
Hearing aid and method of utilizing gain limitation in
a hearing aid BACKGROUND OF THE INVENTION 1. Field of
the invention The present invention relates to hearing
aids and to methods of utilizing gainlimitation in
hearing aids. The invention, more particularly relates
to hearing aids incorporating multiple microphones
that are adapted to interpolate a maximum gain limit
in dependency of the mixing ratio of the microphone
signals and, still more particularly, relates to
hearing aids further incorporating feedback
cancellation in order to reduce disturbances due to
acoustic feedback, and respective methods thereof. 2.
Description of the related art It is a widely known
problem in hearing aid design to adjust the maximum
possible amount of gain with which an acoustic input
signal may be amplified to produce a hearing loss
compensation signal without the appearance of
artifacts caused by acoustic feedback or other
acoustic disturbances. This is in particular a problem
in hearing aids that incorporate multiple microphone
branches each having a microphone providing a feedback
path. Therefore, a gain safety margin is regularly
required in order to avoid that the feedback loop
approaches the boarder of stability generating
undesired and annoying sounds. WO-A-94/09604 discloses
a hearing aid with digital, electronic compensation
for acoustic feedback which comprises a compensation
circuit. The circuit monitors theloop gain and
regulates the hearing aid amplification so that the
loop gain is less than a constant K. An adaptive
filter operates to minimize the correlation between
input and output from the hearing aid and may be used
to give a measure of the attenuation in the acoustic
feedback path by deriving gain and possibly also phase
characteristics from a feedback cancellation filter. 



WO-A-02/25996 discloses a hearing aid with an adaptive
filter for suppression of acoustic feedback. The
adaptive filter may be used as an independent
measuring system to estimate the acoustic feedback
signal without distortion of the processed acoustic
input signal. With reference to Fig. 1 it is explained
in some detail how an estimate of gain in the acoustic
feedback path may be determined. The microphone 1 is
subject to acoustic feedback propagating through
feedback path 2 from the receiver 3. In addition to
the desired signal, this feedback signal is
transmitted to the signal processor 4 as input signal
5. After processing in the signal processor 4 the
processor output signal 6 is transmitted to the
receiver 3 for conversion to an acoustic output
signal. An adaptive filter 7 operates to minimize
cross-correlation between input 5a (usually referenced
as U) and output 6 (usually referred to as the
reference signal Y), and consequently generate an
estimate 8 of the acoustic feedback signal. By
analysis of the transfer function of this filter an
estimate of gain in the feedback path can be obtained.
The adaptive filter operates to minimize the so-called
error signal 10 (e) which is generated by subtracting
the estimate 8 from the input signal 5a in a
subtractor 11. In these prior art documents, it is
further explained how these data may be used to
determine loop gain and then set an upper limit on the
applicable gain that may be used in each of multiple
evaluated frequency bands. Also, US 6498858 B2
discloses how feedback cancellation may be applied to
a system with two omni-directional microphones.
Neither of these publications discloses, however, how
maxgain values can be determined in multi-microphone
systems.WO-A-99/26453 discloses a feedback
compensation system for a hearing aid with two
microphones and directional processing, wherein each
microphone signal is independently feedback
compensated before processing in a directional
controller. 



Independently compensating each microphone signal
before directional processing requires extensive
processing and carries a risk that an imperfect
compensation of the feedback signals will result in a
residual feedback signal component, which may
interfere with the function of the directional
controller. Thus, there is a need for improved hearing
aids as well as improved techniques for utilizing
gain-limitation in multi-microphone hearing aids.
SUMMARY OF THE INVENTION It is therefore an object of
the present invention to provide hearing aids and
methods of processing signals from a plurality of
microphones in a hearing aid taking in particular the
mentioned requirements and drawbacks of the prior art
into account. It is in particular an object of the
present invention to provide a hearing aid
incorporating multiple microphones, input transducers
or input sensors with processing means that combines
directional processing capability with gain limitation
capability. It is a further object of the present
invention to provide a corresponding method, for
processing of input signals from multiple microphones
in a hearing aid, with improved gain limitation. It is
still another object of the present invention to
provide a hearing aid incorporating multiple
microphones, input transducers or input sensors with
processing means that combines directional processing
capability with feedback compensation and gain
limitation capabilities. It is a further object of the
presentinvention to provide a corresponding method,
for processing of input signals from multiple
microphones in a hearing aid, with improved gain
limitation. It is yet another object of the present
invention to provide a hearing aid incorporating
multiple microphones, input transducers or input
sensors producing input signals, wherein the input
signals are processed in a directional controller and 



wherein feedback compensation and gain limitation are
performed without adversely affecting the function of
the directional controller. It is also an object of
the invention to provide a hearing aid wherein overall
gain limitation may be performed by a processing means
of the hearing aid and where the total system
complexity - evaluated e.g. as a processor load or
gate count - is comparatively low. According to a
first aspect of the present invention, there is
provided a hearing aid that has a first microphone for
converting sound into a first audio signal, a second
microphone for converting sound into a second audio
signal, directional processing means for combining the
first and said second audio signal according to a
mixing ratio to form a spatial signal, estimating
means for estimating a first acoustic feedback signal
entering the first microphone and a second acoustic
feedback signal entering the second microphone,
processing means for processing said spatial signal by
applying a gain not exceeding a resulting maximum gain
limit to form a hearing loss compensation signal,
wherein the resulting maximum gain limit is derived
from the first and second acoustic feedback signals
and the mixing ratio, and an output transducer for
converting the hearing loss compensation signal into
an acoustic output. The provided hearing aid enables
to determine the resulting maximum gain limit for the
overall system by interpolating the first and second
acoustic feedback signals in dependency of the mixing
ratio of the input audio signals. According to an
embodiment of the present invention, the processing
means is adapted to determine a maxgain value for the
acoustic feedback signal in each microphonebranch and
wherein the resulting maximum gain limit is
interpolated from the maxgain values determined in
each branch according to the mixing ratio. According
to a further aspect of the present invention, there is
provided a hearing 



aid which comprises a first microphone for converting
sound into a first audio signal, a second microphone
for converting sound into a second audio signal,
estimating means for estimating a first acoustic
feedback signal entering the first microphone to
generate a first estimated feedback signal and for
estimating a second acoustic feedback signal entering
the second microphone to generate a second estimated
feedback signal, combining means for combining the
first audio signal with the first estimated feedback
signal and the second audio signal with the second
estimated feedback signal to form first and second
feedback compensated audio signal, processing means
for combining the first and second feedback
compensated audio signals according to a mixing ratio
to form a hearing loss compensation signal by applying
a gain not exceeding a resulting maximum gain limit;
wherein the resulting maximum gain limit is derived
from the first and second estimated feedback signals
and the mixing ratio, and an output transducer for
converting the hearing loss compensation signal into
an acoustic output. The provided hearing aid enables
to provide directional processing of the input audio
signals by the combining means together with feedback
compensation and gain limitation by the processing
means which calculates the hearing loss compensation
signal by applying a resulting maximum gain limit
depending on the mixing ratio applied by the combining
means. According to an embodiment, feedback
cancellation may be applied to at least two input
sensors, one having an omni-directional and one having
a bi-directional characteristic according to
directional processing means. The resulting
directional characteristic is obtained by mixing the
two output signals from the each of the preferably
fixed directional sensors - one fixed sensor
preferably being omni directional - in the desired
mixing ratio. The mixing ratio may be determined by
anadaptive directional controller applying adaptive
signal level minimization 



techniques. According to a further aspect of the
present invention, there is provided a method of
processing signals from a first and a second
microphone in a hearing aid, wherein the method
comprises the steps of converting input signals from
the first and the second microphones into a first and
a second audio signal, combining the first and the
second audio signal according to a mixing ratio to
form a spatial signal, estimating a first acoustic
feedback signal entering the first microphone and a
second acoustic feedback signal entering the second
microphone, processing the spatial signal by applying
a gain not exceeding a maximum gain limit to form a
hearing loss compensation signal; wherein the maximum
gain limit is derived from the first and second
acoustic feedback signals and the mixing ratio, and
converting the hearing loss compensation signal into
an acoustic output. It may be seen as a true advantage
that the hearing aids, systems and methods according
to the present invention provide the ability to
automatically adjust the amount of gain that the
hearing aid or system may apply - at any given
instance. Which means that according to an embodiment
of the present invention the hearing aid is able to
adjust the possible maximum gain limit from the
currently calculated acoustic feedback signals and the
mixing ratio between them at any time during operation
of the hearing aid. The invention, according to
further aspects, provides a computer program and a
computer program product as recited in claims 2 1 and
22. Further specific variations of the invention are
defined by the further dependent claims. Other aspects
and advantages of the present invention will become
more apparent from the following detailed description
taken in conjunction with the accompanying 



drawings which illustrate, by way of example, the
principles of the invention.BRIEF DESCRIPTION OF THE
DRAWINGS The invention will be readily understood by
the following detailed description in conjunction with
the accompanying drawings, wherein like reference
numerals designate like structural elements, and in
which: Fig. 1 is a schematic block diagram of a
hearing aid according to the prior art. Fig. 2 is a
schematic block diagram of a hearing aid according to
a first embodiment of the present invention. Fig. 3 is
a schematic block diagram of a hearing aid according
to a second embodiment of the present invention. Fig.
4 is a schematic block diagram of a directional
controller according to an embodiment of the present
invention. Fig. 5 is a schematic block diagram of a
signal combiner controller according to an embodiment
of the present invention. Fig. 6 is a schematic block
diagram of an input controller according to an
embodiment of the present invention. Fig. 7 is a flow
diagram of a method according to an embodiment of the
present invention.DETAILED DESCRIPTION OF THE
INVENTION When describing the invention according to
embodiments thereof, terms will be used which are
described as follows. Input sensors: in general either
directional or non-directional microphones may be used
as input sensors. It is commonly known how a
directional sensor characteristic (a directional
microphone) can be generated by combining the output
of two - or more - omni-directional (i.e.
non-directional) microphones through a gain- and/or
phase-adjustment processor/circuit. Maxgain or maximum
gain limit: the upper limit on which gain it is
possible to apply 



without the occurrence of feedback resonance. Some
safety margin (e.g. 12 dB) may be subtracted from the
calculated limit. |x|dB this mathematical operator is
shorthand for conversion to logarithmic values, i.e.
|x|dB= 20log|x|. Interpolation: in the context of this
document, the term "Interpolation" is used in the
sense of "weighed combination", which may be generic
to other interpretations of the word. The exact
meaning of the term should be deducted from the
description in this document. Reference is now made to
Fig. 2, which shows a hearing aid 200 according to the
first embodiment of the present invention which is
capable to determine an estimate of the gain in the
acoustic feedback path. The hearing aid comprises two
microphones 1, 20 as input sensors each producing an
audio signal 5, 25 which are transmitted to signal
processor 4 . The signal processor 4 comprises
directional processing means for combining the audio
signals 5, 25 according to a mixing ratio to form a
spatial signal and processing means to form a hearing
loss compensation signal from the spatial signal. The
hearing loss compensation signal is then transmitted
as processor output signal 6 to the receiver or output
transducer 3 forconversion to an acoustic output
signal. The acoustic output signal produces a feedback
path 2, 22 for each microphone branch of the
microphones 1, 20. For each microphone branch, an
adaptive filter 7, 27 operates to minimize
crosscorrelation between the respective input signal
5a, 25a (usually referenced as U) and processor output
signal 6 (usually referred to as the reference signal
Y), and generates an estimate 8, 28 of the acoustic
feedback signal. By analysis of the transfer function
of each the filters 7, 27 an estimate of the gain in
each feedback path 2, 22 can be obtained. The adaptive
filters 7, 27 operate to minimize the socalled error
signal 10, 30 (e) which is generated by subtracting
the estimate 8, 28 



from the input signal 5a in a subtractor 11, 3 1. The
amount of acoustic feedback may be estimated by
determination of a parameter like the ratio between
the input and output signal of the respective filter
7, 27. The way of implementing such filters will be
known to the person skilled in the art, e.g. from the
disclosure in WO-A- 02/25996. The estimated acoustic
feedback signals are then provided to the signal
processor for calculation of the maximum gain limit
taking the mixing ratio applied by the directional
processing means when producing the current spatial
signal into account. According to an embodiment as
shown in Fig. 2, a controller 14 is provided as
further estimating means and adapted to estimate the
attenuation of the first acoustic feedback path to the
first microphone 1 and of the second acoustic feedback
path to the second microphone 20. The controller is
adapted to estimate the attenuation by determining a
parameter of each of the adaptive filters 7, 27
submitted to the controller 14 (illustrated by dotted
lines 13, 33). Based on the received parameter, the
controller 14 calculates a maxgain value for each
feedback path which are then submitted to the signal
processor 4 (illustrated by dotted line 15). The
processing means in the signal processor 4 then
processes the spatial signal by applying a gain which
is adjusted to not exceed a resulting maximum gain
limit. The resulting maximum gain limit is derived by
interpolation of the maxgain values according to the
mixing ratio applied by the directional processing
means to produce the current spatial signal with the
desired directional characteristic.It is also
important to realize that according to the embodiment
as shown in Fig. 2, no subtraction of the estimated
feedback signal is done in respect of the input
signals 5, 25 to the signal processor 4. This is an
important advantage of the embodiment shown in Fig. 2
since the output signals 8, 28 of the filters 7, 27
are not fed into the main signal path from the
microphones 1, 20 to the output transducer 3. 



According to an embodiment, the input sensors 1, 20
may be either two omni directional microphones or two
directional microphones. The output signals from the
sensors are transferred to the signal processor 4
wherein these signals are combined to generate a
spatially filtered signal. This combination is
typically done according to the well-known "delay and
subtract" technique by the directional processing
means of the signal processor 4 . A general
description of the combination process would be: U
spatia l C lU l 2U 2 ( 1 ) i.e. each input signal (Ui,
U ) is multiplied with a complex number (ci, C ) and
the spatially filtered signal (Uspatiai) is generated
by subtracting one modified signal from the other.
Usually, the coefficients are selected as [C1, , a] ,
a being of size 1 and some appropriate angle. The
combination process may be controlled either manually
(adjustably) or automatically (adaptively). It is
known that an adaptive control can be performed with
an output-minimization technique. According to
embodiment employing an adaptive directional control
system, an adaptive spatial filter will be provided
the coefficients of which will be calculated by the
adaptive control system, e.g. by a LMS signal
minimization method. According to an embodiment
employing an adjustable directional control system,
the coefficients of the filter are selected according
to an input to the adjustable control system, e.g. by
the user turning a control-wheel etc.Each adaptive
filter 7 , 27 generates an estimate of the acoustic
feedback signal that enters the respective sensor
branch 5, 25. Calculations, based on either the filter
coefficients or the input-output ratio of the signals
8, 9, 28 in the filters, can thus provide an estimate
of the attenuation in each feedback path 2, 22.
Knowing this attenuation the maxgain may be estimated
according to the following. Since the 



ratio of feedback signal (X-i, X2) to the output
signal from the hearing aid (Y0) represent the gain
(rather: attenuation) in each acoustic feedback path,
a set of maxgains may be calculated according to: (2)
In order to simplify this evaluation, the calculation
may be replaced by: According to an embodiment, a
hearing aid having band split architecture with /
frequency bands is used, this calculation may be
replaced by signal-power evaluation in each band: [max
gainh ,max gain2 ] = In deciding the resulting maxgain
it should be considered that the resulting feedback
signal in the output of a combiner as the directional
processing means will be: U= ci(Ui+ Xi) - c2(U2+X2) ,
having a feedback component of X= CiX1 - C2X2.
Accordingly, the maxgain as seen on the output of the
combiner can be calculated as:max gain According to an
embodiment of the present invention, the hearing aid
comprises more than two microphones. Thus, the
resulting acoustic feedback signal X(J*>) would be
calculated according to: x{j w) = cxx J . + J<, + c x
J >+ (6) The coefficient set c-i, ..., Cn is also
determined according to how the signals are combined
by the directional processing means in order to
generate the directional or spatially filtered signal.
According to an embodiment, in order to reduce the
artefacts that occur when gainvalues close to the
maxgain is applied, some safety margin (MdB ) is
utilized. Since high feedback levels are more likely
to occur in some frequency-bands than others, 



according to an embodiment, the safety margin depends
on frequency. Thus: Typical values for MdB are in the
range of 0 dB to 12 dB. While this expression is quite
demanding to evaluate in real-time, some
simplification may be obtained by assuming that
according to an embodiment the two estimates (X-i, X2)
are identical. This could be a fairly good estimate
for closely located microphones and/or for relatively
low frequency bands. Other ways of reducing the system
load would be to abandon the request for real-time
updates of the maxgain-estimate and, thus, operate at
a slower speed, e.g. 500 ms intervals. Naturally, such
measures may be applied to all embodiments of the
inventionAccording to an embodiment, in situations
where it is determined, by other measures, that the
estimates of the feedback signals may not be correct,
the updating of the maxgain estimates could be halted
and the current value of the derived maximum gain
limit is used until the next update. According to
another embodiment, during power-up of the hearing
aid, a conservative maximum gain limit value could be
maintained and used for the hearing loss compensation
signal calculation until the maxgain estimation system
is fully operative. According to still another
embodiment, the maximum gain limit is derived from
values of the first and second acoustic feedback
signals derived once during fitting of said hearing
aid and the current mixing ratio. The first and second
acoustic feedback signals then only need to be
estimated ones, e.g. as part of a feedback test
regularly carried out during a fitting session or in
more or less regular intervalls. The current mixing
ratio is however determined from the current
directional characteristic and, according to an
embodiment, may be continuously computed. As the
reference signal Y, the signal processor output signal
6 may be used. According to another embodiment and as
illustrated in Fig. 2, the filter input signal 9 



is derived from the processor output signal 6 through
delay in a delay unit 12. The whole architecture may
be wholly or partially band-split, i.e. one of the
adaptive filters 7, 27 or the signal processor 4, or
both, may operate in several frequency bands. It is
known to the skilled person how this is to be
achieved. Reference is now made to Fig. 3, which shows
a hearing aid 300 according to a second embodiment of
the present invention. It comprises a microphone array
302, an input processor 303 a main signal processor
304, an output transducer 305, and a feedback signal
estimator 306 for generation of feedback compensation
signals 307a, 307b and estimated feedback signals
330a, 330b. The feedbackcompensation signals 307a,
307b, which are estimated feedback signal, are
transferred from the outputs 338a, 338b of the
feedback signal estimator 306 to the compensation
inputs 310a, 310b on the input processor 303. The
microphone array 302 comprises two microphones 308a,
308b, each microphone being connected to the input
processor through a respective connection 309a, 309b.
The input processor combines the two acoustic input
signals from the microphones 308a, 308b forming a
spatial signal 328 according to a mixing ratio. The
first output 3 11 of the input processor 303 is
connected to the input 312 of the main signal
processor 304 transmitting the spatial signal 328,
while the main signal processor 304 output signal as
hearing loss compensation signal 314 is fed to the
input of the output transducer 305 and to the input
315 of the feedback signal estimator 306. The feedback
signal estimator 306 receives feedback compensated
signals 316a, 316b from the second outputs 318a, 318b
of the input processor 303 at the control inputs 317a,
317b of the feedback signal estimator. The main signal
processor receives the estimated feedback signals
330a, 330b from the feedback signal estimator 306 and
the mixing ratio through connection 333 from the input
processor 303. The hearing aid compensation signal 314
is calculated from the spatial signal 328 by 



applying a gain that does not exceed a maximum gain
limit derived from the mixing ratio 333 and the
estimated feedback signals 330a, 330b. Fig. 3 also
shows the acoustic feedback paths X 1, X2 that exist
between the output transducer 305 and each of the
microphones 308a, 308b. The output transducer is
preferably an ordinary type hearing aid receiver.
According to an embodiment, the input transducers
308a, 308b, are omnidirectional microphones. In other
embodiments some, or all, of the microphones may
alternatively be directional microphones, which are
thus included in the microphone array. It is also well
known to the skilled person that microphone arrays for
hearing aids may comprise more than two microphones.
However, considering the costs of using more than two
microphones in terms of the added complexity of the
circuitry needed to include such additional
microphones in the array, the embodiment with only two
microphones 308a, 308b is presently preferred.The
hearing aid 300 may be of the multi-band type, i.e. it
is adapted for dividing the full audible frequency
spectrum into several bands for individual processing.
In such a hearing aid, several, possibly all, bands
may comprise an input processor 303 according to the
invention, whereby an improved functionality of the
directional system may be obtained. Alternatively, an
input processor 303, according to the invention, may
be utilized as a single band front end to the
multi-band system. Reference is now made to Fig. 4,
which shows the input processor 303 for two input
channels with two directional controllers Dir1 , Dir2
in more detail according to an embodiment of the
present invention. Each of these directional
controllers receives acoustic input signals 309a, 309b
from the microphones 308a, 308b. According to an
embodiment, processing of the input signals prior to
the directional controllers includes deriving signals
from two microphone outputs, digitizing and then
matching by a microphone matching system. Each of the
directional controllers generates a 



fixed directional characteristic. After processing in
these directional controllers the signals may be
subjected to low frequency boost in the amplifiers
(LFB). Further details will be described below with
reference to Fig. 6. The signals thus generated are
then combined in combining means implemented by
respective adders 323a, 323b with corresponding
feedback compensating signals 307a, 307b. According to
an embodiment, the feedback compensating signals 307a,
307b are further processed estimated feedback signals
which are subtracted by the adders from the outputs of
the directional controllers Dir1 , Dir2. These
corresponding feedback compensating signals may be
generated by estimation means similar to the feedback
signal estimator 306 as illustrated in Fig. 3 . The
feedback compensated signals 316a, 316b are made
available for use as control input(s) to the feedback
signal estimator(s) and for processing in a signal
combiner 335. Adaptive controller 324 adaptively
controls this combiner 335, such that a cost-function,
e.g. the signal power of the output signal 333, is
minimized. When controlling the combiner 335, the
adaptive controller also determines the directional
characteristic of the spatial signal 328 by adjusting
the mixing ratiobetween the two feedback compensated
signals 316a, 316b input to the combiner. The adjusted
mixing ration is then also supplied as signal 333 to
the main signal processor 304 to calculate to maximum
gain limit. The preferred design of the signal
combiner 335 according to an embodiment is shown in
detail in Fig. 5 . The directional controllers Dir1 ,
Dir2 are designed to achieve that a combination in
combiner 335 of their respective output signals will
generate a directional characteristic according to the
mixing ratio in which they are combined. The adaptive
control 324 dynamically adapts the combination ratio
of the signal combiner 335 so as to produce a
combination output signal that minimizes the
environmental noise received by the hearing aid
microphone system. Preferably, a 



first one of the directional controllers Dir1 , Dir2
is adapted to produce a bi directional characteristic
while a second one produces an omni-directional
characteristic. This arrangement avoids incorporating
the complex and time-varying component of an
adaptively controlled, equalized directional
controller into the part of the feedback path that
needs to be estimated by the feedback signal
estimator, and thereby eases the function requirements
to the feedback estimator. In the embodiment of Fig.
4, fixed directional controllers are arranged first in
the processing chain, then low-frequency boosters, and
then adders for feedback compensation, while the
desired adaptive directional property is achieved in a
subsequent stage by a weighted mixing of the outputs
of several of such systems. Hereby the adaptive part
of the directional controller is placed outside of the
part of the feedback path to be estimated by the
feedback estimator. In a variation of this embodiment,
more than two directional controllers Dir1 , Dir2 may
be utilized. For this, the signal combiner 335 will be
modified to combine a corresponding number of input
signals. Accordingly, the adaptive controller 324 will
optimize the vector that controls the signal combiner
335 such that the cost-function is minimized, contrary
to the situation with two directional controllers,
where a scalar is minimized. Methods for this are
readily available in the prior art, and areconsidered
well known to the skilled person. However, since the
use of more than two directional controllers requires
generation of more than two feedbackcompensating
signals, it is presently preferred to apply just two
directional controllers. In Fig. 5 , an embodiment of
the signal combiner 335 is shown. In this, preferred,
mode of operation, the first directional signal 316a
is assumed to exhibit a b i directional characteristic
(Dir1 ) , while the second directional signal 316b is
assumed 



to exhibit an omni-directional characteristic (Dir2).
By subtracting an adaptively attenuated signal -
derived from the amplified output signal of the second
adder 337b according to the controlled amplifier 336 -
from the bi-directional signal 316a in the first adder
337a, an adaptively controlled spatial signal 328 with
the desired directional characteristic will be
obtained according to formula 12 (see below). Thus,
the combiner is capable of effectively outputting a
spatial signal according to a wide range of
directional sensitivity patterns. Further description
may be found in WO-A-02/085066. It will be obvious to
the skilled person, that the bi-directional
characteristic used in this embodiment, is to be
generated by subtracting the back-microphone signal
from the front-microphone signal. Reference is now
made to Fig. 6, which shows details of the input
processor 303 of the embodiment shown in Fig. 4 . Fig.
6 shows the microphones 308a, 308b, matching amplifier
319b, matching controller 325, and directional
controllers Dir1 , Dir2. The directional controllers
each includes a set of first adding circuit 339a,
339b, phase delay device 340a, 340b, and second adding
means 341a, 341b. Thus, each of the directional
controllers outputs a signal according to a respective
fixed sensitivity pattern, and adaptation of
directivity is obtained further downstream by
appropriate processing of the signals output by the
directional controllers (see also Fig. 4).It will now
be described in detail how the feedback compensated
signals 316a, 316b from the fixed directional sensors
DiM , Dir2 are combined by the combiner 335 generating
an output signal 328 (U' ) . In a preferred embodiment
the directional characteristic DiM is a bi-directional
characteristic, while that of Dir2 is an
omni-directional characteristic. In this situation it
is preferred that the coefficients [C1, c2]=[(1- a) ,
a] . 



Accordingly, in this embodiment the combination is
done by combining a version of the one signal U' i in
one branch 316a with a scaled version of the other
signal W2 in the other branch 16b according to: U' =
(1-a)U ' i - aU' 2 , (a being a scalar in the range 0
. . 1), wherein the required delay having been
achieved in the directional sensors (DiM , Dir2). In
deciding the resulting maxgain it should be considered
that if according to an embodiment no feedback
compensation was applied, the resulting feedback
signal in the output of the combiner 335 would be:
USpat,al= (1-Q)(U 1+ X1) - a(U2+X2) , (8) having a
feedback component of X= (1-a)Xi - aX2. Accordingly,
the maxgain as seen on the output of the combiner 335
can be calculated as: X(j w) max gain = - dB (j w) - {
>-- a)) xL \[ {( ]j wa >Yr cL 2{( jJww )i dB Y iw l -
MdB (j w) (9 ) dB This expression, however, is costly
to evaluate. Assuming that the signals are completely
uncorrelated, a safe estimate may be calculated
as:i.e. an interpolation of the maxgains in each
branch. In the band-split version, according to an
embodiment which is particularly 



preferred, this would be: max gaini ) \Y , ) Taking
into consideration that feedback cancellation is done
as illustrated in Figs. 3 and 4, the spatially
filtered output signal from the combiner 335, will be:
U = (I-^)(U', + X 1) - Or(LT2 + X 2 ) (12) with U',
U1- X 1, X1 being the estimated feedback signal in the
first branch of microphone 308a and U'2 = U2-X2, X2
being the estimated feedback signal in the second
branch of microphone 308b. Empirically, the effect of
feedback cancellation is an increase in the gain
margin on the order of 20 dB. Accordingly, the maxgain
safety margin (MdB ) may be set at e.g. - 8 dB (-20 dB
on account of cancellation + 12 dB on account of the
safety margin mentioned in the previous embodiment),
such that maximum available gain is set 8 dB higher
than the maxgain estimation based on the calculation
on the adaptive filters. In respect of the safety
margin mentioned in the first embodiment, since the
assumption above of uncorrelated signals may provide
an estimate which isconservatively low, the safety
margin - in this second embodiment - may be set at a
negative value, e.g. - 3 dB, such that MdB = -23 dB.
Further, since acoustic feedback rarely occur in the
lower frequency bands, the maxgain estimation may be
omitted for those bands according to an embodiment.
According to a third embodiment of the present
invention, the input sensors Dir1 , Dir2 as shown in
Fig. 4 above are replaced by omni-directional
microphones, thus, the combining factor a will no
longer be a scalar but a complex number. Accordingly,
the maxgain as seen on the output of the combiner 335
may be evaluated according to: 



This embodiment is quite like the first embodiment,
with the exception that the feedback estimates are
subtracted from the signal processor input. In this
respect, the system operates like that of the second
embodiment and, consequently, the safety margin (MdB )
is to be determined according to the description for
that embodiment. Reference is now made to Fig. 7 ,
which shows a flow diagram of a method according to an
embodiment of the present invention which does not
employ feedback cancellation. In step 710, the
microphone input signals are converted into separate
audio signals by the input transducers. The audio
signals are then combined in step 720 according to a
mixing ratio to form a spatial signal having a
directional characteristic. The mixing ratio is
adjusted according to user settings or adaptively
controlled by an adaptive filter. In step 730,
acoustic feedback signals entering the input
transducers are estimated for each microphone branch.
Bases on the mixing ration and the acoustic feedback
signals, a maximum gain limit is derived in step 740
which should prevent or at least reduce disturbing
sounds dueto acoustic feedback from the acoustic
output signal of the hearing aid. The spatial signal
is then processed in step 750 by applying a gain which
is adjusted to not exceeding the maximum gain limit to
form a hearing loss compensation signal. In step 760,
the hearing loss compensation signal is converted into
the acoustic output signal reaching the ear of the
user. In this embodiment no estimation of the feedback
path is performed. Rather, characteristics of each
feedback path are calculated from the estimated
acoustic feedback signals. According to a particular
embodiment, the estimation of the feedback paths is
done during the fitting of the hearing aid to the
particular user, e.g. during a normal fitting session.
The values of the calculated attenuation are then used
to derive a maxgain value which is stored as default
or conservative 



maximum gain limit in the hearing aid. Consequently,
during normal operation of the hearing aid, changes in
the way the input-sensor signals is combined, e.g. by
changing the directional characteristic, the
corresponding, changed, maxgain value can be
calculated, according to step 740, by using these
stored maxgain values. All appropriate combinations of
features described above are to be considered as
belonging to the invention, even if they have not been
explicitly described in their combination. According
to embodiments of the present invention, hearings
described herein may be implemented on signal
processing devices suitable for the same, such as,
e.g., digital signal processors, analogue/digital
signal processing systems including field programmable
gate arrays (FPGA), standard processors, or
application specific signal processors (ASSP or ASIC).
Obviously, it is preferred that the whole system is
implemented in a single digital component even though
some parts could be implemented in other ways - all
known to the skilled person. Hearing aids, methods and
devices according to embodiments of the present
invention may be implemented in any suitable digital
signal processing system. The hearing aids, methods
and devices may also be used by, e.g., the audiologist
in afitting session. Methods according to the present
invention may also be implemented in a computer
program containing executable program code executing
methods according to embodiments described herein. If
a client-server-environment is used, an embodiment of
the present invention comprises a remote server
computer which embodies a system according to the
present invention and hosts the computer program
executing methods according to the present invention.
According to another embodiment, a computer program
product like a computer readable storage medium, for
example, a floppy disk, a memory stick, a CD-ROM, a
DVD, a flash memory, or any other suitable storage
medium, is provided for 



storing the computer program according to the present
invention. According to a further embodiment, the
program code may be stored in a memory of a digital
hearing device or a computer memory and executed by
the hearing aid device itself or a processing unit
like a CPU thereof or by any other suitable processor
or a computer executing a method according to the
described embodiments. When referring to the spatial
signal also the terms spatially filtered signal and
directional signal have been used herein which all
refer to the same concept and, therefore, may be used
interchangeably if not explicitly otherwise stated
herein and which is also readily apparent to the
skilled person. Having described and illustrated the
principles of the present invention in embodiments
thereof, it should be apparent to those skilled in the
art that the present invention may be modified in
arrangement and detail without departing from such
principles. Changes and modifications within the scope
of the present invention may be made without departing
from the spirit thereof, and the present invention
includes all such changes and modifications.CLAIMS
What is claimed is: 1. A hearing aid, comprising: a
first microphone for converting sound into a first
audio signal; a second microphone for converting sound
into a second audio signal; directional processing
means for combining said first and said second audio
signal according to a mixing ratio to form a spatial
signal; estimating means for estimating a first
acoustic feedback signal entering said first
microphone and a second acoustic feedback signal
entering said second microphone; 



processing means for processing said spatial signal by
applying a gain not exceeding a resulting maximum gain
limit to form a hearing loss compensation signal;
wherein said resulting maximum gain limit is derived
from said first and second acoustic feedback signals
and said mixing ratio; and an output transducer for
converting said hearing loss compensation signal into
an acoustic output. 2 . The hearing aid according to
claim 1, wherein said estimation means comprises for
each of said first and second microphone branch an
adaptive filter each being adapted to generate said
respective acoustic feedback signal by minimizing
cross-correlation between said hearing loss
compensation signal and said respective audio signal.
3 . The hearing aid according to claim 1 or 2, wherein
said estimation means is further adapted to estimate a
respective first and second maximum gain limit from
said first and second acoustic feedback signal, and
said processing meansis further adapted to derive said
resulting maximum gain limit by interpolating said
first and second maximum gain limit. 4 .The hearing
aid according to claim 1 or 2 , wherein said
processing means is further adapted to calculating a
resulting acoustic feedback signal by interpolating
said estimated acoustic feedback signals according to
said mixing ratio, and by determining said resulting
maximum gain limit from the ratio of said resulting
acoustic feedback signal to said hearing loss
compensation signal. 5 . The hearing aid according to
claim 4 , wherein said processing means is adapted to
calculate said resulting maximum gain by applying the
formula: m x gain X(jco) Y {i ) with: maxgain
representing the resulting maximum gain limit; 



Xi representing said estimate of the first acoustic
feedback signal; X2 representing said estimate of the
second acoustic feedback signal; Ci, C2 representing
coefficients according to said mixing ratio in a
resulting acoustic feedback signal: X=ciXi - C2X2; Yo
representing said hearing loss compensation signal; M
representing a safety margin in [dB]. 6 . The hearing
aid according to one of the preceding claims, further
comprising at least one additional microphone for
converting sound into an additional audio signal, and
each with a feedback path for which said estimation
means is adapted to estimate an additional acoustic
feedback signal entering said additional microphone,
wherein said directional processing means is adapted
to form said spatial signal also based on said
additional audio signal according tosaid mixing ratio,
and said processing means is adapted to derive said
maximum gain limit also from said additional acoustic
feedback signal accoding to said mixing ratio. 7. The
hearing aid according to one of claims 1 and 3 to 6,
wherein said maximum gain limit is derived from values
of said first and second acoustic feedback signals
derived once during fitting of said hearing aid and
said current mixing ratio. 8. A hearing aid
comprising: a first microphone for converting sound
into a first audio signal; a second microphone for
converting sound into a second audio signal;
estimating means for estimating a first acoustic
feedback signal entering said first microphone to
generate a first estimated feedback signal and for
estimating a second acoustic feedback signal entering
said second microphone to generate a second estimated
feedback signal; 



combining means for combining said first audio signal
with said first estimated feedback signal and said
second audio signal with said second estimated
feedback signal to form first and second feedback
compensated audio signal; processing means for
combining said first and second feedback compensated
audio signals according to a mixing ratio to form a
hearing loss compensation signal by applying a gain
not exceeding a resulting maximum gain limit; wherein
said resulting maximum gain limit is derived from said
first and second estimated feedback signals and said
mixing ratio; and an output transducer for converting
said hearing loss compensation signal into an acoustic
output.9. The hearing aid according to claim 8,
further comprising: an adaptive directional controller
for controlling said processing means by adjusting
said mixing ratio in order to provide spatial
adaptation of said hearing loss compensation signal.
10. The hearing aid according to claim 8 or 9, further
comprising: first directional processing means for
combining the first and the second audio signal to
form a first spatial signal; second directional
processing means for combining the first and the
second audio signal to form a second spatial signal;
wherein said combining means is adapted for combining
said first spatial signal with said first estimated
feedback signal and said second spatial signal with
said second estimated feedback signal to form first
and second feedback compensated spatial signal; and
said processing means is adapted for combining said
first and second feedback compensated spatial signals
to form said hearing loss compensation signal. 



11. The hearing aid according to claim 10, wherein
said first directional processing means forms said
first spatial signal having a fixed bi-directional
characteristic, and wherein said second directional
processing means forms said second spatial signal
having a fixed omni-directional characteristic. 12.
The hearing aid according to claim 10 or 11, wherein
said processing means is adapted to calculate said
resulting maximum gain by applying the formula:with:
maxgain representing the resulting maximum gain limit;
Xi representing said estimate of the first acoustic
feedback signal; X2 representing said estimate of the
second acoustic feedback signal; a being a scalar in
the range 0, ..., 1 according to said mixing ratio in
a resulting acoustic feedback signal: X=(1-a)Xi -
01X2; Yo representing said hearing loss compensation
signal. 13. The hearing aid according to one of the
preceding claims, further comprising filtering means
for converting said first and second audio signal into
band-split audio signals of a plurality of frequency
bands and wherein said hearing aid is adapted to
further process said band-split audio signals in each
of said frequency bands independently. 14. The hearing
aid according to claim 13, wherein said processing
means is adapted to calculate said resulting maximum
gain by applying the formula: max gain. with: maxgain
representing the resulting maximum gain limit; X1,
representing said estimate of the first acoustic
feedback signal in frequency band i ; X2, representing
said estimate of the second acoustic feedback signal
in frequency band i; a being a scalar in the range 0,
..., 1 according to said mixing ratio in a 



resulting acoustic feedback signal : X,=(1- a)Xi, - 0
X 2,; Y representing said hearing loss compensation
signal in frequency band i ; MdBi representing a
safety margin in [dB] in frequency band i .15. A
method of processing signals from a first and a second
microphone in a hearing aid, comprising: converting
input signals from the first and the second
microphones into a first and a second audio signal;
combining said first and said second audio signal
according to a mixing ratio to form a spatial signal;
estimating a first acoustic feedback signal entering
said first microphone and a second acoustic feedback
signal entering said second microphone; processing
said spatial signal by applying a gain not exceeding a
maximum gain limit to form a hearing loss compensation
signal; wherein said maximum gain limit is derived
from said first and second acoustic feedback signals
and said mixing ratio; and converting said hearing
loss compensation signal into an acoustic output. 16.
The method according to claim 15, wherein said method
is part of a fitting routine of said hearing aid to a
particular user, further comprising the step of
storing characteristics of said first and second
acoustic feedback signal in said hearing aid by using
a programming interface of said hearing aid. 17. The
method according to claim 15 or 16, further comprising
the step of adapting said mixing ratio in order to
provide adaptation of said hearing loss compensation
signal either automatically by minimizing said
acoustic output or according to a user adjustment. 18.
The method according to one of claims 15 to 17,
wherein said maximum gain 



limit is derived by applying the formula: X(j w ) \X\
{j )-c2X2(jw) max gain = - y,{jco) - dB j w) - Y, ) -
MdB j ) dB J(jiww ) dBwith: maxgain representing said
maximum gain limit; Xi representing said estimate of
the first acoustic feedback signal; X2 representing
said estimate of the second acoustic feedback signal;
ci, C2 representing coefficients according to said
mixing ratio in a resulting acoustic feedback signal:
X=ciXi - C2X2; Yo representing said hearing loss
compensation signal; M representing a safety margin in
[dB]. 19. The method according to one of claims 15 to
18, wherein said signals from said first and a second
microphone are filtered into band-split signals and
independently processed in different frequency bands.
20. The method according to one of claims 15 to 19,
wherein said maximum gain limit is derived by the
steps of: calculating a resulting acoustic feedback
signal by interpolating said estimated acoustic
feedback signals according to said mixing ratio; and
determining said maximum gain limit from the ration of
said resulting acoustic feedback signal to said
hearing loss compensation signal. 2 1. A computer
program comprising executable program code which, when
executed on a computer, executes a method according to
one of claims 15 to 20. 



22. A computer program product, containing executable
program code which, when executed on a computer,
executes a method according to one of claims 15 to 20.


