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Description

BACKGROUND OF THE INVENTION

1. Field of the Invention

[0001] The presentinvention generally relates to elec-
tronic filtering for enhancing a desired signal component
of a mixed signal, and more specifically to a method and
apparatus for real-time unmixing (separation or decon-
volving) of a desired signal from a mixture of independent
signals, particularly useful, for example, in a hearing aid.

2. Description of the Prior Art

[0002] Whenoneislisteningtosomeone orsomething,
"noise" or undesired signals that interfere with the voice
or desired signal, are ubiquitous. People with hearing
impairment are especially vulnerable to noise. Back-
ground conversations, interference from digital devices
(mobile telephones), car, or other specific environment
noises, can make it very difficult for a hearing impaired
person to understand a desired speech signal. A reduc-
tion in the noise level of a signal, coupled with an auto-
matic focus on a desired signal component, can signifi-
cantly improve the performance of an electronic voice
processor, such as one used in an advanced hearing aid.
[0003] WO 97/11533 discloses a directional acoustic
signal processor and EP 0 883 325 discloses a method
and processor for processing sounds, suitable for use in
association with a hearing aid, which maximizes the sig-
nal to noise ratio of a signal from a source in an on-beam
direction.

[0004] Inrecentyears, hearing aids using digital signal
processing have been introduced. They contain one or
more microphones, analog to digital converters, digital
signal processors, and speakers. Usually the digital sig-
nal processors divide the incoming signals into several
frequency regions using filter banks. Within each of those
regions, signal gain and dynamic compression parame-
ters can be individually adjusted in accordance with the
requirement for a particular user of the hearing aid, in an
attempt to improve intelligibility. Additionally, digital sig-
nal processing algorithms for feedback reduction and
noise reduction are available, however they have major
limitations. For example, some of the disadvantages of
the currently available algorithms for noise reduction are
the limited improvement they obtain when speech and
background noise are in the same frequency region, due
to their inability to distinguish between speech and back-
ground noise.

[0005] One relatively new digital signal processing ap-
proach currently finding use for noise reduction in areas
such as speech recognition, data communication and
sensor signal processing, involves a technique known
generally as Independent Component Analysis (ICA),
and in more specific applications as Blind Source Sepa-
ration (BSS). This technique searches an input signal
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having multiple components, for a signal transformation
which will minimize the statistical dependence between
its components. Accordingly, BSS is a signal separation
technique capable of delivering dramatic improvements
in signal to noise ratio for mixtures of independent sig-
nals, such as multiple voices or mixtures of voice and
noise signals.

[0006] Itis an object of the present invention to provide
an electronic filtering technique incorporating BSS
processing which can operate in real time to enhance
reception of a desired signal, such as the voice of a near-
by person, and furthermore, if desired, can be incorpo-
rated in a hearing aid.

SUMMARY OF THE INVENTION

[0007] This object is achieved by a device according
to claim 1 and a method according to claim 7.

[0008] An electronicfiltering device for performing real-
time unmixing of a signal desired to be recovered by a
user of the device, where the desired signal emanates
from one of a plurality of independent signal sources.
Two microphones positioned along a common axis de-
velop first and second electrical input signals in response
to reception by the microphones of acoustic signals from
the plurality of independent signal sources. The spatial
position of the common axis of the microphones is con-
trollable in real time by the user to align the common axis
so it points in the direction of the source of the desired
signal, thereby imparting an inherent directionality to the
input signals. An adaptive unmixing signal processor re-
sponsive to the input signals develops output signals
wherein the desired signal is separated from the mixture
signal. In one preferred embodiment of the invention a
preprocessor is provided to enhance the inherent direc-
tionality of the input signals by establishing a relative time
delay therebetween. Furthermore, the preprocessor may
subject the enhanced input signals to a decorrelation
processing before their application to the unmixing signal
processor. A selected output of the unmixing signal proc-
essor can be applied as an input to a speaker for repro-
duction, or can be further processed for signal enhance-
ment by an additional processor before reproduction.

BRIEF DESCRIPTION OF THE DRAWINGS

[0009]

Figure 1 illustrates in block diagram form an elec-
tronic filtering device constructed in accordance with
the present invention;

Figure 2 illustrates in block diagram form the pre-
processing stage of the electronic filtering device
shown in Figure 1;

Figure 3 illustrates in block diagram form the tech-
nique of Blind Source Separation as used in the elec-
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tronic filtering device of the invention; and
Figure 4 illustrates in block diagram form an exem-
plary embodiment of a Blind Source Separator useful

in the electronic filtering device of the invention.

DETAILED DESCRIPTION OF THE INVENTION

[0010] Figure 1illustrates in block diagram form an ap-
plication of the invention for use in hearing aids. A hearing
aid 10 includes two microphones 12 and 14 for develop-
ing two input signals 1 and 2, respectively. In accordance
with one aspect of the invention, the microphones are
mounted in the hearing aid such that a common axis of
their positioning always extends substantially in the di-
rection in which the wearer of the hearing aid looks when
being attentive to a signal source such as a voice. This
microphone positioning imparts an inherent directionality
toinputsignals 1 and 2. Since each microphone develops
electrical signals representative of the acoustic waves
received thereby from sound sources within it's operating
range, each input signal may comprise a mixture of un-
known signals from an unknown number of signal sourc-
es. Input signals 1 and 2 are processed in three main
stages. At a first stage 16, the input signals are preproc-
essed for enhancing the inherent directionality already
imparted thereto by their positioning. At a second stage
18, the resulting signals are subjected to an unmixing
processing (sometimes referred to as separation
processing), which is designed to produce estimates of
the original unknown signals picked-up by microphones
12 and 14. At a third stage 20, the outputs of the unmixing
processing are preferably postprocessed to produce the
desired signal 22, which can then be applied to a speaker
24 of the hearing aid 10 for reproduction and presentation
to a user.

[0011] As illustrated in Fig. 2, preprocessing stage 16
begins with normalization of the raw input signals. Auto-
matic Gain Control is used to normalize input signals 1
and2toa[-1,+1]range. The inputs 1 and 2 are now given
in by a vector x = (x(),x,(t)).

[0012] In accordance with one aspect of the invention,
in order to adapt a blind source separation (BSS) tech-
nique for use in a device as small as a hearing aid, and
to have it operate in real-time, preprocessing stage 16
also provides at least the first, and preferably both of the
following additional processing:

* Enhancement of signal source directionality inherent
in the input signals, resulting from a directional ar-
rangement of microphones 12 and 14 with respect
to a source of interest. In the hearing aid exemplary
embodiment, the directionality of the source of inter-
est is presumed to be in the direction that the user
is looking. Accordingly, the microphones are posi-
tioned on the hearing aid along an axis that is in the
direction that the user would be looking, and the di-
rection of the source of interest is presumend to be
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at zero degrees with respect to such axis. The direc-
tion of a second source can be estimated in the pre-
processing stage (delay box in 16) resulting in an
adaptive delay (8). The delay is a positive or negative
fractional delay, such that the most powerful com-
ponent of the inputs other than the one approximate-
ly aligned with the microphone axis arrives synchro-
nously at the two microphones. For example this
would be zero if the second source were perpendic-
ular to the microphone axis. For this enhancement,
the normalized input signals x = (x(t),x,(t)) are mod-
ified as follows:

x, (£)=x,(¢)

X, (1)=x,(t - 8)

* Decorrelation of the input signals. In the exemplary
embodiment decorrelation is carried out by a diago-
nalization of the correlation matrix. More specifically,
let C=Covariance(xT), where xT is a transpose of x.
If significant correlation exists between the two input
signals (x4, X,), a decorrelation over a time window
D means transformation of the signals in two steps:
(1) centering around the mean over the data in the
window D; and (2) Affine transformation of the re-
sulting data points in order to diagonalize the covar-
iance matrix of the resulting signals. Assuming that
x is centered around its mean, we use the following
transformation:

x=2(C)'x

[0013] In the illustrated embodiment, the window D
comprised 16,000 samples.

[0014] The above described preprocessing facilitates
the subsequent BSS processing to arrive at a solution in
a shorter time than if the preprocessing was not provided,
and furthermore, increases the probability that the BSS
processing will arrive at a valid solution instead of a local
minimum.

[0015] Figure 3 illustrates the principles of the opera-
tion of a BSS algorithm upon which the unmixing or sep-
aration of the desired component from the input signals
is based. The technique is called Blind Source Separa-
tion because it makes few assumptions about the type
of signals present in the mixture. As well known by those
of ordinary skill in this technology, BSS processing is
intended to recover the set of n unknown source signals
from a set of their mixtures, assuming that the n source
signals are independent. More specifically, as shown in
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Figure 3, if s is a vector of n sources, and x is a vector
of m observations of those sources (i.e., the raw input
signals from the m microphones), the goal of a BSS proc-
essor is to discover the m by n mixing matrix A:

x = As ,where x is the preprocessed signals shown
in Figure 2 (i.e., x").

or equivalently, and as is done in the present invention,
to find an unmixing or separating matrix W such that

z=Wx=s~swherezisthe vector ofthe independent
estimates of component signals s and z is an esti-
mate of the source signals.

[0016] As previously noted, the sources s=(s, s,) and
the environment-dependent mixing matrix A are un-
known. The BSS processor (which as well known, may
be implemented using a neural network) only sees the
inputs x=(x4,x5) coming from two microphones in order
to determine estimates z=(z;, z,) of the independent
component signals s. In this case, the inputs x are actu-
ally the preprocessed signals x", previously described.
[0017] Figure 4 illustrates a block diagram of the main
components of a BSS processor 400. BSS processor
400 comprises: an unmixing component 402 for record-
ing and updating the state of the unmixing process de-
fined by parameters W and v; a nonlinear component
404 for generating statistics used in the adaptation proc-
ess; and an adaptation component 406 for computing
changes in the values of the unmixing parameters, AW
and Av.

[0018] As will now be described in greater detail, the
BSS processor 400 continuously adapts two state vari-
ables: the 2 by 2 unmixing matrix W, and the 2 by 1 bias
vector b. The unmixing component 402 buffers the most
recent N samples input to BSS processor 400. It com-
putes the output z corresponding to the most recent input
sample x by using the current values of the parameters
W. These parameters are initialized with small random
values at the beginning of the process (while v=0):

z=Wx

[0019] The nonlinear component 404 transforms the
output of the system using an invertible mapping. The
objective of component 404 is to avoid processing very
large numeric values of the outputs, which may be infin-
ities from a computational point of view. This objective is
carried out by processing statistically equivalent quanti-
ties, obtained after running the outputs z through the in-
vertible mapping. An example of a nonlinear transforma-
tion used in component 404 is the sigmoidal nonlinearity
y, defined below, taking as arguments z translated with
v over the input buffer.

10

15

20

25

30

35

40

45

50

55

1
r= l1+exp(—z-v)

[0020] The adaptation component 406 determines
changes in the unmixing parameters W and v: i.e., AW
and Av. The objective is to maximize the mutual informa-
tion that the outputs y contain about the inputs x, as well
known to those skilled in this technology, and as de-
scribed, for example by A.J. Bell and T.J. Sejnowski in
their article entitled "An information-maximization ap-
proach to blind separation and blind deconvolution" pub-
lished in Neural Computation, 7:1129-1159, 1995, and
as also described in Bell's US patent 5,706,402. This
objective reduces to a condition on the joint entropy H=H

(v1,y2) of the outputs y:

OH (1) _
ow

aH(y]’y2) =0
ov

[0021] The resulting adaptations rules are modified to
perform a "natural gradient" step known by those skilled
in this technology, such as described by S. Amari in his
publication entitled "Minimum mutual information blind
separation, published in Neural Computation, 1996.
[0022] We obtain the following update rules:

AW =n(W +(1-2y)-u)

Av=n(1-2y)

[0023] A typical value for the learning rate n is 0.005.
[0024] Referring again to Figure 1, following unmixer
18 is the postprocessing step 20, wherein a determina-
tion is made of which output estimate of unmixer 18 is
more likely to represent voice rather than noise, as well
as a normalization of the power of the outputs by scaling
them to the level of the input powers. The output signal
section can be based on multiple criteria using, for ex-
ample, voice specific feature extraction and analysis,
and/or dominant speaker detection, which can also be
accomplished using feature extraction and analysis.

[0025] As previously noted, in the illustrated embodi-
ment of the present invention, the BSS processing is ap-
plied for use in hearing aids. The inputs to the system
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are given by two microphones which, with the present
invention, can be situated very close to one another. In
terms of the notation in the BSS processor shown in Fig-
ures 3 and 4, the system has two inputs and two ouputs
(n=m=2).

[0026] Particularly for the case of hearing aids, the
present invention addresses the following problems:

e It works with real world mixtures of signals in ane-
choic environments. The challenge is that a hearing
aid using BSS would incorporate two microphones
which, given the physical limitation imposed by in
the ear hearing aids, may be less than 11 mm apart.

e It can cope with more signals than the number of
microphones. Until now, this was thought to be im-
possible since the existing theory behind BSS guar-
antees that a solution exists only when n>m.

* It works under non-stationary mixing conditions in
order to follow moving sources and adapt to chang-
ing listening environments.

* It works inreal time so that the user is not subjected
to disconcerting delays in the signals and so that the
hearing aid can adapt as necessary.

[0027] Thus, there has been shown and described a
novel method and apparatus for real-time unmixing of a
desired signal from a mixture of independent signals.
Many changes, modifications, variations and other uses
and applications of the subject invention will, however,
become apparent to those skilled in the art after consid-
ering this specification and its accompanying drawings,
which disclose a preferred embodiment thereof. For ex-
ample, although pre- and post- BSS processors 16 and
18 are described, as noted herein, they are not strictly
necessary in the broadest application of the present in-
vention. Additionally, the various components of BSS
processor 400 can be biased with a priori knowledge
about the input signals to facilitate its operation, for ex-
ample, knowledge about the distribution of the amplitude
values of the source signals or even that one input signal
represents speech. Furthermore, signal processing for
enhancing source signal directionality can be incorporat-
ed into preprocessor 16. Even furthermore, the teaching
of the present invention can be extremely useful for in-
terference cancellation, separation of one voice from a
mixture of many voices ("cocktail party" problem), and
for preprocessing sound mixtures for noise reduction in
order to allow further processing of a desired sound sig-
nal. x. All such changes, maodifications, variations and
other uses and applications which do not depart from the
teachings herein are deemed to be covered by this pat-
ent, which is limited only by the claims which follow as
interpreted in light of the foregoing description.

Claims

1. A hearing aid (10) including an electronic filtering
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device for performing real-time unmixing of a signal
desired to be recovered by a user of the device,
where the desired signal emanates from one of a
plurality of independent signal sources, the hearing
aid comprising:

A common housing with two microphones (12,
14) mounted therein, the common housing be-
ing for co-location with the ear of the userin use,
and an adaptive unmixing signal processor (18),
wherein:

the two microphones (12, 14) are positioned
along a common axis for developing first
and second electrical input signals in re-
sponse to reception by the microphones of
acoustic signals from the plurality of inde-
pendent signal sources, the spatial position
of the common axis of the microphones be-
ing controllable in real time according to the
direction in which the userlooks when being
attentive to a signal source, to align the com-
mon axis so that it substantially continuous-
ly points in the direction of the source of the
desired signal when the user looks in the
direction of the source; and wherein

the adaptive unmixing signal processor (18)
comprises a blind source signal separator
responsive to said input signals for devel-
oping output signals in which the desired
signal is separate from the mixture signal.

The hearing aid of claim 1, further including a pre-
processor (16) for modifying the input signals before
they are applied to the unmixing signal processor.

The hearing aid of claim 2, wherein the preprocessor
(16) introduces a relative delay between compo-
nents of the input signals.

The hearing aid of claim2 or 3, wherein the preproc-
essor (16) subjects the input signals to a decorrela-
tion processing.

The hearing aid of claim 1, further including a post-
processor (20) responsive to the output signals of
the unmixing signal processor for selecting the de-
sired signal for application to a signal reproduction
device.

The hearing aid of claim 1, wherein the blind source
signal separator (18) comprises a neural network for
performing an unsupervised learning process that
operates to maximize the joint output entropy of the
output signals.

A method for performing real-time unmixing of a sig-
nal desired to be recovered by a user, where the
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desired signal emanates from one of a plurality of
independent signal sources, the method comprising
the following steps:

positioning two microphones (12, 14) along a
common axis, for developing first and second
electrical input signals in response to reception
by the microphones of acoustic signals from the
plurality of independent signal sources, said po-
sitioning being such that the common axis of the
microphones is controllable in real time by the
user to align the common axis so that it substan-
tially continuously points in the direction of the
source of the desired signal by locating the com-
mon axis proximate the user in a manner so that
it points in the direction that the user is looking;
and

subjecting said input signals to an adaptive un-
mixing signal processing using blind source sig-
nal separation processing for developing output
signals wherein the desired signal is separated
from the mixture signal.

The method of claim 7, wherein said positioning lo-
cates the common axis on a common housing that
is intended to be co-located with the ear of the user.

The method of claim 7, further including a preproc-
essing step for modifying the input signals before
they are subjected to the unmixing signal processing.

The method of claim 9, wherein the preprocessor
step introduces a relative delay between the input
signals.

The method of claim 9 or 10, wherein the preproc-
essing step subjects the relatively delayed input sig-
nals to decorrelation processing.

The method of claim 11, wherein the decorrelation
processing step is carried out by a diagonalization
of a correlation matrix formed using the relatively de-
layed input signals.

The method of claim 7, further including a post-
processing step responsive to the output signals of
the unmixing signal processing step for selecting the
desired signal for application to a signal reproduction
device.

The method of claim 7, wherein the blind source sig-
nal separation processing comprises an unsuper-
vised learning process that operates to maximize the
joint output entropy of the output signals.
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Patentanspriiche

1.

Hérhilfegerat (10), umfassend eine elektronische Fil-
tervorrichtung zum Ausfihren einer Echtzeit-Entmi-
schung eines Signals, von dem der Verwender des
Gerats wiinscht, dass es wiederhergestellt wird, wo-
bei des gewlinschte Signal aus einer aus einer Mehr-
zahl unabhéangiger Signalquellen stammt, das Hor-
hilfegerat umfassend

ein gemeinsames Gehause mit zwei darin ange-
brachten Mikrofonen (12, 14), wobei das gemeinsa-
me Gehduse bei Verwendung fiir gemeinsame An-
ordnung mitdem Ohr des Verwenders ausgelegt ist,
und einen anpassbaren Signalentmischungspro-
zessor (18), wobei

die zwei Mikrophone (12, 14) entlang einer gemein-
samen Achse angeordnet sind zum Entwickeln ei-
nes ersten und eines zweiten elektrischen Eingabe-
signals als Reaktion auf den Empfang durch die Mi-
krophone von akustischen Signalen aus der Mehr-
zahl unabhéangiger Signalquellen, wobei die raumli-
che Position der gemeinsamen Achse der Mikropho-
ne in Echtzeit steuerbar ist gemaf der Richtung, in
welche der Verwender schaut, wenn er auf eine Si-
gnalquelle aufmerksam ist, um die gemeinsame
Achse so auszurichten, dass sie im Wesentlichen
durchgéngig in die Richtung der Quelle des ge-
wiinschten Signals zeigt, wenn der Verwender in die
Richtung des Signals schaut; und wobei

der anpassbare Signalentmischungsprozessor (18)
einen Blindquellen-Signalseparator umfasst, der auf
die Eingabesignale reagiert zum Entwickeln von
Ausgabesignalen, in welchen das gewiinschte Si-
gnal getrennt vom Mischungssignal ist.

Hérhilfegerat gemaR Anspruch 1, zudem umfassend
einen Vorprozessor (16) zum Modofizieren der Ein-
gabesignale, bevor sie den Signalentmischungspro-
zessor durchlaufen.

Hérhilfegerat gemafl Anspruch 2, wobei der Vorpro-
zessor (16) eine relative Verzégerung zwischen den
Bestandteilen des Eingabesignals einfiihrt.

Hérhilfegerat gemal Anspruch 2 oder 3, wobei der
Vorprozessor (16) die Eingabesignale einer Entkor-
relationsbearbeitung unterzieht.

Hérhilfegerat gemaR Anspruch 1, zudem umfassend
eine Nachprozessor (20), der auf die Ausgabesigna-
le des Signalentmischungsprozessors reagiert zum
Auswahlen des gewiinschten Signals zur Anwen-
dung auf eine Signalwiedergabevorrichtung.

Hérhilfegerat gemal Anspruch 1, wobei der Blind-
quellen-Signalseparator (18) ein neurales Netzwerk
umfasst zum Ausfiihren eines nicht Uberwachten
Lernvorgangs, der so arbeitet, dass er die kombi-
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nierte Ausgangsentropie der Ausgangssignale ma-
ximiert.

Verfahren zum Ausfiihren einer Echtzeit-Entmi-
schung eines Signals, von dem ein Verwender
wiinscht, dass es wiederhergestellt wird, wobei des
gewinschte Signal aus einer aus einer Mehrzahl un-
abhangiger Signalquellen stammt, das Verfahren
umfassend die folgenden Schritte

Anordnen zweier Mikrophone (12, 14) entlang einer
gemeinsamen Achse zum Entwickeln eines ersten
und eines zweiten Eingabesignals als Reaktion auf
den Empfang durch die Mikrophone von akustischen
Signalen aus der Mehrzahl unabhangiger Signal-
quellen, wobei das Anordnen so erfolgt, dass die ge-
meinsame Achse der Mikrophone in Echtzeit durch
den Verwender steuerbar ist zum Ausrichten der ge-
meinsamen Achse so, dass sie im Wesentlichen
durchgéngig in die Richtung der Quelle des ge-
wiinschten Signals zeigt durch Anordnen der ge-
meinsamen Achse in der Nahe des Verwenders in
einer Weise, dass sie in die Richtung zeigt, in die
der Verwender schaut; und

Unterwerfen der Eingangssignale einer anpassba-
ren Entmischungssignalbearbeitung durch
Blindquellensignaltrennungsbearbeitung zum Ent-
wickeln von Ausgabesignalen, wobei das ge-
wiinschte Signal vom Mischsignal getrennt wird.

Verfahren gemaf Anspruch 7, wobei durch das An-
ordnen die gemeinsame Achse auf einem gemein-
samen Gehduse angeordnet wird, welches sich am
selben Ort wie das Ohr des Verwenders befinden
soll.

Verfahren gemafR Anspruch 7, zudem umfassend ei-
nen Vorbearbeitungsschritt zum Modifizieren der
Eingangssignale, bevor es die Entmischungssignal-
Bearbeitung durchlaufen.

Verfahren gemaf Anspruch 9, wobei der Vorbear-
beitungsschritt eine relative Verzégerung zwischen
den Bestandteilen des Eingabesignals einfihrt.

Verfahren gemafl Anspruch 9 oder 10, wobei der
Vorbearbeitungsschritt die relativ verzégerten Ein-
gabesignale einer Entkorrelationsbearbeitung un-
terzieht.

Verfahren gemaf Anspruch 11, wobeider Schrittder
Entkorrelationsbearbeitung ausgefiihrt wird durch
Diagonalisierung einer mit den relativ verzdgerten
Eingabesignalen gebildeten Korrelationsmatrix.

Verfahren gemafR Anspruch 7, zudem umfassend ei-
nen Nachbearbeitungsschritt als Reaktion auf die
Ausgabesignale des Signalentmischungsbearbei-
tungsschritts zum Auswahlen des gewlinschten Si-

10

15

20

25

30

35

40

45

50

55

14.

gnals zur Anwendung auf eine Signalwiedergabe-
vorrichtung.

Verfahren gemaf Anspruch 7, wobei die Blindquel-
lensignaltrennungsbearbeitung umfasst einen nicht
Uberwachten Lernvorgang, der so arbeitet, dass er
die kombinierte Ausgangsentropie der Ausgangssi-
gnale maximiert.

Revendications

Prothése auditive (10) incluant un dispositif de filtra-
ge électronique pour effectuer le démixage en temps
réel d’'un signal qu’un utilisateur du dispositif souhai-
te récupérer, ou le signal souhaité émane de l'une
d’une pluralité de sources de signaux indépendan-
tes, la prothése auditive comprenant :

un logement commun avec deux microphones
(12, 14) montés a l'intérieur, le logement com-
mun étant destiné a étre partagé avec l'oreille
de l'utilisateur en cours d’utilisation, et un pro-
cesseur de signaux par démixage adaptatif (18),
dans laquelle :

les deux microphones (12, 14) sont posi-
tionnés le long d’'un axe commun pour dé-
velopper des premier et second signaux
d’entrée électriques en réponse a la récep-
tion par les microphones de signaux acous-
tiques de la pluralité de sources de signaux
indépendantes, la position spatiale de I'axe
commun des microphones étant contréla-
ble en temps réel selon la direction dans
laquelle I'utilisateur regarde lorsqu’il est at-
tentif a une source de signaux, pour aligner
I'axe commun afin qu'il pointe de fagon sen-
siblement continue dans la direction de la
source du signal souhaité lorsque l'utilisa-
teur regarde dans la direction de la source ;
et dans laquelle

le processeur de signaux par démixage
adaptatif (18) comprend un séparateur
aveugle de signaux de source réceptif
auxdits signaux d’entrée pour développer
des signaux de sortie dans lesquels le si-
gnalsouhaité est séparé du signal mélange.

Prothése auditive selon la revendication 1, compre-
nant en outre un préprocesseur (16) pour modifier
les signaux d’entrée avant qu'ils soient appliqués au
processeur de signaux par démixage.

Prothése auditive selon la revendication 2, dans la-
quelle le préprocesseur (16) introduit un retard relatif
entre les composantes des signaux d’entrée.
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Prothése auditive selon larevendication 2 ou 3, dans
laquelle le préprocesseur (16) soumet les signaux
d’entrée a un traitement de décorrélation.

Prothése auditive selon la revendication 1, compre-
nant en outre un postprocesseur (20) réceptif aux
signaux de sortie du processeur de signaux par dé-
mixage pour sélectionner le signal souhaité pour ap-
plication a un dispositif de reproduction de signal.

Prothése auditive selon la revendication 1, dans la-
quelle le séparateur aveugle de signaux de source
(18) comprend un réseau neuronal pour effectuer un
processus d’apprentissage non supervisé qui sert a
maximiser I'entropie en sortie jointe des signaux de
sortie.

Procédé pour effectuer un démixage en temps réel
d’'un signal qu’un utilisateur souhaite récupérer, ou
le signal souhaité émane de I'une d’'une pluralité de
sources de signaux indépendantes, le procédé com-
prenant les étapes suivantes :

le positionnement de deux microphones (12, 14)
le long d’'un axe commun, pour développer des
premier et second signaux d’entrée électriques
en réponse a la réception par les microphones
de signaux acoustiques de la pluralité de sour-
ces de signaux indépendantes, ledit positionne-
ment étant tel que 'axe commun des micropho-
nes est contrélable en temps réel par 'utilisateur
pour aligner 'axe commun afin qu’il pointe de
fagon sensiblement continue dans la direction
de la source du signal souhaité en plagant I'axe
commun a proximité de I'utilisateur d’'une ma-
niere telle qu’il pointe dans la direction dans la-
quelle I'utilisateur regarde ; et

la soumission desdits signaux d’entrée a un trai-
tement de signal par démixage adaptatif en uti-
lisant un processus de séparation aveugle de
signaux sources pour développer des signaux
de sortie dans lesquels le signal souhaité est
séparé du signal en mélange.

Procédé selon la revendication 7, dans lequel ledit
positionnement place I'axe commun sur un logement
commun qui est censé étre partagé avec l'oreille de
I'utilisateur.

Procédé selon la revendication 7, comprenant en
outre une étape de prétraitement pour modifier les
signaux d’entrée avant qu’ils ne soient soumis au
traitement de signaux par démixage.

Procédé selon larevendication 9, danslequel I'étape
de prétraitement introduit un retard relatif entre les
signaux d’entrée.
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Procédé selon la revendication 9 ou 10, dans lequel
I'étape de prétraitement soumetles signaux d’entrée
relativement retardés a un traitement de décorréla-
tion.

Procédé selon larevendication 11, dans lequel I'éta-
pe de traitement de décorrélation est effectuée par
une diagonalisation d’une matrice de corrélation for-
mée en utilisant les signaux d’entrée relativement
retardés.

Procédé selon la revendication 7, comprenant en
outre une étape de post-traitement réceptive aux si-
gnaux de sortie de I'étape de traitement de signaux
par démixage pour sélectionner le signal souhaité
pour application a un dispositif de reproduction de
signal.

Procédé selon larevendication 7, dans lequel le pro-
cessus de séparation aveugle de signaux sources
comprend un processus d’apprentissage non super-
visé qui sert a maximiser I'entropie en sortie jointe
des signaux de sortie.
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