fk
H�b̂��opt� − b��

� . �34�

With a specific model and parameters �, the MSEc and
MSGc are the lowest achievable MSE and the highest
achievable MSG, respectively. MSEc and MSGc are, in fact,
limited by the amount of undermodeled feedback path, the
residual feedback path that cannot be modeled due to the
limited number of degrees of freedom in the parameter �
and/or the lack of flexibility in the model form. A more de-
scriptive model with larger degrees of freedom in the param-
eters � will yield less undermodeling, lower MSEc and larger
MSGc.

B. Results

For each measured dynamic feedback path, the param-
eters in the models were first optimized to calculate the
MSEc and MSGc. The filter length M was varied from 1 to
50. To achieve the best performance, the delay D was not
fixed in the direct model.

It is found that for all the seven dynamic paths and all
the values M, the reflection model outperforms the initializa-
tion model and the direct model in terms of MSEc and
MSGc. The direct model performs worst in all the cases. To
demonstrate the performance of each model in dynamic situ-
ations, MSEc and MSGc are averaged over the seven dy-
namic paths. The results are illustrated in Figs. 9 and 10. The
results for the dual-microphone models are also included.

As seen in the figures, the general trend of MSEc and
MSGc is similar, the larger M the smaller MSEc and the
larger MSGc. The slight difference in the pattern between
MSEc and MSGc is because the optimization of parameters
in the models is based on MSE instead of MSG directly.

The reflection model is superior to the other two models,
especially when M is between 6 and 21. In practice, M is
usually chosen between 10 and 20 to assure a fast conver-
gence. In this region, the reflection model yields 5–6 dB
higher MSEc, 5–7 dB higher MSGc than the initialization
model, and 8–10 dB higher MSEc, and 9–11 dB higher
MSGc than the direct model. To achieve a 25 dB MSGc, the
direct model needs 31 orders and the initialization model
needs 16 orders, whereas the reflection model only needs
seven reflection replicas of the nominal impulse response.
Moreover, including 11 reflection replicas in the reflection
model yields around the same MSGc as the initialization

model with 50-order FIR filter. This shows that 11 reflections
are enough to model the dominant characteristics of the dy-
namic feedback paths resulted from a hand or rigid surface
placed close to the hearing aid.

It should be noted that the reflection model does not
yield significant improvement when used in the dual-
microphone case. This is because in a complex acoustic en-
vironment, the relation between the two feedback paths is
very complicated and even more difficult to model than the
feedback paths themselves.

VI. CONCLUSIONS AND FUTURE WORK

This paper describes a novel reflection model for the
dynamic feedback path in digital hearing aids. The reflection
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FIG. 9. Comparison of the models for dynamic feedback path modeling in
terms of MSEc. �b� shows the MSEc improvement of the reflection model
over direct model and initialization mode. The horizontal axis is the filter
length in the direct model and initialization model or the number of reflec-
tion components in reflection model.
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properties in addition to the variability of feedback path,
when the objects such as a palm or handset are placed close
to the hearing aid, have been investigated.

The results based on the measurement of a commercial
hearing aid show that the proposed model has a better ability
of capturing the dynamic feedback path in these difficult
real-life situations and is superior to the existing two models
in terms of MSE and MSG. To achieve the same level of
MSE or MSG, the number of components required in the
proposed model is fewer than the orders of the FIR filter
required in the two traditional models.

The results also show the minimum order of the adaptive
filter in the two existing models to achieve a certain MSG in
the dynamic situations, which could serve as a useful indica-
tion in practice for choosing the order of the adaptive filter in
feedback cancellation. For the reflection model, 11 reflection
replicas are enough to model the dominant characteristics of
the proximity effect in dynamic feedback paths.

This paper also investigates the possibility of relating
the two feedback paths of a dual-microphone hearing aid for
modeling the dynamic feedback paths. It is shown that in a
complicated acoustic environment, the relation between the
two feedback paths can be very intricate and difficult to ex-
ploit to yield better modeling of the dynamic feedback paths.

The future work is to develop an on-line adaptation
scheme for this reflection model so that it can improve the
performance of feedback cancellation in adverse dynamic
situations. The first step to this adaptation scheme is to find a
more efficient way of estimating the fractional delays. The
frequency-domain approach will be preferred since the
implementation of a fractional delay in the time domain re-
quires interpolation. The next step is to find a proper
frequency-domain adaptive filtering approach to estimate the
dynamic feedback paths based on the estimated delays.
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