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noise reduction means (5a; 5b) for performing noise reduction in dependence of said at least one Interaural transfer function. The
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(57) Abrege(suite)/Abstract(continued):

method of operating a binaural hearing system (1) comprises the steps of -providing at least one interaural transfer function (30a;
30b); -performing noise reduction In dependence of said at least one interaural transfer function. Preferably, said noise reduction
means (5a; Sb) comprises two binaural Wiener filters (5a, 5b) each having a cost function comprising at least one term describing a
desired Interaural transfer function, wherein said at least one Interaural transfer function provided by said |ITF means (3a, 3b) Is
assigned to said at least one term. Preferably, said cost function comprises a speech distortion term, a residual noise term and two

ITF terms for preserving the interaural transfer functions of speech and noise components. This allows to preserve binaural cues
while reducing noise.
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HEARING SYSTEM AND METHOD IMPLEMENTING BINAURAL NOISE
REDUCTION PRESERVING INTERAURAL TRANSFER FUNCTIONS

Technical Field

F

The i1invention relates to the field of binaural hearing

10 systems, and 1n particular to nolse reduction i1n such

hearing systems. It relates to methods and apparatuses

according to the opening clauses of the claims.

Rather specifically, the present i1nvention relates to
pbinaural noise reduction through Wiener Filtering for

15 hearing aids preserving interaural transfer functions

(ITF), and more particularly 1t relates to an algorithm for
preserving interaural transfer functions of the speech and

nolse components and thus preserving the i1nteraural time

Vi

delay (ITD) and interaural level difference (ILD) cues o:

20 the speech and noise components.

Definitions

Under a hearing device, a device 1s understood, which 1is
25 worn 1n or adjacent to an individual’s ear with the object

to 1mprove the individual’s acoustical perception. Such
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improvement may also be barring acoustic signals from belng

o

percelved 1n the sense of hearing protection for the

individual. If the hearing device 1s taillored so as to

improve the perception of a hearing i1mpaired individual

g

towards hearing perception of a “standard” individual, then

we speak of a hearing-aid device. A hearing-aid device 1s
also referred to as hearing aid. With respect to the
application area, a hearing device may be applied behind
the ear, 1n the ear, completely 1n the ear canal or may be

1mplanted.

A hearing system comprises at least one hearing device. In
case that a hearing system comprises at least one
additional device, all devices of the hearing system are
operationally connectable within the hearing system.
Typically, said additional devices such as another hearing
device, a remote control or a remote microphone, are meant

to be worn or carried by said individual.

Under audio signals, we understand electrical signals,

analogue and/or digital, which represent sound.

An 1nteraural transfer function (ITF) 1s a function
describing how to obtain a signal representing sound

originating from one sound source and picked up 1n oOr near

one ear of an individual, from a signal representing the

identical sound (originating from the i1dentical sound

g

source) picked up 1n or near the other ear of said

individual. An ITF can, e.g., be obtained by dividing data
representing salid signals picked up 1n or near sald one ear

by data representing said signals picked up 1n or near said

other ear. An ITF 1s actually defined only for one single
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sound source, but 1t 1s nevertheless also used for a

g—

mixture of signals originating from two or more sound

sources, as long as signals from one of the sources prevaill

over signals from other sources.

We understand under technical “beam-forming” tailoring the

amplification of an electrical signal with respect to an

acoustical signal as a function of direction of arrival

(DOA) of the acoustical signal relative to a predetermined
spatial direction. Most generically, technical beam-forming
1s always achieved when the output signals of two spaced
input acoustical-to-electrical converter arrangements are

processed to result in a combined output signal. Within the

field of a binaural hearing systems, we understand under
technical “monaural beam-forming”, the beam-forming as
performed separately at the respective hearing devices.
Under “binaural beam-forming”, we understand within this
field beam-forming which exploits the mutual distance

between an i1ndividual’s ears.

Background of the Invention

Hearing impaired persons localize sounds better without
their bilateral hearing aids than with them [2]. In
addition, noilise reduction algorithms currently used 1n
hearing alids are not designed to preserve localilization cues
[3]. The 1nability to correctly locallze sounds puts the

hearing ald user at a disadvantage. The sooner the user can
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localize a speech signal, the sooner the user can begin to

exploit visual cues. Generally, visual cues lead to large

improvements in intelligibility for hearing impaired
persons [4]. Furthermore, preserving the spatial separation
between the target speech and the interfering signals leads

to an i1mprovement 1n speech understanding [5], [©].

Studies have shown that the spatial separatlion between the

speech and noise sources contributes to an i1mprovement 1n

intelligibility [5], [6]. This is referred to as spatial

release from masking. Therefore the benefit of a noise

reduction algorithm that preserves localization cues 1s

twofold. First, nolse reduction leads to an i1mprovement 1n
intelligibility. Additionally, preserving localization cues
preserves the spatial separation of the target speech and

noise sources, resulting again in an i1mprovement 1n

intelligibility.

A hearing impaired person wearing a monaural hearing aid on
each ear 1s said to be using bilateral hearing aids. Each
monaural hearing aid uses 1ts own microphone 1nputs to
generate an output for its respective ear. No information
is shared between the hearing aids. Contrastingly, binaural
hearing aids use the microphone inputs from both the left

and right hearing aid, typically through a wireless link,

to generate an output for the left and right ear.

Interaural time delay (ITD) and interaural level difference

(ILD) help listeners localize sounds horizontally [7]. ITD

1s the time delay 1n the arrival of the sound signa.

between the left and right ear, and ILD i1s the intensity
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difference between the two ears. ITD cues are more reliable

1n low frequencilies.

On the other hand, ILD 1s more prominent 1n high

frequencies, since it stems from the scattering of the

sound waves by the head.

In [8], the Wiener filter cost function used 1n a noilse

reduction procedure has been extended, and includes terms

related to ITD and ILD cues of the noise component. The ITD
cost function is expressed as the phase difference between

the output noise cross-correlation and the 1nput noise

cross correlation. The ILD cost function 1s expressed as

the difference between the output noilise power ratio and the

input noise power ratio. It has been shown that 1t 1is
possible to preserve the binaural cues of both the speech

and noise components without significantly compromising the

noise reduction performance. However, 1lterative

optimization techniques are used to compute the filter.

It is desirable to provide for an improved nolse reduction

1n hearing systems.

Several documents are cited throughout the text of this

F

specification. Each of the documents herein (including any

manufacturer’s specifications, instructions etc.) are

hereby incorporated by reference; however, there 1s no

t

admission that any document cited 1s indeed prior art of

the present 1nventilon.
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Summary of the Invention

Therefore, one object of the invention 1s to create a
binaural hearing system that does not have the

5 disadvantages mentioned above. It shall be provided for an

improved nolse reduction.

In addition, the respective method of operating a bilinaural

hearing system shall be provided.

Another object of the invention 1s to provide for a way to

10 achieve an improved speech intelligibility, 1n particular

1n nolsy environments.

Another object of the invention 1s to provide for an

alternative way of providing locallzation cues while

performing noise reduction 1n a hearing system.

15 Further objects emerge from the description and embodiments

below.

At least one of these objects 1s at least partilially

achieved by apparatuses and methods according to the patent

claims.

20 The binaural hearing system comprises

— ITF means for providing at least one i1interaural

transfer function;

—_— noise reduction means for performing noise reduction

m

in dependence of said at least one 1nteraural transfer

25 function.

Through this, an improved noise reduction can be achieved.

In particular, this allows to provide for localization cues
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while performing nolse reduction. An improved speech

intelligibility can be achieved.

The corresponding method of operating a binaural hearing

system comprises the steps of

— providing at least one i1nteraural transfer function;

o performing nolse reduction 1n dependence of said at

least one interaural transfer function.

Said ITEF means can be a means providing said at least one

interaural transfer function.

In one embodiment, sald ITF means also allows to obtain

salid at least one interaural transfer function, e.g., by

calculating.

Said ITF means can be or comprilise a storage means
comprising predefined, e.g., pre-calculated data describing

sald at least one i1nteraural transfer function.

Sald nolse reduction means can pbe means performing said
noise reduction in dependence of said at least one

interaural transfer function.

In one embodiment, said at least one 1nteraural transfer
function comprises an interaural transfer function of
wanted signal components and/or an interaural transfer

function of unwanted signal components. It may comprise two

or more interaural transfer functions of wanted signal

components and/or two or more i1interaural transfer functions

of unwanted signal components. In most practical cases,

there will be one source of wanted signals and,

accordingly, one 1nteraural transfer function of wanted
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F

slgnal components, and one or two sources of unwanted

signals and, accordingly, one or two interaural transfer

functions of wanted signal components.

We occasionally speak of wanted/unwanted signal
“components”, 1n order to emphasize that signals subject to
noise reduction are a composition of wanted signals and
unwanted signals. The primary aim of said nolse reduction
1s to separate wanted signal components from unwanted

signal components.

Typically, said wanted signals are speech signals. Said

unwanted signals are often referred to as noise.

In one embodiment, said binaural hearing system comprilses

— a first and a second i1nput transducer unit;

sald ITF means having an ITF output for outputting said at
least one interaural transfer function, and said noise

reduction means comprising a first and a second adaptive

filtering unit, each having at least a first and a second

audio signal i1input and a control i1nput, for filtering audio

signals 1nputted to said audio signal 1nputs 1n dependence
of data received at said control input, wherein each of

sald first audio signal i1nputs 1s operationally connected

to said first i1nput transducer unit and each of said second
audio signal inputs 1s operationally connected to said

second 1nput transducer unit, and wherein each of said

control 1nputs 1s operationally connected to said ITF

output.
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In one embodiment, said first adaptive filtering unit 1s a

first adaptive filter, and said second adaptive filtering

unit 1s a second adaptive filter.

Said ITF means can also be referred to as an ITF unit.

In one embodiment, each 1nput transducer unit comprises at
least one 1nput transducer. Input transducers are usually

acoustic-to-electric converters, e.g., microphones.

In one embodiment, said binaural hearing system comprises a

first and a second hearing device, each comprising an 1nput

transducer belonging to said first and second input

transducer unit, respectively.

An 1nput transducer unit may comprise a remote 1nput

transducer such as a remote microphone.

Typically, said first and said second 1nput transducer
units each comprise at least one 1nput transducer that 1s
worn in or near the left and right ear, respectively, of an

individual using said binaural hearing system.

In one embodiment, said filtering in said first and second

adaptive filtering units depends 1in essentially the same

way on sald at least one interaural transfer function. More
particularly, the optimization functions of said first and
second adaptive filtering units are 1ldentical, 1.e. have

the same form. (Note that differences between filtering and

filtering coefficients 1n said flrst and second adaptive

filtering units 1s due to the assignment of different audio

signals to the i1nputs of said first and second adaptive

filtering units, respectively.
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In one embodiment, said first and second adaptive filtering

P
p—

units each have a set of filtering coefficients, which

depend on said at least one interaural transfer function.

g

We refer to filtering coefficients of an adaptive filter as

coefficients (or terms), which 1nfluence the way the

adaptive filter filters the signals inputted to the filter.

In one embodiment, said first and second adaptive filtering

units each have an optimization function depending on said

at least one interaural transfer function. For Wiener

filters, said optimization function 1s typically referred

to as “cost function”. In case of a constraint
optimization, the functional expression describlng the

constraint is - in the framework of the present application

- considered to be comprised in said optimization function.

In one embodiment, said binaural hearing system comprises

s a first and a second output transducer unit for

receiving audio signals and converting these 1into
signals to be perceived by an individual using said

binaural hearing system;

said first adaptive filtering unit comprising an audlo

signal output operationally connected to said first output

transducer unit, and said second adaptive filtering unit

comprising an audio signal output operationally connected

to said second output transducer unit.

In one embodiment, said first and second output transducer
units are each comprised in one device of said binaural

hearing system, 1n particular 1n a hearing device.




10

15

20

295

CA 02648851 2008-10-08

WO 2007/128825 PCT/EP2007/054468

- 11 -

In one embodiment, said first and second output transducer
units are are located in or near the left and the right

ear, respectively, of said 1ndilividual during normal

operation of sald bilnaural hearing system.

Typically, such output transducer units are embodled as

loudspeakers, also referred to as receivers.

In one embodiment, said first and second adaptive filtering
units each have an optimization function comprising at

least one term describing at least one desired i1nteraural

transfer function, such as to aim at outputting audio

signal components from said first and second adapative

filtering units, respectively, which are related to each

other as described by saild at least one desilired interaural

transfer function. In particular:

In one embodiment, salid first and second adaptive filtering

units each have an optimization function comprising a first

g

term describing a desired interaural transfer function for

wanted signal components and a second term describing a

desired i1nteraural transfer function for unwanted signal

F
p—

components, such as to aim at realizing that a transfer

function describing the relation between wanted audio
signal components outputted from said first and second
adapative filtering units, respectively, corresponds to

sald desired interaural transfer function for wanted signal

components, and at realizing that a transfer function
describing the relation between unwanted audio signal

components outputted from said first and second adapative

filtering units, respectively, corresponds to sald desired
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interaural transfer function for unwanted signal

components.

Of course, as 1ndicated above, there may be additional
terms in said optimization function, for further wanted

and/or (more likely) unwanted signal components.

In one embodiment, said ITEF means comprises a first and a
second input, for obtaining an interaural transfer function

from audio signals inputted to said first and second

inputs, wherein said first and second 1nputs are

operationally connected to said first and second 1nput

transducer unit, respectively.

In this embodiment, 1t 1s possible to preserve at least one

ITF. Through this, the localization cues 1n the filtered
signals are similar to or even at least approximately the

same as the localization cues 1n the unfiltered signals.

It 1is also possible to use other ITFs. This allows to

virtually locate sources of sound. E.g., 1nstead of

preserving the ITEF for unwanted signal components, an ITFE
corresponding to a source from sideways behind the hearing
system user’s head can be used, which can lead to an

P

enhanced intelligibility, 1in particular 1f the actual

source of nolse 1s located 1n a direction close to the
direction where the source of wanted signals 1s located,
which is usually expected to be in direction of said user’s

nose.

In one embodiment, said blnaural hearing system comprises
at least one detecting unit operationally connected to at
least one of said first and second input transducer units,

and having an output operationally connected to said
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control input of at least one of said first and second

adaptive filters, for deciding whether audio signals

recelved from said at least one of said i1nput transducer

unlits are considered wanted signals or unwanted signals.

Sald detecting unit can comprise a volce activity detector.

Sald detecting unit may be based on at least one of
frequency spectrum analysils, a directional analysis, e.qg.,
as a localizer does, or classification, also referred to as

acoustic scene analysis.

In case that said first and second adaptive filtering units

each have an optimization function comprising a first term
describing a desired i1nteraural transfer function for
wanted signal components and a second term describing a
deslred 1nteraural transfer function for unwanted signal
components, this embodiment provides a good way to allow to
assign said obtalned 1nteraural transfer function to either

sald first or said second term.

In one embodiment, said first and second adaptive filtering

units comprise at least one Wiener filter each, 1n

particular multichannel Wiener filters.

It 1s also possible to use other types of filters. E.qg.,

filters based on blind source separation (BSS) can be used.

s

n general, preferably, linear filters are used. With

P
=

respect to other filters, they have the advantage of

providing good results at relatively low computational

cost. Instead of implementing at least one desired ITF in a

filter’s optimization function, it 1is also possible to

perform a constraint optimization. Said constraint can in
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this case aim at accomplishing that a relation between

audio signals output from said first and second filtering

units corresponds to a desired 1nteraural transfer

function.

In one embodiment, sald nolse reduction means comprilises two

binaural Wiener filters each having a cost function
comprising at least one term describing a desired

interaural transfer function, 1n particular wherein said at

least one 1nteraural transfer function provided by said ITFE

means 1s assigned to said at least one term.

In one embodiment, sald bilnaural hearing system comprises

— a first and a second device;

~— a first and a second input transducer unit, said first
input transducer unit comprising at least two input

transducers:;

— a preprocessing unlit comprising at least two audio
signal 1nputs operationally connected to one of said
at least two 1nput transducers each, and comprising an
audio signal output for outputting preprocessed audilo
signals obtained by processing audio signals received

at said at least two audio signal 1nputs;

— a sending unit comprised in saild first device and

'}

operationally connected to said audio signal output of

sald preprocessing unilt;

— a recelving unit comprised 1n sald second device and

operationally connectable to said sending unit via a

communication link;
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salid noise reduction means comprising an adaptive filtering

unit having at least a first and a second audio signal

input, for filtering audio signals 1inputted to said audlio

signal inputs, wherein said first audio signal 1nput 1s
operationally connected to said receiving unit, and said
second audio signal input 1s operationally connected to

said second input transducer unit.

This can be valuable, 1in particular when the bandwith for
transmitting data from said sending unit to said recelving
unit 1s limited, 1in particular when the bandwidth allows to
transmit one audio signal stream, but not two audio signal
streams in the desired quality (defined, e.g., by bit-depth
and sampling frequency). Said processing 1n sald
preprocessor typically combines the two or more audlo
signal streams input to the preprocessor 1nto a smaller
number of audio signal streams, typically 1nto only one
audio signal stream. But 1t 1s also possible to provide

that a preprocessor outputs the same number of audio signal

streams may as are 1lnputted to the preprocessor. In the
latter case, the preprocessor typically performs

compression of audio signals.

In one embodiment, said preprocessor performs beamforming,

more precisely technical beamforming, typically monaural

beamforming, e.g., by delaying one i1nput signal stream with
respect to another input signal stream and adding the two,

possibly inverting one of the signals, 1.e. by the well-

known delay-and-add method for beamforming. It 1s also

possible to perform the well-known filter-and-add method by

delaying one input signal stream with respect to another
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1nput signal stream and frequency-bin-wise adding the two,

I

welghting the frequency bins, and possibly 1nvertling one of

the signals.

In one embodiment, said preprocessor performs compression,
1n particular perceptual coding, 1.e. a compression making
use of the fact that certain components of audio signals
are not or hardly perceivable by the human ear, which
therefore can be omitted. It 1s also possible to use a
compression that makes use of the fact that audio signals
picked up by closely-spaced 1input transducers are very

simlilar. Components 1n salid audio signals that are

1)

identical or practically identical can be omitted 1in one of
the preprocessed audio signals. And components that can be
derived from one preprocessed audlio signal stream also need
not be comprised in another preprocessed audlio signal
stream. Said closely-spaced 1nput transducers can comprise

gy

input transducers comprised in the same device of the

binaural hearing system, and 1t 1s also possible to provide

that said closely-spaced input transducers can comprise

1nput transducers comprised 1n the same device of the

binaural hearing system.

In one embodiment, saild preprocessor 1s, at least i1n part,
comprised in salid nolse reduction means. It 1s possible to
use ilntermediate results of said nolse reduction means or
audio signals derived therefrom, as preprocessed audlo

signals.

Salid communication link 1s typically a wireless

communication link, but can also be a wire-bound or other
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communication link, e.g., one making use of skin

conduction.

Said first and/or second device of said binaural hearing
system can be, e.g., hearing device, or remote control, or

wearable processing unlit, or remote microphone unit.

In one embodiment, saild binaural hearing system comprises

— a first and a second hearing device;

— a first and a second i1nput transducer unit comprised

in salid first and second hearing device, respectively,

each comprising at least two 1nput transducers;

— a first preprocessing unit comprised in said first

hearing device, comprising at least a first and a
second audio signal i1nput, each operationally
connected to one of said at least two 1nput

transducers of said first i1nput transducer unit, and

comprising an audio signal output for outputting
preprocessed audio signals obtalined by preprocessing

audlo signals received at said first and second audio

signal i1nputs;

o a second preprocessing unit comprised 1n sald second

hearing device, comprising at least a first and a

second audio signal input, each operationally

connected to one of said at least two 1input

transducers of said second input transducer unit, and

comprising an audio signal output for outputting
preprocessed audio signals obtailined by preprocessing
audl1o signals received at said first and second audio

signal i1nputs;
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—— a first sending unit comprised in sald first hearing

device, and operationally connected to said audio

signal output of said first preprocessing unit;

— a second sending unit comprised 1n sailid second hearing

device, and operationally connected to said audio

signal output of said second preprocessing unit;

— a first receiving unit comprised 1n sald first device

and operationally connectable to salid second sending

unit via a communication link;

— a second receiving unit comprised 1n said second

device and operationally connectable to said first

sending unit via a communication link;

sald nolse reduction means comprising a first and a second

adaptive filtering unit, each having at least a first and a
second audio signal input, for filtering audio signals

inputted to sailid audio signal 1nputs, wherein

— said first audio signal 1input of said first adaptive

filtering unit 1s operationally connected to said

first input transducer unit;

— sald second audio signal input of said first adaptive

filtering unit 1s operationally connected to said

first receiving unit;

e

— sald first audio signal 1nput of said second adaptive

filtering unit is operationally connected to said

second recelving unilit;
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I

— sald second audio signal input of saild second adaptive

filtering unit 1s operationally connected to said

second 1nput transducer unit.

As poilinted out before, said communication links are
typically wireless communication links, but can also be

other communication links.

In one embodiment, said ITF means 1s comprised 1n one

device of said binaural hearing system, and saild at least

one 1nteraural transfer function provided by said ITF

means, or a portion thereof, 1s transmitted to another

device of said binaural hearing systemn.

In another embodiment, said ITFEF means comprises two sub-
units comprised 1n different devices of said binaural
hearing system, and each providing at least one i1nteraural
transfer function. This can allow to render a transmission

v

of at least one interaural transfer function from one

't

device of said binaural hearing system to another device of

sald bilnaural hearing system superfluous.

Sald nolse reduction means and said ITF means and said
preprocessor and sald detecting unit are typically
implemented 1n at least one processor, typilically a
programmable processor, 1n particular a signal processor,
usually a digital signal processor (DSP). Their functions
can be realized i1in one such processor, but typically they

will be distributed over at least two such processors.

In one embodiment, sald nolse reduction means are oOr

comprise two binaural Wiener filters, each having a cost

function J(W) as follows
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wherelin the meaning of all the variables is explained in

the Examples I to III in the Detailed Description of the

Invention below.

5 A great advantage of this cost function is, that its
minimum can be derived analytically, and the corresponding

optimum filtering coefficients W can be obtained from

measurable data. In the formulae depicted after equation
(1) 1n the Detailed Description of the Invention

10 (Example III, section B), said optimum filtering

coefficients W are explicitely given.

In one embodiment of said method of operating a binaural
hearing system, said binaural hearing system comprises a

first and a second input transducer unit and a first and a

15 second adaptive filtering unit, and said method comprises

—
p—

the steps of

-— obtaining first audio signals by means of said first

input transducer unit;

— obtalning second audio signals by means of said second

20 input transducer unit;
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— inputting said filrst audio signals or audilio signals

derived therefrom to said first adaptive filtering

unit and to sailid second adaptive filtering unit;

— inputting said second audio signals or audio signals

5 derived therefrom to said flirst adaptive filtering

unit and to sailid second adaptive filtering unit;

— in said first and said second adaptive filtering

units: filtering said audio signals i1nputted to the

i)

corresponding adaptive filtering unit 1in dependence of

”
p—

er function.

10 sald least one 1nteraural trans:

F

In one embodiment of saild method of operating a binaural

hearing system, said filtering in said first and second

adaptive filtering units depends 1n essentially the same

way on sald at least one interaural transfer function.

15 In one embodiment, sailid method comprises the steps of

— converting audio signals obtained by said filtering in

sald first adaptive filtering unit or audio signals
derived therefrom into signals to be perceived by an

individual using said binaural hearing system;

20 — converting audio signals obtalned by said filtering 1n

sald second adaptive filtering unit or audio signals
derived therefrom 1nto signals to be perceived by said

i1ndividual.

In one embodiment, said method comprises the step of

25 obtaining said at least one interaural transfer function

from calculating a relation between said first audio
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signals or audio signals derived therefrom and said second

audio signals or audio signals derived therefrom.

)

In one embodiment, said method comprises the steps o:

— analyzing said first audio signals and/or said second
audio signals and/or audio signals derived from said

first and/or said second audio signals;

— based on the result of this analysis: generating an
indication whether the analyzed audio signals are

considered wanted signals or unwanted signals.

In one embodiment, said first and second adaptive filtering
units each have an optimization function comprising a first
term describing a desired interaural transfer function for
wanted signal components and a second term describing a

desired interaural transfer function for unwanted signal

components, said method comprising the step of

e assign - based on saild indication - sald obtained

interaural transfer function to either said first or

sald second term.

In one embodiment, saild first and second adaptive filtering

units both perform Wiener filtering.

In one embodiment, sald binaural hearing system comprilises a

first and a second device and a first and a second 1nput

transducer unit and an adaptive filtering unit having at

least a first and a second audio signal input, said first

input transducer unit comprising at least two 1input

transducers, said method comprising the steps of
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— obtaining preprocessed audio signals by processing

audio

input

g

signals derived by each of said at least two

transducers;

— transmitting said preprocessed audio signals from said

first

— after
audio

first

to sald second device;

sald transmission: feeding said preprocessed

signals or signals derived therefrom to said

audio signal 1input;

— feeding audio signals obtained by said second 1nput

transducer unit or signals derived therefrom to said

second audio signal 1input;

— performing noilise reduction by filtering audio signals

inputted to said audio signal inputs of said adaptive

filtering unit.

It has been found, that 1n many nolse reduction systemnms,

wanted signals are subject to relatively low distortion,

and for that reason, the ITF of wanted signals 1s usually

P
p—

not severely distorted. But, since 1t 1s the task of a

noise reduction system to suppress unwanted signal

components,

the ITF of unwanted signal components 1s

usually relatively strongly distorted by noilse reduction

algorithms.

It has been found that providing unwanted

signal components with a well-defined ITF (be 1t an

artificial

ITE or an ITF derived from the original signals)

can significantly enhance the 1intelligibility of the noilise

reduced signals. The present i1nvention allows to provide

wanted and/or unwanted signal components with a well-

defined ITF.
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The advantages of the methods correspond to the advantages

of corresponding apparatuses.

F

The present 1invention can solve problems of the related art

of binaural cue preservation by preserving the ITFs of the

speech and nolse component.

In a specific view, the invention 1s drawn to an algorithm

which preserves both the interaural time delay (ITD) and

interaural level difference (ILD) of the speech and noise

B

components. This 1s achieved by preserving the ITFs of

wanted signal components (speech component) and unwanted

signal components (noise component). Clearly, the
interaural transfer function (ITF), which 1s the ratio
pbetween the speech components (noise components) 1n the
microphone signals at the left and right ear, captures all
information between the two ears including ITD and ILD

cues.

Viewed from a certain angle, present invention attacks the

problem of binaural cue preservation by preserving the ITF.

If the algorithm preserves the ITFs of the speech and noise
components then the algorithm preserves the ITD and ILD

cues of the speech and nolse components.

More particularly the present invention concerns an

improvement of the binaural multi-channel Wiener filtering

based noise reduction algorithm by extending the underlying

cost function to 1ncorporate terms for the interaural

transfer functions (ITF) of the speech and noise

components, which improvement preserves both the interaural

gt

time delay (ITD) and interaural level difference (ILD) of

the speech and noise components. Using weights, the
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emphasis on the preservation of the ITFs can be controlled

1n addition to the emphasis on noise reduction. Adapting

these parameters allows one to preserve the ITFs of the

speech and noise component, and therefore ITD and ILD cues,

while enhancing the signal-to-noise ratio.

Viewed from a certain point of view, by present invention a

binaural noise reduction algorithm has been designed and

provided that allows one to control the ITD and ILD cues.

In a further aspect of the i1nvention, the desired ITFs can

be replaced by known ITFs for a specific direction of

arrival. Preserving these desired ITFs allows one to change

the direction of arrival of the speech and noise sources.
Furthermore, an algorithm that intentionally distorts the
localization cues of the speech and noise sources to

improve the spatial separation of speech and noise could

lead to i1mprovements in intelligibility.

Considered under a specific point of view, the present

invention provides a binaural Wiener filter based noise

reduction procedure i1mproved by incorporating two terms in

the cost function that account for the ITFs of the speech
and noise components. Using weights, the emphasis on the
preservation of the ITF of the speech and noise component
can be controlled 1n addition to the emphasis on noise

reduction.

Adapting theses parameters allows one to preserve the ITF

of the speech and noise component, and therefore ITD and

ILD cues, while enhancing the signal-to-noise ratio.

Additionally, i1t has been shown that the algorithm can even

shift the nolise source to a new location, by using a



