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Description

TECHNICAL FIELD

[0001] The present application relates to hearing as-
sistance devices, in particular to noise reduction in bin-
aural hearing assistance systems. The disclosure relates
specifically to a binaural hearing assistance system com-
prising left and right hearing assistance devices, and a
user interface configured to communicate with said left
and right hearing assistance devices and to allow a user
to influence functionality of the left and right hearing as-
sistance devices.
[0002] The application furthermore relates to use of a
binaural hearing assistance system and to a method of
operating a binaural hearing assistance system.
[0003] Embodiments of the disclosure may e.g. be use-
ful in applications such as audio processing systems
where the maintenance or creation of spatial cues are
important, such as in a binaural system where a hearing
assistance device is located at each ear of a user. The
disclosure may e.g. be useful in applications such as
hearing aids, headsets, ear phones, active ear protection
systems, etc.

BACKGROUND

[0004] The following account of the prior art relates to
one of the areas of application of the present application,
hearing aids.
[0005] Traditionally, ’spatial’ or ’directional’ noise re-
duction systems in hearing aids operate using the under-
lying assumption that the sound source of interest (the
target) is located straight ahead of the hearing aid user.
A beamforming system is then used which aims at en-
hancing the signal source from the front while suppress-
ing signals from any other direction.
[0006] In several typical acoustic situations, the as-
sumption of the target being in front is far from valid, e.g.,
car cabin situations, dinner parties where a conversation
is conducted with the person sitting next to you, etc. So:
in many noisy situations, the need arises for being able
to "listen to the side" while still suppressing the ambient
noise.
[0007] EP2701145A1 deals with improving signal
quality of a target speech signal in a noisy environment,
in particular to estimation of the spectral inter-micro-
phone correlation matrix of noise embedded in a mul-
tichannel audio signal obtained from multiple micro-
phones present in an acoustical environment comprising
one or more target sound sources and a number of un-
desired noise sources.
[0008] EP2506603A2 deals with hearing aid (HA1,
HA2) having a microphone (F1,F2), where microphone
signal (SF1,SF2) originates from a (’front’, F) microphone
and another microphone signal (SB1,SB2) originates
from latter (’back’, B) microphone (B1,B2).
EP2506603A2 deals with the generation of a directional

signal from two microphones in a hearing aid. The direc-
tional system may work in a number of sub-bands. A
binaural setup comprising a communication link between
left and right hearing aids (HA1, HA2) is mentioned.
[0009] WO2007052185A1 deals with a sound repro-
duction system, for example a hearing aid system, com-
prising: - a direction dependent sound detection system,
comprising a number of sound detectors.
WO2007052185A1 describes e.g. a hearing aid (in the
form of a pair of hearing spectacles) comprising a user
interface for controlling direction of focus of a direction-
ality system (e.g. implemented on one or both arms of
the pair of spectacles).
[0010] EP2200342A1 deals with a hearing aid includ-
ing a hearing aid component; a brain wave signal receiver
configured to receive brain wave signals; and a hearing
aid controller configured to control the hearing aid com-
ponent dependent on the detected brain wave signals.
In an embodiment, the hearing aid controller is configured
such that it can select from a plurality of stored hearing
aid component operation programs, e.g. a program for
providing directionality.
[0011] Flora Graham, "Voice recognition software
reads your brain waves - New Scientist", New Scientist,
2008-11-13, pages 1-4, XP055203033, Retrieved from
the Internet: URL:https://www.newscientist.com/article/
dn16034-voice-recognition-software-reads-your-brain-
waves/ [retrieved on 2015-07-17] deals with speech rec-
ognition based on functional magnetic resonance (fMRI)
data from a user’s brain. Thereby it is possible to distin-
guish two different human voices solely based on the
fMRI-data, each voice exhibiting its own distinctive ’neu-
ral fingerprint’.

SUMMARY

[0012] The present disclosure proposes to use a user-
controlled and binaurally synchronized Multi-Channel
Enhancement systems, one in/at each ear, to provide an
improved noise reduction system in a binaural hearing
assistance system. The idea is to let the hearing aid user
"tell" the hearing assistance system (encompassing the
hearing assistance devices located on or in each ear),
the location of the target sound source (e.g. direction and
potentially distance to), either relative to the nose of the
user or in absolute coordinates. There are many ways in
which the user can provide this information to the system.
In a preferred embodiment, the system is configured to
use an auxiliary device, e.g. in the form of a portable
electronic device (e.g. a remote control or a cellular
phone, e.g. a SmartPhone) with a touch-screen, and let
the user indicate listening direction and potentially dis-
tance via such device. Alternatives to provide this user-
input include activation elements (e.g. program buttons)
on hearing assistance devices (where e.g. different pro-
grams "listen" in different directions), pointing devices of
any sort (pens, phones, pointers, streamers, etc.) com-
municating wirelessly with the hearing assistance devic-
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es, head tilt/movement picked up by gyroscopes/accel-
erometers in the hearing assistance devices, or even
brain-brain-interfaces e.g., realized using EEG elec-
trodes (e.g. in or on the hearing assistance devices).
[0013] According to the present disclosure, each hear-
ing assistance devices comprises a multi-microphone
noise reduction system, which are synchronized, so that
they focus on the same point or area in space (the location
of the target source). In an embodiment, the information
communicated and shared between the two hearing as-
sistance devices includes a direction and/or distance (or
range) to a target signal source. In an embodiment of the
proposed system, information from respective voice ac-
tivity detectors (VAD), and gain values applied by respec-
tive single-channel noise reduction systems, are shared
(exchanged) between the two hearing assistance devic-
es for improved performance.
[0014] In an embodiment, the binaural hearing assist-
ance system comprises at least two microphones.
[0015] Another aspect of the beamformer / single-
channel noise reduction system of the respective hearing
assistance devices is that they are designed in such a
way that interaural cues of the target signals are main-
tained, even in noisy situations. Hence, the target source
presented to the user sounds as if originating from the
correct direction, while the ambient noise is reduced.
[0016] An object of the present application is to provide
an improved binaural hearing assistance system. It is a
further object of embodiments of the disclosure to im-
prove signal processing (e.g. aiming at improved speech
intelligibility) in a binaural hearing assistance system, in
particular in acoustic situations, where the (typical) as-
sumption of the target signal source being located in front
of the user is not valid. It is a further object of embodi-
ments of the disclosure to simplify processing of a multi-
microphone beamformer unit.
[0017] Objects of the application are achieved by the
invention defined in the accompanying claims and as de-
scribed in the following.

A binaural hearing assistance system:

[0018] In an aspect of the present application, an object
of the application is achieved by a binaural hearing as-
sistance system comprising left and right hearing assist-
ance devices adapted for being located at or in left and
right ears of a user, or adapted for being fully or partially
implanted in the head of the user as defined in claim 1.
[0019] This may have the advantage that interaural
cues of the target signals are maintained, even in noisy
situations, so that the target source presented to the user
sounds as if it originates from the correct direction, while
the ambient noise is reduced.
[0020] In the present context, the term ’beamforming’
(’beamformer’) is taken to mean (provide) a ’spatial fil-
tering’ of a number of inputs sensor signals with the aim
of attenuating signal components from certain angles rel-
ative to signal components from other angles in a result-

ing beamformed signal. ’Beamforming’ is taken to include
the formation of linear combinations of a number of sen-
sor input signals (e.g. microphone signals), e.g. on a time-
frequency unit basis, e.g. in a predefined or dynam-
ic/adaptive procedure.
[0021] The term ’to allow a user to indicate a direction
to or a location of a target signal source relative to the
user’ is in the present context taken to include a direct
indication by the user (e.g. pointing to a location of the
audio source, or giving in data defining the position of
the target sound source relative to the user) and/or an
indirect indication, where the information is derived from
a user’s behavior (e.g. via a movement sensor monitoring
the user’s movements or orientation, or via electric sig-
nals from a user’s brain, e.g. via EEG-electrodes).
[0022] If signal components from the direction of the
target signal source are not left un-attenuated, but are
indeed attenuated less than signal components from oth-
er directions than the direction of the target signal, the
system is preferably configured to provide that such at-
tenuation is (essentially) identical in the left and right
hearing assistance devices. This has the advantage that
interaural cues of the target signals can be maintained,
even in noisy situations, so that the target source pre-
sented to the user sounds as if it originates from the cor-
rect direction, while the ambient noise is reduced.
[0023] In an embodiment, the binaural hearing assist-
ance system is adapted to synchronize the respective
multi-channel beamformer filtering units of the left and
right hearing assistance devices so that both beamformer
filtering units focus on the location in space of the target
signal source. Preferably, the beamformers of the re-
spective left and right hearing assistance devices are
synchronized, so that they focus on the same location in
space, namely the location of the target signal source.
The term ’synchronized’ is in the present context taken
to mean that data relevant data are exchanged between
the two devices, the data are compared, and a resulting
data set determined based on the comparison. In an em-
bodiment, the information communicated and shared be-
tween the left and right hearing assistance devices in-
cludes information of the direction and/or distance to the
target source.
[0024] In an embodiment, the user interface forms part
of the left and/or right hearing assistance devices. In an
embodiment, the user interface is implemented in the left
and/or right hearing assistance devices. In an embodi-
ment, at least one of the left and right hearing assistance
devices comprises an activation element allowing a user
to indicate a direction to or a location of a target signal
source. In an embodiment, each of the left and right hear-
ing assistance devices comprises an activation element,
e.g. allowing a given angle deviation from the front direc-
tion in to the left or right of the user to be indicated by a
corresponding number of activations of the activation el-
ement on the relevant of the two hearing assistance de-
vices.
[0025] In an embodiment, the user interface forms part
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of an auxiliary device. In an embodiment, the user inter-
face is fully or partially implemented in or by the auxiliary
device. In an embodiment, the auxiliary device is or com-
prises a remote control of the hearing assistance system,
a cellular telephone, a smartwatch, glasses comprising
a computer, a tablet computer, a personal computer, a
laptop computer, a notebook computer, phablet, etc., or
any combination thereof. In an embodiment, the auxiliary
device comprises a SmartPhone. In an embodiment, a
display and activation elements of the SmartPhone form
part of the user interface.
[0026] In an embodiment, the function of indicating a
direction to or a location of a target signal source relative
to the user is implemented via an APP running on the
auxiliary device and an interactive display (e.g. a touch
sensitive display) of the auxiliary device (e.g. a Smart-
Phone).
[0027] In an embodiment, the function of indicating a
direction to or a location of a target signal source relative
to the user is implemented by an auxiliary device com-
prising a pointing device (e.g. pen, a telephone, an audio
gateway, etc.) adapted to communicate wirelessly with
the the left and/or right hearing assistance devices. In an
embodiment, the function of indicating a direction to or a
location of a target signal source relative to the user is
implemented by a unit for sensing a head tilt/movement,
e.g. using gyroscope/accelerometer elements, e.g. lo-
cated in the left and/or right hearing assistance devices,
or even via a brain-computer interface, e.g. implemented
using EEG electrodes located on parts of the left and/or
right hearing assistance devices in contact with the user’s
head.
[0028] In an embodiment, the user interface comprises
electrodes located on parts of the left and/or right hearing
assistance devices in contact with the user’s head. In an
embodiment, the system is adapted to indicate a direction
to or a location of a target signal source relative to the
user based on brain wave signals picked up by said elec-
trodes. In an embodiment, the electrodes are EEG-elec-
trodes. In an embodiment, one or more electrodes are
located on each of the left and right hearing assistance
devices. In an embodiment, one or more electrodes is/are
fully or partially implanted in the head of the user. In an
embodiment, the binaural hearing assistance system is
configured to exchange the brain wave signals (or signals
derived therefrom) between the left and right hearing as-
sistance devices. In an embodiment, an estimate of the
location of the target sound source is extracted from the
brainwave signals picked up by the EEG electrodes of
the left and right hearing assistance devices.
[0029] In an embodiment, the binaural hearing assist-
ance system is adapted to allow an interaural wireless
communication link between the left and right hearing
assistance devices to be established to allow exchange
of data between them. In an embodiment, the system is
configured to allow data related to the control of the re-
spective multi-microphone noise reduction systems (e.g.
including data related to the direction to or location of the

target sound source) to be exchanged between the hear-
ing assistance devices. In an embodiment, the interaural
wireless communication link is based on near-field (e.g.
inductive) communication. Alternatively, the interaural
wireless communication link is based on far-field (e.g.
radiated fields) communication e.g. according to Blue-
tooth or Bluetooth Low Energy or similar standard.
[0030] In an embodiment, the binaural hearing assist-
ance system is adapted to allow an external wireless
communication link between the auxiliary device and the
respective left and right hearing assistance devices to be
established to allow exchange of data between them. In
an embodiment, the system is configured to allow trans-
mission of data related to the direction to or location of
the target sound source to each (or one) of the left and
right hearing assistance devices. In an embodiment, the
external wireless communication link is based on near-
field (e.g. inductive) communication. Alternatively, the
external wireless communication link is based on far-field
(e.g. radiated fields) communication e.g. according to
Bluetooth or Bluetooth Low Energy or similar standard.
[0031] In an embodiment, the binaural hearing assist-
ance system is adapted to allow an external wireless
communication link (e.g. based on radiated fields) as well
as an interaural wireless link (e.g. based on near-field
communication) to be established. This has the advan-
tage of improving reliability and flexibility of the commu-
nication between the auxiliary device and the left and
right hearing assistance devices.
[0032] In an embodiment, each of said left and right
hearing assistance devices further comprises a single
channel post-processing filter unit operationally coupled
to said multi-channel beamformer filtering unit and con-
figured to provide an enhanced signal S(k,m). An aim of
the single channel post filtering process is to suppress
noise components from the target direction (which has
not been suppressed by the spatial filtering process (e.g.
an MVDR beamforming process). It is a further aim to
suppress noise components during time periods where
the target signal is present or dominant (as e.g. deter-
mined by a voice activity detector) as well as when the
target signal is absent. In an embodiment, the single
channel post filtering process is based on an estimate of
a target signal to noise ratio for each time-frequency tile
(m,k). In an embodiment, the estimate of the target signal
to noise ratio for each time-frequency tile (m,k) is deter-
mined from the beamformed signal and the target-can-
celled signal. The enhanced signal S(k,m) thus repre-
sents a spatially filtered (beamformed) and noise re-
duced version of the current input signals (noise and tar-
get). Intentionally, the enhanced signal S(k,m) repre-
sents an estimate of the target signal, whose direction
has been indicated by the user via the user interface.
[0033] Preferably, the beamformers (multi-channel
beamformer filtering units) are designed to deliver a gain
of 0 dB for signals originating from a given direction/dis-
tance (e.g. a given ϕ, d pair), while suppressing signal
components originating from any other spatial location.
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Alternatively, the beamformers are designed to deliver a
larger gain (smaller attenuation) for signals originating
from a given (target) direction/distance data (e.g. ϕ, d
pair), than signal components originating from any other
spatial location. Preferably, the beamformers of the left
and right hearing assistance devices are configured to
apply the same gain (or attenuation) to signal compo-
nents from the target signal source (so that any spatial
cues in the target signal are not obscured by the beam-
formers). In an embodiment, the multi-channel beam-
former filtering unit of each of the left and right hearing
assistance devices comprises a linearly constrained min-
imum variance (LCMV) beamformer. In an embodiment,
the beamformers are implemented as minimum variance
distortionless response (MVDR) beamformers.
[0034] In an embodiment, the multi-channel beam-
former filtering unit of each of the left and right hearing
assistance devices comprises an MVDR filter providing
filter weights wmvdr(k,m), said filter weights wmvdr(k,m)
being based on a look vector d(k,m) and an inter-input
unit covariance matrix Rvv(k,m) for the noise signal.
MVDR is an abbreviation of Minimum Variance Distor-
tion-less Response, Distortion-less indicating that the
target direction is left unaffected; Minimum Variance: in-
dicating that signals from any other direction than the
target direction is maximally suppressed.
[0035] The look vector d is a representation of the (e.g.
relative) acoustic transfer function from a (target) sound
source to each input unit (e.g. a microphone), while the
hearing aid device is in operation. The look vector is pref-
erably determined (e.g. in advance of the use of the hear-
ing device or adaptively) while a target (e.g. voice) signal
is present or dominant (e.g. present with a high proba-
bility, e.g. ≥ 70%) in the input sound signal. Inter-input
(e.g. microphone) covariance matrices and an eigenvec-
tor corresponding to a dominant eigenvalue of the cov-
ariance matrix are determined based thereon. The ei-
genvector corresponding to the dominant eigenvalue of
the covariance matrix is the look vector d. The look vector
depends on the relative location of the target signal to
the ears of the user (where the hearing aid devices are
assumed to be located). The look vector therefore rep-
resents an estimate of the transfer function from the tar-
get sound source to the hearing device inputs (e.g. to
each of a number of microphones).
[0036] In an embodiment, the multi-channel beam-
former filtering unit and/or the single channel post-
processing filter unit is/are configured to maintain inter-
aural spatial cues of the target signal. In an embodiment,
the interaural spatial cues of the target source are main-
tained, even in noisy situations. Hence, the target signal
source presented to the user sounds as if originating from
the correct direction, while the ambient noise is reduced.
In other words, the target component reaching each ear-
drum (or, rather, microphone) is maintained in the beam-
former outputs, leading to preservation of the interaural
cues for the target component. In an embodiment, the
outputs of the multi-channel beamformer units are proc-

essed by single channel post-processing filter units (SC-
NR) in each of the left and right hearing assistance de-
vices. If these SC-NRs operate independently and unco-
ordinated, they may distort the interaural cues of the tar-
get component, which may lead to distortions in the per-
ceived location of the target source. To avoid this, the
SC-NR systems may preferably exchange their esti-
mates of their (time-frequency dependent) gain values,
and decide on using the same, for example the largest
of the two gain values for a particular time-frequency unit
(k,m). In this way, the suppression applied to a certain
time-frequency unit is the same in the two ears, and no
artificial inter-aural level differences are introduced.
[0037] In an embodiment, each of the left and right
hearing assistance devices comprises a memory unit
comprising a number of predefined look vectors, each
corresponding to the beamformer pointing in and/or fo-
cusing at a predefined direction and/or location.
[0038] In an embodiment, the user provides informa-
tion about target direction (phi, ϕ) of and distance (range,
d) to the target signal source via the user interface. In an
embodiment, the number of (sets of) predefined look vec-
tors stored in the memory unit correspond to a number
of (sets of) specific values of target direction (phi, ϕ) and
distance (range, d). As the beamformers of the left and
right hearing assistance devices are synchronized (via a
communication link between the devices), both beam-
formers focus at the same spot (or spatial location). This
has the advantage that the user provides the direction/lo-
cation of the target source, and thereby selects a corre-
sponding (predetermined) look vector (or a set of beam-
former weights) to be applied in the current acoustic sit-
uation.
[0039] In an embodiment, each of the left and right
hearing assistance devices comprises a voice activity
detector for identifying respective time segments of an
input signal where a human voice is present. In an em-
bodiment, the hearing assistance system is configured
to provide that the information communicated and shared
between the left and right hearing assistance devices
include voice activity detector (VAD) values or decisions,
and gain values applied by the single-channel noise re-
duction systems, for improved performance. A voice sig-
nal is in the present context taken to include a speech
signal from a human being. It may also include other
forms of utterances generated by the human speech sys-
tem (e.g. singing). In an embodiment, the voice detector
unit is adapted to classify a current acoustic environment
of the user as a VOICE or NO-VOICE environment. This
has the advantage that time segments of the electric mi-
crophone signal comprising human utterances (e.g.
speech) in the user’s environment can be identified, and
thus separated from time segments only comprising oth-
er sound sources (e.g. artificially generated noise). In an
embodiment, the voice detector is adapted to detect as
a VOICE also the user’s own voice. Alternatively, the
voice detector is adapted to exclude a user’s own voice
from the detection of a VOICE. In an embodiment, the
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binaural hearing assistance system is adapted to base
the identification of respective time segments of an input
signal where a human voice is present at least partially
(e.g. solely) on brain wave signals. In an embodiment,
the binaural hearing assistance system is adapted to
base the identification of respective time segments of an
input signal where a human voice is present on a com-
bination of brain wave signals and signals form one or
more of the multitude of input units, e.g. on one or more
microphones. In an embodiment, the binaural hearing
assistance system is adapted to pick up the brainwave
signals using electrodes located on parts of the left and/or
right hearing assistance devices in contact with the user’s
head (e.g. positioned in an ear canal).
[0040] In an embodiment, at least one, such as a ma-
jority, e.g. all, of said multitude of input units IUi of the left
and right hearing assistance devices comprises a micro-
phone for converting an input sound to an electric input
signal xi(n) and a time to time-frequency conversion unit
for providing a time-frequency representation Xi(k,m) of
the input signal xi(n) at the ith input unit IUi in a number
of frequency bands k and a number of time instances m.
Preferably, the binaural hearing assistance system com-
prises at least two microphones in total, e.g. at least one
in each of the left and right hearing assistance devices.
In an embodiment, each of the left and right hearing as-
sistance devices comprises M input units IUi in the form
of microphones which are physically located in the re-
spective left and right hearing assistance devices (or at
least at the respective left and right ears). In an embod-
iment, M is equal to two. Alternatively, at least one of the
input units providing a time-frequency representation of
the input signal to one of the left and right hearing assist-
ance devices receives its input signal from another phys-
ical device, e.g. from the respective other hearing assist-
ance device, or from an auxiliary device, e.g. a cellular
telephone, or from a remote control device for controlling
the hearing assistance device, or from a dedicated extra
microphone device (e.g. specifically located to pick up a
target signal or a noise signal).
[0041] In an embodiment, the binaural hearing assist-
ance system is adapted to provide a frequency depend-
ent gain to compensate for a hearing loss of a user. In
an embodiment, the left and right hearing assistance de-
vices each comprises a signal processing unit for en-
hancing the input signals and providing a processed out-
put signal.
[0042] In an embodiment, the hearing assistance de-
vice comprises an output transducer for converting an
electric signal to a stimulus perceived by the user as an
acoustic signal. In an embodiment, the output transducer
comprises a number of electrodes of a cochlear implant
or a vibrator of a bone conducting hearing device. In an
embodiment, the output transducer comprises a receiver
(speaker) for providing the stimulus as an acoustic signal
to the user.
[0043] In an embodiment, the left and right hearing as-
sistance devices are portable device, e.g. a device com-

prising a local energy source, e.g. a battery, e.g. a re-
chargeable battery.
[0044] In an embodiment, the left and right hearing as-
sistance devices each comprises a forward or signal path
between an input transducer (microphone system and/or
direct electric input (e.g. a wireless receiver)) and an out-
put transducer. In an embodiment, the signal processing
unit is located in the forward path. In an embodiment, the
signal processing unit is adapted to provide a frequency
dependent gain according to a user’s particular needs.
In an embodiment, the left and right hearing assistance
device comprises an analysis path comprising functional
components for analyzing the input signal (e.g. determin-
ing a level, a modulation, a type of signal, an acoustic
feedback estimate, etc.). In an embodiment, some or all
signal processing of the analysis path and/or the signal
path is conducted in the frequency domain. In an embod-
iment, some or all signal processing of the analysis path
and/or the signal path is conducted in the time domain.
[0045] In an embodiment, the left and right hearing as-
sistance devices comprise an analogue-to-digital (AD)
converter to digitize an analogue input with a predefined
sampling rate, e.g. 20 kHz. In an embodiment, the hear-
ing assistance devices comprise a digital-to-analogue
(DA) converter to convert a digital signal to an analogue
output signal, e.g. for being presented to a user via an
output transducer.
[0046] In an embodiment, the left and right hearing as-
sistance devices, e.g. the input unit, e.g. a microphone
unit, and or a transceiver unit, comprise(s) a TF-conver-
sion unit for providing a time-frequency representation
of an input signal. In an embodiment, the time-frequency
representation comprises an array or map of correspond-
ing complex or real values of the signal in question in a
particular time and frequency range. In an embodiment,
the TF conversion unit comprises a filter bank for filtering
a (time varying) input signal and providing a number of
(time varying) output signals each comprising a distinct
frequency range of the input signal. In an embodiment,
the TF conversion unit comprises a Fourier transforma-
tion unit for converting a time variant input signal to a
(time variant) signal in the frequency domain. In an em-
bodiment, the frequency range considered by the hearing
assistance device from a minimum frequency fmin to a
maximum frequency fmax comprises a part of the typical
human audible frequency range from 20 Hz to 20 kHz,
e.g. a part of the range from 20 Hz to 12 kHz. In an em-
bodiment, a signal of the forward and/or analysis path of
the hearing assistance device is split into a number NI
of frequency bands, where NI is e.g. larger than 5, such
as larger than 10, such as larger than 50, such as larger
than 100, such as larger than 500, at least some of which
are processed individually.
[0047] In an embodiment, the left and right hearing as-
sistance devices comprises a level detector (LD) for de-
termining the level of an input signal (e.g. on a band level
and/or of the full (wide band) signal). The input level of
the electric microphone signal picked up from the user’s
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acoustic environment is e.g. a classifier of the environ-
ment. In an embodiment, the level detector is adapted to
classify a current acoustic environment of the user ac-
cording to a number of different (e.g. average) signal lev-
els, e.g. as a HIGH-LEVEL or LOW-LEVEL environment.
[0048] In an embodiment, the left and right hearing as-
sistance devices comprises a correlation detector con-
figured to estimate auto-correlation of a signal of the for-
ward path, e.g. an electric input signal. In an embodiment,
the correlation detector is configured to estimate auto-
correlation of a feedback corrected electric input signal.
In an embodiment, the correlation detector is configured
to estimate auto-correlation of the electric output signal.
[0049] In an embodiment, the correlation detector is
configured to estimate cross-correlation between two
signals of the forward path, a first signal tapped from the
forward path before the signal processing unit (where a
frequency dependent gain may be applied), and a second
signal tapped from the forward path after the signal
processing unit. In an embodiment, a first of the signals
of the cross-correlation calculation is the electric input
signal, or a feedback corrected input signal. In an em-
bodiment, a second of the signals of the cross-correlation
calculation is the processed output signal of the signal
processing unit or the electric output signal (being fed to
the output transducer for presentation to a user).
[0050] In an embodiment, the left and right hearing as-
sistance devices comprises an acoustic (and/or mechan-
ical) feedback detection and/or suppression system. In
an embodiment, the hearing assistance device further
comprises other relevant functionality for the application
in question, e.g. compression, etc.
[0051] In an embodiment, the left and right hearing as-
sistance devices comprises a listening device, e.g. a
hearing aid, e.g. a hearing instrument, e.g. a hearing in-
strument adapted for being located at the ear or fully or
partially in the ear canal of a user, or for being fully or
partially implanted in the head of a user, a headset, an
earphone, an ear protection device or a combination
thereof.

Use:

[0052] In an aspect, use of a binaural hearing assist-
ance system as described above, in the ’detailed descrip-
tion of embodiments’ and in the claims, is moreover pro-
vided. In an embodiment, use in a binaural hearing aid
system is provided.

A method:

[0053] In an aspect, a method of operating a binaural
hearing assistance system, the system comprising left
and right hearing assistance devices adapted for being
located at or in left and right ears of a user, or adapted
for being fully or partially implanted in the head of the
user as defined in claim 15 is furthermore provided by
the present application.

[0054] It is intended that some or all of the structural
features of the system described above, in the ’detailed
description of embodiments’ or in the claims can be com-
bined with embodiments of the method, when appropri-
ately substituted by a corresponding process and vice
versa. Embodiments of the method have the same ad-
vantages as the corresponding systems.

A computer readable medium:

[0055] In an aspect, a tangible computer-readable me-
dium storing a computer program comprising program
code means for causing a data processing system to
perform at least some (such as a majority or all) of the
steps of the method described above, in the ’detailed
description of embodiments’ and in the claims, when said
computer program is executed on the data processing
system is furthermore provided by the present applica-
tion. In addition to being stored on a tangible medium
such as diskettes, CD-ROM-, DVD-, or hard disk media,
or any other machine readable medium, and used when
read directly from such tangible media, the computer pro-
gram can also be transmitted via a transmission medium
such as a wired or wireless link or a network, e.g. the
Internet, and loaded into a data processing system for
being executed at a location different from that of the
tangible medium.

A data processing system:

[0056] In an aspect, a data processing system com-
prising a processor and program code means for causing
the processor to perform at least some (such as a majority
or all) of the steps of the method described above, in the
’detailed description of embodiments’ and in the claims
is furthermore provided by the present application.

Definitions:

[0057] In the present context, a ’hearing assistance de-
vice’ refers to a device, such as e.g. a hearing instrument
or an active ear-protection device or other audio process-
ing device, which is adapted to improve, augment and/or
protect the hearing capability of a user by receiving
acoustic signals from the user’s surroundings, generat-
ing corresponding audio signals, possibly modifying the
audio signals and providing the possibly modified audio
signals as audible signals to at least one of the user’s
ears. A ’hearing assistance device’ further refers to a
device such as an earphone or a headset adapted to
receive audio signals electronically, possibly modifying
the audio signals and providing the possibly modified au-
dio signals as audible signals to at least one of the user’s
ears. Such audible signals may e.g. be provided in the
form of acoustic signals radiated into the user’s outer
ears, acoustic signals transferred as mechanical vibra-
tions to the user’s inner ears through the bone structure
of the user’s head and/or through parts of the middle ear
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as well as electric signals transferred directly or indirectly
to the cochlear nerve of the user.
[0058] The hearing assistance device may be config-
ured to be worn in any known way, e.g. as a unit arranged
behind the ear with a tube leading radiated acoustic sig-
nals into the ear canal or with a loudspeaker arranged
close to or in the ear canal, as a unit entirely or partly
arranged in the pinna and/or in the ear canal, as a unit
attached to a fixture implanted into the skull bone, as an
entirely or partly implanted unit, etc. The hearing assist-
ance device may comprise a single unit or several units
communicating electronically with each other.
[0059] More generally, a hearing assistance device
comprises an input transducer for receiving an acoustic
signal from a user’s surroundings and providing a corre-
sponding input audio signal and/or a receiver for elec-
tronically (i.e. wired or wirelessly) receiving an input audio
signal, a signal processing circuit for processing the input
audio signal and an output means for providing an audible
signal to the user in dependence on the processed audio
signal. In some hearing assistance devices, an amplifier
may constitute the signal processing circuit. In some
hearing assistance devices, the output means may com-
prise an output transducer, such as e.g. a loudspeaker
for providing an air-borne acoustic signal or a vibrator for
providing a structure-borne or liquid-borne acoustic sig-
nal. In some hearing assistance devices, the output
means may comprise one or more output electrodes for
providing electric signals.
[0060] In some hearing assistance devices, the vibra-
tor may be adapted to provide a structure-borne acoustic
signal transcutaneously or percutaneously to the skull
bone. In some hearing assistance devices, the vibrator
may be implanted in the middle ear and/or in the inner
ear. In some hearing assistance devices, the vibrator
may be adapted to provide a structure-borne acoustic
signal to a middle-ear bone and/or to the cochlea. In some
hearing assistance devices, the vibrator may be adapted
to provide a liquid-borne acoustic signal to the cochlear
liquid, e.g. through the oval window. In some hearing
assistance devices, the output electrodes may be im-
planted in the cochlea or on the inside of the skull bone
and may be adapted to provide the electric signals to the
hair cells of the cochlea, to one or more hearing nerves,
to the auditory cortex and/or to other parts of the cerebral
cortex.
[0061] A ’hearing assistance system’ refers to a system
comprising one or two hearing assistance devices, and
a ’binaural hearing assistance system’ refers to a system
comprising two hearing assistance devices and being
adapted to cooperatively provide audible signals to both
of the user’s ears. Hearing assistance systems or binau-
ral hearing assistance systems may further comprise
’auxiliary devices’, which communicate with the hearing
assistance devices and affect and/or benefit from the
function of the hearing assistance devices. Auxiliary de-
vices may be e.g. remote controls, audio gateway devic-
es, mobile phones, public-address systems, car audio

systems or music players. Hearing assistance devices,
hearing assistance systems or binaural hearing assist-
ance systems may e.g. be used for compensating for a
hearing-impaired person’s loss of hearing capability,
augmenting or protecting a normal-hearing person’s
hearing capability and/or conveying electronic audio sig-
nals to a person.
[0062] Further objects of the application are achieved
by the embodiments defined in the dependent claims and
in the following detailed description.
[0063] As used herein, the singular forms "a," "an," and
"the" are intended to include the plural forms as well (i.e.
to have the meaning "at least one"), unless expressly
stated otherwise. It will be further understood that the
terms "includes," "comprises," "including," and/or "com-
prising," when used in this specification, specify the pres-
ence of stated features, integers, steps, operations, ele-
ments, and/or components, but do not preclude the pres-
ence or addition of one or more other features, integers,
steps, operations, elements, components, and/or groups
thereof. It will also be understood that when an element
is referred to as being "connected" or "coupled" to an-
other element, it can be directly connected or coupled to
the other element or intervening elements may be
present, unless expressly stated otherwise. Further-
more, "connected" or "coupled" as used herein may in-
clude wirelessly connected or coupled. As used herein,
the term "and/or" includes any and all combinations of
one or more of the associated listed items. The steps of
any method disclosed herein do not have to be performed
in the exact order disclosed, unless expressly stated oth-
erwise.

BRIEF DESCRIPTION OF DRAWINGS

[0064] The disclosure will be explained more fully be-
low in connection with a preferred embodiment and with
reference to the drawings in which:

FIG. 1 shows four embodiments (FIG. 1A, 1B, 1C
and 1D) of a binaural hearing assistance system
comprising left and right hearing assistance devices,
each comprising binaurally synchronized beam-
former/noise reduction systems via a user interface,

FIG. 2 shows a fifth embodiment of a binaural hearing
assistance system comprising left and right hearing
assistance devices with binaurally synchronized
beamformer/noise reduction systems, wherein the
left and right hearing assistance devices comprises
antenna and transceiver circuitry for establishing an
interaural communication link between the two de-
vices, FIG. 2A showing exemplary left and right hear-
ing assistance devices, and FIG. 2B showing corre-
sponding exemplary block diagrams,

FIG. 3A, 3B, 3C and 3D schematically illustrates ex-
amples of a mutual location in space of elements of
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a binaural hearing assistance system and/or a sound
source relative to a user, represented in a spherical
and an orthogonal coordinate system,

FIG. 4 schematically shows two examples of loca-
tions of a target sound source relative to a user, FIG.
4A right in front of the user, and FIG. 4B in the quad-
rant (x>0, y>0) to the left of the user,

FIG. 5 schematically shows a number of predefined
orientations of the look vector relative to a user, and

FIG. 6 shows an embodiment of a binaural hearing
aid system comprising left and right hearing assist-
ance devices in communication with an auxiliary de-
vice (FIG. 6A), the auxiliary device functioning as a
user interface (FIG. 6B) for the binaural hearing aid
system.

[0065] The figures are schematic and simplified for
clarity, and they just show details which are essential to
the understanding of the disclosure, while other details
are left out. Throughout, the same reference signs are
used for identical or corresponding parts.
[0066] Further scope of applicability of the present dis-
closure will become apparent from the detailed descrip-
tion given hereinafter. However, it should be understood
that the detailed description and specific examples, while
indicating preferred embodiments of the disclosure, are
given by way of illustration only. Other embodiments may
become apparent to those skilled in the art from the fol-
lowing detailed description.

DETAILED DESCRIPTION OF EMBODIMENTS

[0067] FIG. 1A, 1B, 1C, 1D show four embodiments of
a binaural hearing assistance system (BHAS) comprising
left (HADl) and right (HADr) hearing assistance devices
adapted for being located at or in left and right ears of a
user, or adapted for being fully or partially implanted in
the head of the user. The binaural hearing assistance
system (BHAS) further comprises a user interface (UI)
configured to communicate with the left and right hearing
assistance devices thereby allowing a user to influence
functionality of the system and the left and right hearing
assistance devices.
[0068] The solid-line blocks (input units IUl, IUr), (noise
reduction systems NRSl, NRSr) and (user interface UI)
of the embodiment of FIG. 1a constitute the basic ele-
ments of a hearing assistance system (BHAS) according
to the present disclosure. Each of the left (HADl) and right
(HADr) hearing assistance devices comprises a multi-
tude of input units IUi, i=1, ..., M, M being larger than or
equal to two (represented in FIG. 1A by left and right
input units IUl, and IUr, respectively). The respective input
units IUl, IUr provide a time-frequency representation
Xi(k,m) (signals Xl and Xr in FIG. 1A, each representing
M signals of the left and right hearing assistance devices,

respectively) of an input signal signal xi(n) (signals x1l, ...,
xMal and x1r, ..., xMbr, respectively, in FIG. 1A), at an ith

input unit in a number of frequency bands and a number
of time instances, k being a frequency band index, m
being a time index, n representing time. The number of
input units of each of the left and right hearing assistance
devices is assumed to be M. Alternatively, the number
of input units of the two devices may be different. How-
ever, as indicated in FIG. 1A by optional sensor signals
xil, xir from the left to the right and from the right to the
left hearing assistance device, respectively, sensor sig-
nals (xil, xir e.g. microphone signals) picked up by a de-
vice at one ear may be communicated to the device at
the other ear and used as an input the multi-input unit
noise reduction system (NRS) of the hearing assistance
device in question. Such communication of signals be-
tween the devices may be via a wired connection or, pref-
erably, via a wireless link (cf. e.g. IA-WL in FIG. 2 and
6A). Further, sensor signals (e.g. microphone signals)
picked up at a further communication device (e.g. a wire-
less microphone, or a microphone of a cellular telephone,
etc.), may be communicated to and used as an input to
the multi-input unit noise reduction system (NRS) of one
or both hearing assistance devices of the system (cf. e.g.
antenna and transceiver circuitry ANT, RF-Rx/Tx in FIG.
2B or communication link WL-RF in FIG. 6A). The time
dependent inputs signals xi(n) and the time-frequency
representation Xi(k,m) of the ith input signal (i=1, ..., M)
comprises a target signal component and a noise signal
component, the target signal component originating from
a target signal source. Preferably the time dependent
input signals xil(n) and xir(n) are signals originating from
acoustic signals received at the respective left and right
ears of the user (to include spatial cues related to the
head and body of the user). Each of the left (HADl) and
right (HADr) hearing assistance devices comprises a
multi-input unit noise reduction system (NRSl, NRSr)
comprising a multi-channel beamformer filtering unit op-
erationally coupled to said multitude of input units IUi,
i=1, ..., M, (IUl and IUr) of the left and right hearing as-
sistance devices and configured to provide a (resulting)
beamformed signal S(k,m), (Sl, Sr in FIG. 1A), wherein
signal components from other directions than a direction
of a target signal source are attenuated, whereas signal
components from the direction of the target signal source
are left un-attenuated or attenuated less than signal com-
ponents from said other directions. Further, the binaural
hearing assistance system (BHAS) is configured to allow
a user to indicate a direction to or a location of a target
signal source relative to the user via the user interface
(IU), cf. signal ds from the user interface to the multi-input
unit noise reduction systems (NRSl, NRSr) of the left and
right hearing assistance devices, respectively. The user
interface may e.g. comprise respective activation ele-
ments on the left and right hearing assistance devices.
In an embodiment, the system is configured to provide
that an activation on the left hearing assistance devices
(HADl) represents a predetermined angle-step (e.g. 30°)
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in a first (e.g. anti-clockwise) direction of the direction
from the user to the target signal source (from a present
state; e.g. starting from a front direction, e.g. ϕs=0° in
FIG. 4A, ϕ4=0° in FIG. 5) and that an activation on the
right hearing assistance devices (HADr) represents a
predetermined angle-step (e.g. 30°) in a second (oppo-
site, e.g. a clockwise) direction. For each predefined di-
rection, corresponding predefined filter weights for the
beamformer filtering unit are stored in the system and
applied according to the current indication of the user (cf.
discussion in connection with FIG. 5). Other user inter-
faces are of course possible, e.g. implemented in a sep-
arate (auxiliary) device, e.g. a SmartPhone (see e.g. FIG.
6).
[0069] The dashed-line blocks of FIG. 1A (signal
processing units SPl, SPr) and (output units OUl, OIr)
represent optional further functions forming part of an
embodiment of the hearing assistance system (BHAS).
The signal processing units (SPl, SPr) may e.g. provide
further processing of the beamformed signal (Sl, Sr), e.g.
applying a (time-/level-, and) frequency dependent gain
according to the needs of the user (e.g. to compensate
for a hearing impairment of the user) and provide a proc-
essed output signal (pSl, pSr). The output units (OUl, OIr)
are preferably adapted to provide a resulting electric sig-
nal (e.g. respective processed output signal (pSl, pSr))
of the forward path of the left and right hearing assistance
devices as stimuli perceivable to the user as sound rep-
resenting the resulting electric (audio signal) of the for-
ward path.
[0070] FIG. 1B shows an embodiment of a binaural
hearing assistance system (BHAS) comprising left
(HADl) and right (HADr) hearing assistance devices ac-
cording to the present disclosure. Compared to the em-
bodiment of FIG. 1A, the embodiment of FIG. 1B does
not include the optional (dashed-line) components, and
the input units IUl and IUr are detailed out in separate
input units (IU1l, ..., IUMl) and (IU1r, ...., IUMr), of the left
and right hearing assistance devices, respectively. Each
input unit IUi (IUil and IUir) comprises an input transducer
or receiver ITi for transforming a sound signal xi to an
electric input signal x’i or for receiving an electric input
signal representing a sound signal. Each input unit IUi
further comprises a time to time-frequency transforma-
tion unit, e.g. an analysis filterbank (AFB) for splitting the
electric input signal (x’i) into a number of frequency bands
(k) providing signal Xi (Xil, Xir). Further, the multi-input
unit noise reduction systems (NRSl, NRSr) of the left and
right hearing assistance devices each comprises a multi-
channel beamformer filtering unit (BEAMFORMER, e.g.
an MVDR beamformer) providing beamformed signal Y
(Yl, Yr) and additionally a single-channel post-processing
filter unit (SC-NR) providing enhanced (beamformed and
noise reduced) signal S (Sl, Sr). The single-channel post-
processing filter unit (SC-NR) is operationally coupled to
the multi-channel beamformer filtering unit (BEAM-
FORMER) and configured to provide an enhanced signal
S(k,m). A purpose of the single-channel post-processing

filter unit (SC-NR) is to suppress noise components from
the target direction, which have not been suppressed by
the multi-channel beamformer filtering unit (BEAM-
FORMER).
[0071] FIG. 1C shows a third embodiment of a binaural
hearing assistance system comprising left (HADl) and
right (HADr) hearing assistance devices with binaurally
synchronized beamformer/noise reduction systems
(NRSl, NRSr). In the embodiment of FIG. 1C, each of the
left and right hearing assistance devices comprises two
input units, (IU1l, IU2l) and (IUrl, IU2r), respectively, here
microphone units. It is assumed that the described sys-
tem works in parallel in several frequency sub-bands, but
the analysis/synthesis filter banks needed to achieve this
have been suppressed in FIG. 1C (shown in FIG. 1B).
The user provides information about target direction
(ϕ=phi) and distance (d=range) via a user interface (cf.
indication User provided target location (ϕ,d) in FIG. 1C),
and e.g. definitions in FIG. 3 and example of a user in-
terface (UI) for providing this information in FIG. 1A and
FIG. 6). The hearing assistance system uses this infor-
mation to find - in a pre-computed database (memory)
of look vectors and/or beamformer weights - the beam-
former pointing in / focusing at the correct direc-
tion/range, cf. exemplary predefined directions and rang-
es in FIG. 5. As the left-ear and right-ear beamformers
are synchronized, both beamformers focuses at the
same spot (cf. e.g. FIG. 4). The beamformers are e.g.
designed to deliver a gain of 0 dB for signals originating
from a given (phi,d) pair, while suppressing signal com-
ponents originating from any other spatial location, i.e.,
they could be minimum variance distortionless response
(MVDR) beamformers or, more generally, linearly con-
strained minimum variance (LCMV) beamformers. In oth-
er words, the target component reaching each eardrum
(or, rather, microphone) is maintained in the beamformer
outputs, Yl(k,m) and Yr(k,m), leading to preservation of
the interaural cues for the target component. The beam-
former outputs Yl(k,m), Yr(k,m) are fed to single-channel
single-channel post-processing filter units (SC-NR) in
each hearing assistance device for further processing. A
task of the single-channel post-processing filter unit (SC-
NR) is to suppress noise components during time peri-
ods, where the target signal is present or dominant (as
e.g. determined by a voice activity detector, VAD, cf. sig-
nals cntl, cntr) as well as when the target signal is absent
(as also indicated by the VAD, cf. signals cntl, cntr). Pref-
erably, the VAD-control signals cntl, cntr (e.g. binary
voice, no-voice, or soft, probability based dominant, non-
dominant) are defined for each time-frequency tile (m,k).
In an embodiment, the single-channel post filtering proc-
ess is based on an estimate of a target signal to noise
ratio for each time-frequency tile (m,k). Such SNR esti-
mates may e.g. be based on the size of the modulation
(e.g. a modulation index) in the respective beamformed
signals Yl(k,m) and Yr(k,m). The signals Yl, Yr from the
Beamformers of the left and right hearing assistance de-
vices, respectively, to the respective VADs are intended
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to allow the VAD to base its ’voice-no voice’-decision on
the beamformed output signals (Yl, Yr) in addition to or
rather as an alternative to the microphone signal(s) (X1l
(X2l), X1r (X2r)). In an embodiment, the beamformed sig-
nal is considered (weighted) in situations with relatively
low signal to noise ratios (SNR).
[0072] In an embodiment, the left and right hearing as-
sistance devices (HADl, HADr) each comprise a target-
cancelling beamformer TC-BF, as illustrated in FIG. 1D.
In an embodiment, the left and right hearing assistance
devices (HADl, HADr) each comprise a target-cancelling
beamformer TC-BF, receiving inputs signals X1, ..., XM
and providing gains Gsc to be applied to respective time-
frequency units of the beamformed signal Y in the re-
spective single-channel post-processing filter units (SC-
NR) as illustrated in FIG. 1D. Compared to the embodi-
ment of FIG. 1C, the embodiment of FIG. 1D further pro-
vides an optional exchange of (one or more) input unit
signals x’i,l andf x’i,r between the two hearing assistance
devices, as indicated by the left arrow between the two
devices. Preferably, the estimate of the target signal to
noise ratio for each time-frequency tile (m,k) of the re-
sulting signal S is determined from the beamformed sig-
nal Y and the target-cancelled signal (cf. gains Gsc in
FIG. 1D). If the single-channel post-processing filter units
SC-NRs operate independently and uncoordinated, they
may distort the interaural cues of the target component,
which may lead to distortions in the perceived location
of the target source. To avoid this, the SC-NR systems
may exchange their estimates of their (time-frequency
dependent) gain values (as indicated by SC-NR gains,
VAD decisions, etc. in FIG. 1C and Gsc,l, Gsc,r at the right
arrow between the two devices in FIG. 1D), and decide
on using the same, for example the largest of the two
gain values for a particular time-frequency unit. In this
way, the suppression applied to a certain time-frequency
unit is the same in the two ears, and no artificial inter-
aural level differences are introduced. The user interface
(Ul) for providing information about the look vector is in-
dicated between the two hearing aid devices (at the mid-
dle arrow). The user interface may include or consist of
sensors for extracting information about the current tar-
get sound source from the user (e.g. via EEG electrodes
and/or movement sensors, etc., and signal processing
thereof).
[0073] FIG. 2 shows a fifth embodiment of a binaural
hearing assistance system comprising left and right hear-
ing assistance devices with binaurally synchronized
beamformer/noise reduction systems, wherein the left
and right hearing assistance devices comprises antenna
and transceiver circuitry for establishing an interaural
communication link between the two devices, FIG. 2A
showing exemplary left and right hearing assistance de-
vices, and FIG. 2B showing corresponding exemplary
block diagrams.
[0074] FIG. 2A shows an example of a binaural listen-
ing system comprising first and second hearing assist-
ance devices HADl, HADr. The hearing assistance de-

vices are adapted to exchange information via wireless
link IA-WL and antennas and transceivers RxTx. The in-
formation that can be exchanged between the two hear-
ing assistance devices comprises e.g. sound (e.g. target)
source localization information (e.g. a direction and pos-
sibly a distance, e.g. (ds, θs, ϕs), cf. e.g. FIG. 3C), beam-
former weights, noise reduction gains (attenuations), de-
tector signals (e.g. from a voice activity detector), control
signals and/or audio signals (e.g. one or more (e.g. all)
frequency bands of one or more audio signals). The first
and second hearing assistance devices HADl, HADr of
FIG. 2A are shown as BTE-type devices, each compris-
ing a housing adapted for being located behind an ear
(pinna) of a user, the hearing assistance devices each
comprising one or more input transducers, e.g. micro-
phones (mic1, mic2), a signal processing unit (SPU) and
an output unit (SPK) (e.g. an output transducer, e.g. a
loudspeaker). In an embodiment, all of these compo-
nents are located in the housing of the BTE-part. In such
case the sound from the output transducer may be prop-
agated to the ear canal of the user via a tube connected
to a loudspeaker outlet of the BTE-part. The tube may
be connected to an ear mould specifically adapted to the
form of the users’ ear canal and allowing sound signals
from the loudspeaker to reach the ear drum of the ear in
question. In an embodiment, the ear mould or other part
located in or near the ear canal of the user comprises an
input transducer, e.g. a microphone (e.g. located at the
entrance to ear canal), which form part of or transmits its
electric audio signal to an input unit of the corresponding
hearing assistance device and thus may constitute one
of the electric input signals that are used by the multi-
microphone noise reduction system (NRS). Alternatively,
the output transducer may be located separately from
the BTE-part, e.g. in the ear canal of the user or in concha,
and electrically connected to the signal processing unit
of the BTE-part (e.g. via electric conductors or a wireless
link).
[0075] FIG. 2B shows an embodiment of a binaural
hearing assistance system, e.g. a binaural hearing aid
system, comprising left and right hearing assistance de-
vices (HADl, HADr), in the following termed hearing in-
struments. The left and right hearing instruments are
adapted for being located at or in left and right ears of a
user. Alternatively, the left and right hearing instruments
may be adapted for being fully or partially implanted in
the head of the user (e.g. to implement a bone vibrating
(e.g. bone anchored) hearing instrument for mechanical-
ly vibrating bones in the head of the user, or to implement
a cochlear implant type hearing instrument comprising
electrodes for electrically stimulating the cochlear nerve
in the left and right sides of the user’s head). The hearing
instruments are adapted for exchanging information be-
tween them via a wireless communication link, here via
a specific inter-aural (IA) wireless link (IA-WL) imple-
mented by corresponding antenna and transceiver cir-
cuitry (IA-Rx/Tx) of the left and right hearing instruments,
respectively). The two hearing instruments (HADl, HADr)
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are e.g. adapted to allow the exchange of control signals
CNTs including localization parameters locs (e.g. direc-
tion and/or distance or absolute coordinates) of corre-
sponding sound source signals Ss between the two hear-
ing instruments, cf. dotted arrows indicating a transfer of
signals CNTs,r from the right to the left instrument and
signals CNTs,l from the left to the right instruments. Each
hearing instrument (HADl, HADr) comprises a forward
signal path comprising input units (e.g. microphones
and/or wired or wireless receivers) operatively connected
to a signal processing unit (SPU) and one or more output
units (here loudspeaker (SPK)). Between the input units
(mic1, mic2) and the signal processing unit (SPU), and
in operative connection with both, a time to time-frequen-
cy conversion unit (T->TF) and a multi-channel noise re-
duction system (NRS) are located. The time to time-fre-
quency conversion unit (T->TF) provides time-frequency
representations Xi(k,m) (Xs,r and Xs,l in FIG. 2B) of (time
variant) input signals x’i at the ith input unit, i=1, 2, (outputs
of mic1, mic2) in a number of frequency bands k and a
number of time instances m. The time-frequency repre-
sentation Xi(k,m) of the ith input signal is assumed to com-
prise a target signal component and a noise signal com-
ponent, the target signal component originating from a
target signal source Ss. The time to time-frequency con-
version unit (T->TF) is in the embodiment of FIG. 2B in-
tegrated with a selection/mixing unit (SEL/MIX) for se-
lecting the input units currently to be connected to the
multi-channel noise reduction system (NRS). Different
input units may e.g. be selected in different modes of
operation of the binaural hearing assistance system. In
the embodiment of FIG. 2B, each hearing instrument
comprises a user interface (UI) allowing a user to control
functionality of the respective hearing instruments,
and/or of the binaural hearing assistance system (cf.
dashed signal paths UCr, UCl, respectively). Preferably,
the user interfaces (UI) allow a user to indicate a direction
to or a location of (locs) a target signal source (Ss) relative
to the user (U). In the embodiment of FIG. 2B, each hear-
ing instrument (HADl, HADr) further comprises antenna
and transceiver circuitry (ANT, RF-Rx/Tx) for receiving
data from an auxiliary device (cf. e.g. AD in FIG. 6), the
auxiliary device e.g. comprising the user interface (or an
alternative or supplementary user interface) for the bin-
aural hearing assistance system. Alternatively or addi-
tionally, the antenna and transceiver circuitry (ANT, RF-
Rx/Tx) may be configured to receive an audio signal com-
prising an audio signal from another device, e.g. from a
microphone located separately from the main part of the
hearing assistance device in question (but e.g. at or near
the same ear). Such received signal INw may (e.g. in a
specific mode of operation, e.g. controlled via signal UC
from the user interface UI) be one of the input audio sig-
nals to the multi-channel noise reduction system (NRS).
Each of the left and right hearing instruments (HADl,
HADr) comprises a control unit (CONT) for controlling the
multi-channel noise reduction system (NRS) via signals
cntNRS,l and cntNRS,r. The control signals cntNRs may

e.g. include localization information regarding the cur-
rently present audio source(s) as received from the user
interface(s) (UI) (cf. respective input signals locs,l, locs,r
to control units CONT). The respective multi-channel
noise reduction systems (NRS) of the left and right hear-
ing instruments is e.g. embodied as shown in FIG. 1C.
The multi-channel noise reduction systems (NRS pro-
vides an enhanced (beamformed and noise reduced) sig-
nal S (Sl, Sr, respectively). The respective signal process-
ing units (SPU) receive the enhanced input signal S (Sl,
Sr, respectively) and provides a further processed output
signal pS (pSl, pSr, respectively), which is fed to the out-
put transducer (SPK) for being presented to the user as
an audible signal OUT (OUTl, OUTr, respectively). The
signal processing unit (SPU) may apply further algo-
rithms to the input signal, e.g. including applying a fre-
quency dependent gain for compensating for a user’s
particular hearing impairment. In an embodiment, the
system is adapted so that a user interface of the auxiliary
device (UI in FIG. 4) allows a user (U) to indicate a di-
rection to or a location of a target signal source (Ss) rel-
ative to the user (U) (via the wireless receiver (ANT, RF-
Rx/Tx) and signal INw, providing signal locs (dashed ar-
row) in FIG. 2B between the selection or mixing unit
(SEL/MIX) and the control unit (CONT)). The hearing in-
struments (HADl, HADr) further comprises a memory
(e.g. embodied in respective control units CNT) for stor-
ing a database of comprising a number of predefined
look vectors and/or beamformer weights each corre-
sponding to the beamformer pointing in and/or focusing
at a number of predefined directions and/or locations. In
an embodiment, the user provides information about tar-
get direction (phi) of and distance (d=range) to the target
signal source (cf. e.g. FIG. 5) via the user interface (UI).
In an embodiment, the number of (sets of) predefined
beamformer weights stored in the memory unit corre-
spond to a number of (sets of) specific values (ϕ, d) of
target direction (phi, ϕ) of and distance (range, d). In the
binaural hearing assistance system of FIG. 2B, signals
CNTs,r and CNTs,l, are transmitted via bi-directional wire-
less link IA-WL from the right to the left and from the left
to the right hearing instruments, respectively. These sig-
nals are received and extracted by the respective anten-
na (ANT) and transceiver circuitries (IA-Rx/Tx) and for-
warded to the respective control units (CONT) of the op-
posite hearing instrument as signals CNTlr and CNTrl, in
the left and right hearing instruments, respectively. The
signals CNTlr and CNTrl comprises information allowing
a synchronization of the multi-channel noise reduction
systems (NRS) of the left and right hearing instruments
(e.g. source localization data, gains of respective single-
channel noise reduction systems, sensor signals, e.g.
from respective voice activity detectors, etc.). A combi-
nation of the respective data from the local and the op-
posite hearing instrument can be used together to update
the respective multi-channel noise reduction systems
(NRS) and to thereby maintain localization cues in re-
sulting signal(s) of the forward path in the left and right
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hearing instruments. The manually operable and/or a re-
motely operable user interface(s) (UI) (generating a con-
trol signals UCr and UCl, respectively) may e.g. provide
user inputs to one or more or the signal processing unit
(SPU), the control unit (CONT), the selector and mixer
unit (T->TF-SEL-MIX) and the multi-channel noise re-
duction system (NRS).
[0076] FIG. 3 shows examples of a mutual location in
space of elements of a binaural hearing assistance sys-
tem and/or a sound source relative to a user, represented
in a spherical and an orthogonal coordinate system. FIG.
3A defines coordinates of a spherical coordinate system
(d, θ, ϕ) in an orthogonal coordinate system (x, y, z). A
given point in three dimensional space (here illustrated
by a location of sound source Ss) whose location is rep-
resented by a vector ds from the center of the coordinate
system (0, 0, 0) to the location (xs, ys, zs) of the sound
source Ss in the orthogonal coordinate system is repre-
sented by spherical coordinates (ds, θs, ϕs), where ds is
the radial distance to the sound source Ss, θs is the (polar)
angle from the z-axis of the orthogonal coordinate system
(x, y, z) to the vector ds, and ϕs, is the (azimuth) angle
from the x-axis to a projection of the vector ds in the xy-
plane of the orthogonal coordinate system.
[0077] FIG. 3B defines the location of left and right
hearing assistance devices HADl, HADr (see FIG. 3C,
3D, here in FIG. 3B represented by left and right micro-
phones micl, micr) in orthogonal and spherical coordi-
nates, respectively. The center (0, 0, 0) of the coordinate
systems can in principle be located anywhere, but is here
(to utilize the symmetry of the setup) assumed to be lo-
cated midway between the location of the centers of the
left and right microphones micl, micr, as illustrated in FIG.
3C, 3D. The location of the left and right microphones
micl, micr are defined by respective vectors dl and dr,
which can be represented by respective sets of rectan-
gular and spherical coordinates (xl, yl, zl), (dl, θl, ϕl) and
(xr, yr, zr), (dr, θr, ϕr).
[0078] FIG. 3C defines the location of left and right
hearing assistance devices HADl, HADr (here represent-
ed by left and right microphones micl, micr) relative to a
sound source Ss in orthogonal and spherical coordinates,
respectively. The center (0, 0, 0) of the coordinate sys-
tems is assumed to be located midway between the lo-
cation of the centers of the left and right microphones
micl, micr. The location of the left and right microphones
micl, micr. are defined by vectors dl and dr, respectively.
The location of the sound source Ss is defined by vector
ds and orthogonal and spherical coordinates (xs, ys, zs)
and (ds, θs, ϕs), respectively. The sound source Ss may
e.g. illustrate a person speaking (or otherwise expressing
him or herself), a loudspeaker playing sound (or a wire-
less transmitter transmitting an audio signal to a wireless
receiver of one or both of the hearing assistance devices).
[0079] FIG. 3D defines a similar setup as shown in FIG.
3C. FIG. 3D illustrates a user U equipped with left and
right hearing assistance devices HADl, HADr and a sound
source Ss (e.g. a loudspeaker, as shown, or a person

speaking) located in front, to the left of the user. Left and
right microphones micl, micr of the left and right hearing
assistance devices HADl, HADr receive time variant
sound signals from sound source Ss. The sound signals
are received by the respective microphones and convert-
ed to electric input signals and provided in a time fre-
quency representation in the form of (complex) digital
signals Xsl[m,k] and Xsr[m,k] in the left and right hearing
assistance devices HADl, HADr, m being a time index
and k being a frequency index (i.e. here the time to time-
frequency conversion units (analysis filter banks AFB in
FIG. 1B, or T->TF in FIG. 2B) are included in the respec-
tive input units (e.g. microphone units)). The directions
of propagation of the sound wave-fronts from the sound
source Ss to the respective left and right microphone units
micl, micr are indicated by lines (vectors) dsl and dsr,
respectively. The center (0, 0, 0) of the orthogonal coor-
dinate system (x, y, z) is located midway between the left
and right hearing assistance devices HADl, HADr, which
are assumed to lie in the xy-plane (z=0, θ=90°) together
with the sound source Ss. The different distances, dsl and
dsr, from the sound source Ss to the left and right hearing
assistance devices HADl, HADr, respectively, account
for different times of arrival of a given sound wave-front
at the two microphones micl, micr, hence resulting in an
ITD(ds, θs, ϕs) (ITD=Inter-aural Time Difference). Like-
wise the different constitution of the propagation paths
from the sound source to the left and right hearing as-
sistance devices gives rise to different levels of the re-
ceived signals at the two microphones micl, micr (the path
to the right hearing assistance device HADr is influenced
by the users’ head (as indicated by the dotted line seg-
ment of the vector dsr, the path to the left hearing assist-
ance device HADl is NOT). In other words an ILD(ds, θs,
ϕs) is observed (ILD=Inter-aural Level Difference). These
differences (that are perceived by a normally hearing per-
son as localization cues) are to a certain extent (depend-
ing on the actual location of the microphones on the hear-
ing assistance device) reflected in the signals Xsl[m,k]
and Xsr[m,k] and can be used to extract the head related
transfer functions (or to maintain the influence thereof in
received signals) for the given geometrical scenario for
a point source located at (ds, θs, ϕs).
[0080] FIG. 4 shows two examples of locations of a
target sound source relative to a user. FIG. 4A shows a
typical (default) example where the target sound source
Ss is located in front of the user (U) at a distance |ds|
(ϕs=0°; it is further assumed that θs=90°, i.e. that the
sound source Ss is located in the same plane as the mi-
crophones of the left and right hearing assistance devic-
es; this need not to be the case, however). The beams
(beamsl and beamsr) of the respective multi-channel
beamformer filtering units of the multi-input unit noise
reduction systems of the left and right hearing assistance
devices are synchronized to focus on the target sound
source Ss. FIG. 4B shows an example where the target
sound source Ss is located in the quadrant (x>0, y>0) to
the left of the user (U) (ϕs∼45°). The user is assumed to
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have indicated this position of the sound source via the
user interface, resulting again in the beams (beamsl and
beamsr) of the respective multi-channel beamformer fil-
tering units being synchronized to focus on the target
sound source Ss (e.g. based on predetermined filtering
weights for the respective beamformers for the chosen
location of the sound source; the location being e.g. cho-
sen among a number of predefined locations).
[0081] FIG. 5 shows a number of predefined orienta-
tions of the look vector relative to a user. FIG. 5 illustrates
predefined directions from a user (U) to a target source
Sq defined by vectors dsq, q=1, 2, ..., Ns or angle ϕq and
distance dq = |dsq|. In FIG. 5, it is assumed that the sound
source Ss is located in the same plane as the micro-
phones of the left and right hearing assistance devices
(HADl and HADr). In an embodiment, predefined look
vectors and/or filter weights for the respective multi-chan-
nel beamformer filtering units of the multi-input unit noise
reduction systems of the left and right hearing assistance
devices are stored in a memory of the left and right hear-
ing assistance devices. Predefined angles ϕq, q=1, 2, ...,
8 distributed in the front half plane (with respect to the
user’s face) corresponding to x ≥ 0 and in the rear half
plane corresponding to x < 0 are exemplified in FIG. 5.
The density of predefined angles is larger in the front half
plane than in the rear half plane. In the example of FIG.
5, ϕ1 - ϕ7 are located in the front half plane (e.g. evenly
with 30°between them from ϕ1=-90° to ϕ7=+90°), where-
as ϕ8 is located in the rear half plane (ϕ8=180°). For each
predefined angle ϕq, a number of distances dq may be
defined, in FIG. 5 two different distances, denoted a and
b (dsqb ∼ 2*dsqa), are indicated. Any number of predefined
angles and distances may be defined in advance and
corresponding look vectors and/or filter weights deter-
mined and stored in a memory of the respective left and
right hearing assistance devices (or be accessible from
a common database of the binaural hearing assistance
system, e.g. located in an auxiliary device, e.g. a Smart-
Phone). In an embodiment, the user interface is imple-
mented as an APP of a SmartPhone. By storing a number
of predefined look vectors (or beamformer weights) and
letting the user select one of them (by indicating a direc-
tion or location of the target source via the user interface),
the user effectively provides the look vector (beamformer
weights) of relevance to the current acoustic environment
of the user. The predefined look vectors (or beamformer
weights) may e.g. be determined by measurement for
different directions and distances on a model user, e.g.
a Head and Torso Simulator (HATS) 4128C from Brüel
& Kjær Sound & Vibration Measurement A/S ’equipped’
with first and second hearing assistance devices.
[0082] FIG. 6A shows an embodiment of a binaural
hearing aid system comprising left (second) and right
(first) hearing assistance devices (HADl, HADr) in com-
munication with a portable (handheld) auxiliary device
(AD) functioning as a user interface (UI) for the binaural
hearing aid system. In an embodiment, the binaural hear-
ing aid system comprises the auxiliary device AD (and

the user interface UI). The user interface UI of the aux-
iliary device AD is shown in FIG. 6B. The user interface
comprises a display (e.g. a touch sensitive display) dis-
playing a user of the hearing assistance system and a
number of predefined locations of target sound sources
relative to the user. The user U is encouraged to choose
a location for a current target sound source by dragging
a sound source symbol to the approximate location of
the target sound source (if deviating from a front direction
and a default distance). The ’Localization of sound sourc-
es’ is implemented as an APP of the auxiliary device (e.g.
a SmartPhone). In an embodiment, the chosen location
is communicated to the left and right hearing assistance
devices for use in choosing an appropriate corresponding
predetermined set of filter weights, or for calculating such
weights based on the received location of the sound
source. Alternatively, the appropriate filter weights deter-
mined or stored in the auxiliary device may be commu-
nicated to the left and right hearing assistance devices
for use in the respective beamformer filtering units. The
auxiliary device AD comprising the user interface UI is
adapted for being held in a hand of a user (U), and hence
convenient for displaying a current location of a target
sound source.
[0083] In an embodiment, communication between the
hearing assistance device and the auxiliary device is in
the base band (audio frequency range, e.g. between 0
and 20 kHz). Preferably however, communication be-
tween the hearing assistance device and the auxiliary
device is based on some sort of modulation at frequen-
cies above 100 kHz. Preferably, frequencies used to es-
tablish a communication link between the hearing assist-
ance device and the auxiliary device is below 70 GHz,
e.g. located in a range from 50 MHz to 70 GHz, e.g. above
300 MHz, e.g. in an ISM range above 300 MHz, e.g. in
the 900 MHz range or in the 2.4 GHz range or in the 5.8
GHz range or in the 60 GHz range (ISM=Industrial, Sci-
entific and Medical, such standardized ranges being e.g.
defined by the International Telecommunication Union,
ITU). In an embodiment, the wireless link is based on a
standardized or proprietary technology. In an embodi-
ment, the wireless link is based on Bluetooth technology
(e.g. Bluetooth Low-Energy technology) or a related tech-
nology.
[0084] In the embodiment of FIG. 6A, wireless links
denoted IA-WL (e.g. an inductive link between the hear-
ing left and right assistance devices) and WL-RF (e.g.
RF-links (e.g. Bluetooth) between the auxiliary device
AD and the left HADl, and between the auxiliary device
AD and the right HADr, hearing assistance device, re-
spectively) are indicated (implemented in the devices by
corresponding antenna and transceiver circuitry, indicat-
ed in FIG. 6a in the left and right hearing assistance de-
vices as RF-IA-Rx/Tx-l and RF-IA-Rx/Tx-r, respectively).
[0085] In an embodiment, the auxiliary device AD is or
comprises an audio gateway device adapted for receiv-
ing a multitude of audio signals (e.g. from an entertain-
ment device, e.g. a TV or a music player, a telephone
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apparatus, e.g. a mobile telephone or a computer, e.g.
a PC) and adapted for selecting and/or combining an
appropriate one of the received audio signals (or combi-
nation of signals) for transmission to the hearing assist-
ance device. In an embodiment, the auxiliary device is
or comprises a remote control for controlling functionality
and operation of the hearing assistance device(s). In an
embodiment, the function of a remote control is imple-
mented in a SmartPhone, the SmartPhone possibly run-
ning an APP allowing to control the functionality of the
audio processing device via the SmartPhone (the hearing
assistance device(s) comprising an appropriate wireless
interface to the SmartPhone, e.g. based on Bluetooth or
some other standardized or proprietary scheme).
[0086] In the present context, a SmartPhone, may
comprise

• a (A) cellular telephone comprising a microphone, a
speaker, and a (wireless) interface to the public
switched telephone network (PSTN) COMBINED
with

• a (B) personal computer comprising a processor, a
memory, an operative system (OS), a user interface
(e.g. a keyboard and display, e.g. integrated in a
touch sensitive display) and a wireless data interface
(including a Web-browser), allowing a user to down-
load and execute application programs (APPs) im-
plementing specific functional features (e.g. display-
ing information retrieved from the Internet, remotely
controlling another device, combining information
from various sensors of the smartphone (e.g. cam-
era, scanner, GPS, microphone, etc.) and/or exter-
nal sensors to provide special features, etc.).

[0087] The invention is defined by the features of the
independent claim.
[0088] Preferred embodiments are defined in the de-
pendent claims. Any reference numerals in the claims
are intended to be non-limiting for their scope.
[0089] Some preferred embodiments have been
shown in the foregoing, but it should be stressed that the
invention is not limited to these, but may be embodied in
other ways within the subject-matter defined in the fol-
lowing claims and equivalents thereof.

REFERENCES

[0090]

• EP2701145A1 (OTICON)

Claims

1. A binaural hearing assistance system (BHAS) com-
prising left and right hearing assistance devices
(HADl, HADr) adapted for being located at or in left
and right ears of a user (U), or adapted for being fully

or partially implanted in the head of the user,
each of the left and right hearing assistance devices
(HADl, HADr) comprising

a) A multitude of input units IUi, i=1, ..., M, M
being larger than or equal to two, for providing
a time-frequency representation Xi(k,m) of an
input signal signal xi(n) at an ith input unit in a
number of frequency bands and a number of
time instances, k being a frequency band index,
m being a time index, n representing time, the
time-frequency representation Xi(k,m) of the ith

input signal comprising a target signal compo-
nent and a noise signal component, the target
signal component originating from a target sig-
nal source (Ss) at a location (xs, ys, zs) relative
to the user;
b) a multi-input unit noise reduction system com-
prising a multi-channel beamformer filtering unit
(Beamformer) connected to said multitude of in-
put units IUi, i=1, ..., M, and configured to pro-
vide a beamformed signal Y(k,m), wherein sig-
nal components from other directions than a di-
rection of the target signal source are attenuat-
ed, whereas signal components from the direc-
tion of the target signal source are left un-atten-
uated or attenuated less than signal compo-
nents from said other directions;

CHARACTERIZED IN THAT the binaural hearing
assistance system further comprises a user interface
(Ul) configured to communicate with said left and
right hearing assistance devices (HADl, HADr) and
to allow the user to influence functionality of the left
and right hearing assistance devices, including to
allow the user to indicate the location (xs, ys, zs) of
the target signal source (Ss) relative to the user (U)
via said user interface (Ul), and wherein
the hearing assistance system is further configured
to

• synchronize the respective multi-channel
beamformer filtering units (Beamformer) of the
left and right hearing assistance devices so that
both beamformer filtering units focus on the lo-
cation (xs, ys, zs) of the target signal source (Ss).

2. A binaural hearing assistance system according to
claim 1 wherein the user interface forms part of the
left and/or right hearing assistance devices.

3. A binaural hearing assistance system according to
claim 1 or 2 wherein the user interface forms part of
an auxiliary device.

4. A binaural hearing assistance system according to
any one of claims 1-3 adapted to allow an interaural
wireless communication link between the left and
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right hearing assistance devices to be established
to allow exchange of data between them.

5. A binaural hearing assistance system according to
claim 4 adapted to allow an external wireless com-
munication link between the auxiliary device and the
respective left and right hearing assistance devices
to be established to allow exchange of data between
them.

6. A binaural hearing assistance system according to
any one of claims 1-5 wherein multi-channel beam-
former filtering units of the left and right hearing as-
sistance devices are designed to deliver a gain of 0
dB for signals originating from a given direction or
location, while suppressing signal components orig-
inating from any other spatial location.

7. A binaural hearing assistance system according to
any one of claims 1-6 wherein the multi-channel
beamformer filtering units of the left and right hearing
assistance devices are designed to deliver a larger
gain, or smaller attenuation, for signals originating
from a given target direction or location, than for sig-
nal components originating from any other spatial
location.

8. A binaural hearing assistance system according to
any one of claims 1-7 wherein the multi-channel
beamformer filtering units of the left and right hearing
assistance devices are configured to apply the same
gain or attenuation to signal components from the
target signal source, so that any spatial cues in the
target signal are not obscured by the beamformers.

9. A binaural hearing assistance system according to
any one of claims 1-8 wherein each of said left and
right hearing assistance devices further comprises
a single channel post-processing filter unit connect-
ed to said multi-channel beamformer filtering unit
and configured to provide an enhanced signal S(k,m)
based on the output of the multi-channel beamformer
unit.

10. A binaural hearing assistance system according to
any one of claims 1-9 wherein the multi-channel
beamformer filtering unit of each of the left and right
hearing assistance devices comprises an MVDR fil-
ter providing filter weights wmvdr(k,m), said filter
weights wmvdr(k,m) being based on a look vector
d(k,m) and an inter-input unit covariance matrix
Rvv(k,m) for the noise signal, wherein the look vector
d(k,m) is a representation of the - possibly relative -
acoustic transfer function from the target sound
source to each of said multitude of input units, while
the hearing assistance device is in operation.

11. A binaural hearing assistance system according to

any one of claims 1-10 wherein the multi-channel
beamformer filtering unit and/or the single channel
post-processing filter unit when dependent on claim
9 is/are configured to maintain interaural spatial cues
of the target signal.

12. A binaural hearing assistance system according to
any one of claims 1-11 wherein each of the left and
right hearing assistance devices comprises a mem-
ory unit comprising a number of predefined look vec-
tors, each corresponding to the beamformer pointing
in and/or focusing at a predefined direction and/or
location.

13. A binaural hearing assistance system according to
any one of claims 1-12 wherein each of the left and
right hearing assistance devices comprises a voice
activity detector for identifying respective time seg-
ments of an input signal where a human voice is
present.

14. A binaural hearing assistance system according to
claim 13 when dependent on claim 9 wherein the
single channel post-processing filter unit is config-
ured to suppress noise components during time pe-
riods where the target signal is present or dominant
as well as when the target signal is absent, as de-
termined by said voice activity detector, based on an
estimate of a target signal to noise ratio for each
time-frequency tile (m,k).

15. A binaural hearing assistance system according to
any one of claims 1-14 wherein at least one of said
multitude of input units IUi of the left and right hearing
assistance devices comprises a microphone for con-
verting an input sound to an electric input signal x’¡(n)
and a time to time-frequency conversion unit for pro-
viding a time-frequency representation Xi(k,m) of the
input signal xi(n) at the ith input unit IUi in a number
of frequency bands k and a number of time instances
m.

16. A binaural hearing assistance system according to
any one of claims 1-15 wherein the left and right hear-
ing assistance devices comprises a hearing instru-
ment adapted for being located at the ear or fully or
partially in the ear canal of a user, or for being fully
or partially implanted in the head of a user.

17. A binaural hearing assistance system according to
any one of claims 3-16, wherein the user interface
is implemented as an APP executed on a smart-
phone.

18. A binaural hearing assistance system according to
claim 17, wherein the user interface is configured to
allow a user to select a current location of the target
sound source from a number of predefined look vec-
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tors dsq, q=1, 2, ..., Ns, or angles ϕq, or angles ϕq
and distances dq =| dsq|, q=1, 2, ..., Ns.

19. A binaural hearing assistance system according to
claim 18 configured to provide that for each of the
predefined angles and distances q=1, 2, ..., Ns cor-
responding look vectors and/or filter weights are de-
termined and stored in a memory of the respective
left and right hearing assistance devices or are ac-
cessible from a common database of the binaural
hearing assistance system.

20. A binaural hearing assistance system according to
claim 19 wherein the common database is located
in the auxiliary device.

Patentansprüche

1. Binaurales Hörassistenzsystem (BHAS), das linke
und rechte Hörassistenzvorrichtungen (HADl, HADr)
umfasst, die dafür eingerichtet sind, an oder in linken
und rechten Ohren eines Benutzers (U) platziert zu
sein, oder dafür eingerichtet sind, vollständig oder
teilweise in den Kopf des Benutzers implantiert zu
sein,
wobei jede der linken und rechten Hörassistenzvor-
richtungen (HADl, HADr) umfasst:

a) eine Vielzahl von Eingabeeinheiten IUi, i =
1, ..., M, wobei M größer als oder gleich zwei ist,
um eine Zeit-Frequenz-Darstellung Xi(k, m) ei-
nes Eingangssignalsignals x¡(n) an einer i-ten
Eingabeeinheit in einer Anzahl von Frequenz-
bändern und einer Anzahl von Zeitinstanzen be-
reitzustellen, wobei k ein Frequenzbandindex
ist, m ein Zeitindex ist, n eine Zeit darstellt, die
Zeit-Frequenz-Darstellung Xi(k, m) des i-ten
Eingangssignals eine Zielsignalkomponente
und eine Rauschsignalkomponente umfasst,
wobei die Zielsignalkomponente von einer Ziel-
signalquelle (Ss) an einem Ort (xs, ys, zs) relativ
zu dem Benutzer stammt;
b) ein Rauschreduzierungssystem mit mehre-
ren Eingabeeinheiten, das eine Mehrkanal-
Strahlformer-Filtereinheit (Beamformer) um-
fasst, die an die Vielzahl von Eingabeeinheiten
IUi, i = 1, ..., M angeschlossen ist, und dazu ein-
gerichtet ist, ein strahlgeformtes Signal Y(k, m)
bereitzustellen, wobei Signalkomponenten aus
anderen Richtungen als einer Richtung der Ziel-
signalquelle gedämpft sind, während Signal-
komponenten aus der Richtung der Zielsignal-
quelle ungedämpft bleiben oder weniger ge-
dämpft sind als Signalkomponenten aus den an-
deren Richtungen;

DADURCH GEKENNZEICHNET, DASS

das binaurale Hörassistenzsystem ferner eine Be-
nutzerschnittstelle (UI) umfasst, die dazu eingerich-
tet ist, mit den linken und rechten Hörassistenzvor-
richtungen (HADl, HADr) zu kommunizieren und es
dem Benutzer ermöglicht, die Funktionalität der lin-
ken und rechten Hörassistenzvorrichtungen zu be-
einflussen, wobei dies einschließt, es dem Benutzer
auch zu ermöglichen, den Ort (xs, ys, zs) der Zielsi-
gnalquelle (Ss) relativ zu dem Benutzer (U) über die
Benutzerschnittstelle (UI) anzugeben, und wobei
das Hörassistenzsystem ferner dazu eingerichtet ist,

• die jeweiligen Mehrkanal-Strahlformer-Filter-
einheiten (Beamformer) der linken und rechten
Hörassistenzvorrichtungen derart zu synchroni-
sieren, dass beide Strahlformer-Filtereinheiten
auf den Ort (xs, ys, zs) der Zielsignalquelle (Ss)
fokussieren.

2. Binaurales Hörassistenzsystem nach Anspruch 1,
wobei die Benutzerschnittstelle einen Teil der linken
und/oder rechten Hörassistenzvorrichtungen ausbil-
det.

3. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 oder 2, wobei die Benutzerschnittstelle
einen Teil einer Hilfsvorrichtung ausbildet.

4. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 3, angepasst, um zu ermöglichen, dass
eine interaurale drahtlose Kommunikationsverbin-
dung zwischen den linken und rechten Hörassis-
tenzvorrichtungen hergestellt wird, um den Aus-
tausch von Daten zwischen ihnen zu ermöglichen.

5. Binaurales Hörassistenzsystem nach Anspruch 4,
angepasst, um zu ermöglichen, dass eine externe
drahtlose Kommunikationsverbindung zwischen der
Hilfsvorrichtung und den jeweiligen linken und rech-
ten Hörassistenzvorrichtungen hergestellt wird, um
den Austausch von Daten zwischen ihnen zu ermög-
lichen.

6. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 5, wobei Mehrkanal-Strahlformer-Fil-
tereinheiten der linken und rechten Hörassistenzvor-
richtungen dafür ausgelegt sind, eine Verstärkung
von 0 dB für Signale zu liefern, die aus einer gege-
benen Richtung oder von einem gegebenen Ort
stammen, während Signalkomponenten unterdrückt
werden, die von jedem anderen räumlichen Ort
stammen.

7. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 6, wobei die Mehrkanal-Strahlformer-
Filtereinheiten der linken und rechten Hörassistenz-
vorrichtungen dafür ausgelegt sind, eine größere
Verstärkung, oder schwächere Dämpfung, für Sig-
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nale zu liefern, die aus einer gegebenen Zielrichtung
oder von einem gegebenen Ort stammen, als für Si-
gnalkomponenten, die von jedem anderen räumli-
chen Ort stammen.

8. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 7, wobei die Mehrkanal-Strahlformer-
Filtereinheiten der linken und rechten Hörassistenz-
vorrichtungen dazu eingerichtet sind, die gleiche
Verstärkung oder Dämpfung an Signalkomponenten
von der Zielsignalquelle anzulegen, sodass räumli-
che Achtungssignale in dem Zielsignal durch die
Strahlformer nicht verschleiert werden.

9. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 8, wobei jede der linken und rechten
Hörassistenzvorrichtungen ferner eine Einkanal-
Nachverarbeitungs-Filtereinheit umfasst, die an die
Mehrkanal-Strahlformer-Filtereinheit angeschlos-
sen ist und dazu eingerichtet ist, ein verbessertes
Signal S(k,m) auf Grundlage der Ausgabe der Mehr-
kanal-Strahlformer-Einheit bereitzustellen.

10. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 9, wobei die Mehrkanal-Strahlformer-
Filtereinheit jeder der linken und rechten Hörassis-
tenzvorrichtungen ein MVDR-Filter umfasst, das Fil-
tergewichte wmvdr (k, m) bereitstellt, wobei die Filter-
gewichte wmvdr (k, m) auf einem Blick-Vektor d(k, m)
und einer Zwischeneingabeeinheit-Kovarianzmatrix
Rvv(k, m) für das Rauschsignal basieren, wobei der
Blick-Vektor d(k, m) eine Darstellung der - mögli-
cherweise relativen - Akustiktransferfunktion von der
Zielgeräuschquelle bis zu jeder der Vielzahl von Ein-
gabeeinheiten ist, während die Hörassistenzvorrich-
tung in Betrieb ist.

11. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 10, wobei die Mehrkanal-Strahlformer-
Filtereinheit und/oder die Einkanal-Nachverarbei-
tungs-Filtereinheit, wenn von Anspruch 9 abhängig,
dazu eingerichtet ist/sind, interaurale räumliche Ach-
tungssignale des Zielsignals beizubehalten.

12. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 11, wobei jede der linken und rechten
Hörassistenzvorrichtungen eine Speichereinheit
umfasst, die eine Anzahl von vordefinierten Blick-
Vektoren umfasst, die jeweils dem Strahlformer ent-
sprechen, der in eine/n vordefinierte/n Richtung
und/oder Ort zeigt und/oder fokussiert.

13. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 12, wobei jede der linken und rechten
Hörassistenzvorrichtungen einen Sprachaktivitäts-
erfasser zum Identifizieren jeweiliger Zeitsegmente
eines Eingangssignals, bei dem eine menschliche
Stimme vorhanden ist, umfasst.

14. Binaurales Hörassistenzsystem nach Anspruch 13,
wenn abhängig von Anspruch 9, wobei die Einkanal-
Nachverarbeitungs-Filtereinheit dazu eingerichtet
ist, Rauschkomponenten während Zeitperioden zu
unterdrücken, in denen das Zielsignal präsent oder
dominant ist sowie wenn das Zielsignal abwesend
ist, wie durch den Sprachaktivitätserfasser be-
stimmt, auf Grundlage eines Schätzens eines Ziel-
signal-Rausch-Verhältnisses für jede Zeit-Fre-
quenz-Kachel (m,k).

15. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 14, wobei mindestens eine der Vielzahl
von Eingabeeinheiten IUi der linken und rechten
Hörassistenzvorrichtung ein Mikrofon zum Umwan-
deln eines Eingangsgeräuschs in ein elektrisches
Eingangssignal x’i(n) und eine Zeit-in-Zeit-Fre-
quenz-Umwandlungseinheit zum Bereitstellen einer
Zeit-Frequenz-Darstellung Xi(k, m) des Eingangssi-
gnals x¡(n) an der i-ten Eingabeeinheit IUi in einer
Anzahl von Frequenzbändern k und einer Anzahl
von Zeitinstanzen m umfasst.

16. Binaurales Hörassistenzsystem nach einem der An-
sprüche 1 bis 15, wobei die linken und rechten
Hörassistenzvorrichtungen ein Hörgerät umfassen,
das dazu angepasst ist, an dem Ohr oder vollständig
oder teilweise in dem Gehörgang eines Benutzers
platziert zu sein, oder vollständig oder teilweise in
dem Kopf eines Benutzers implantiert zu sein.

17. Binaurales Hörassistenzsystem nach einem der An-
sprüche 3 bis 16, wobei die Benutzerschnittstelle als
eine APP implementiert ist, die auf einem Smartpho-
ne ausgeführt wird.

18. Binaurales Hörassistenzsystem nach Anspruch 17,
wobei die Benutzerschnittstelle dazu eingerichtet ist,
einem Benutzer zu ermöglichen, einen aktuellen Ort
der Zielgeräuschquelle von einer Anzahl vordefinier-
ter Blick-Vektoren dsq, q=1, 2, ..., Ns, oder Winkel
ϕq, oder Winkel ϕd und Distanzen dq=|dsq |,q=1,
2, ..., Ns, zu wählen.

19. Binaurales Hörassistenzsystem nach Anspruch 18,
dazu eingerichtet, bereitzustellen, dass für jeden der
vordefinierten Winkel und Distanzen q=1, 2, ..., Ns
entsprechende Blick-Vektoren und/oder Filterge-
wichte bestimmt sind und in einer Speichereinheit
der jeweiligen linken und rechten Hörassistenzvor-
richtungen gespeichert sind oder von einer gemein-
samen Datenbank des binauralen Hörassistenzsys-
tem zugänglich sind.

20. Binaurales Hörassistenzsystem nach Anspruch 19,
wobei die gemeinsame Datenbank sich in der Hilfs-
vorrichtung befindet.
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Revendications

1. Système d’assistance auditive binaural (BHAS)
comprenant des dispositifs d’assistance auditive
gauche et droit (HADl, HADr) conçus pour être po-
sitionnés au niveau ou dans les oreilles gauche et
droite d’un utilisateur (U), ou conçus pour être im-
plantés totalement ou partiellement dans la tête de
l’utilisateur, chacun des appareils d’assistance audi-
tive gauche et droit (HADl, HADr) comprenant

a) une pluralité d’unités d’entrée lUi, i = 1, ..., M,
M étant supérieur ou égal à deux, pour fournir
une représentation temps-fréquence Xi(k, m)
d’un signal d’entrée xi(n) à une ième unité d’en-
trée dans un certain nombre de bandes de fré-
quences et un certain nombre d’instances tem-
porelles, k étant un index de bande de fréquen-
ces, m étant un index temporel, n représentant
le temps, la représentation temps-fréquence
Xi(k, m) du ième signal d’entrée comprenant une
composante de signal cible et une composante
de signal de bruit, la composante de signal cible
provenant d’une source de signal cible (Ss) à un
emplacement (xs, ys, zs) par rapport à
l’utilisateur ;
b) un système de réduction de bruit à unités
d’entrée multiples comprenant une unité de fil-
trage de formateur de faisceau à canaux multi-
ples (Beamformer) connectée à ladite pluralité
d’unités d’entrée IUi, i = 1, ..., M, et conçue pour
fournir un signal en forme de faisceau Y(k, m),
où les composantes de signal provenant
d’autres directions qu’une direction de la source
de signal cible sont atténuées, tandis que les
composantes de signal provenant de la direction
de la source de signal cible sont laissées non
atténuées ou moins atténuées que les compo-
santes de signal provenant desdites autres
directions ;

CARACTERISÉ EN CE QUE le système d’assistan-
ce auditive binaural comprend en outre une interface
utilisateur (UI) conçue pour communiquer avec les-
dits dispositifs d’assistance auditive gauche et droit
(HADl, HADr) et pour permettre à l’utilisateur d’influer
sur une fonctionnalité des dispositifs d’assistance
auditive gauche et droit, y compris pour permettre à
l’utilisateur d’indiquer l’emplacement (xs, ys, zs) de
la source de signal cible (Ss) par rapport à l’utilisateur
(U) via ladite interface utilisateur (UI), et où
le système d’assistance auditive est en outre conçu
pour

• synchroniser les unités de filtrage de formateur
de faisceau à canaux multiples respectives
(Beamformer) des dispositifs d’assistance audi-
tive gauche et droit de manière à ce que les deux

unités de filtrage de formateur de faisceau se
concentrent sur l’emplacement (xs, ys, zs) de la
source de signal cible (Ss).

2. Système d’assistance auditive binaural selon la re-
vendication 1, où l’interface utilisateur fait partie des
dispositifs d’assistance auditive gauche et/ou droit.

3. Système d’assistance auditive binaural selon la re-
vendication 1 ou 2, où l’interface utilisateur fait partie
d’un dispositif auxiliaire.

4. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 3, conçu pour
permettre l’établissement d’une liaison de commu-
nication interaurale sans fil entre les dispositifs d’as-
sistance auditive gauche et droit afin de permettre
un échange de données entre eux.

5. Système d’assistance auditive binaural selon la re-
vendication 4, conçu pour permettre l’établissement
d’une liaison de communication sans fil externe entre
le dispositif auxiliaire et les dispositifs d’assistance
auditive gauche et droit respectifs afin de permettre
un échange de données entre eux.

6. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 5, où des unités
de filtrage de formateur de faisceau à canaux multi-
ples des dispositifs d’assistance auditive gauche et
droit sont conçues de façon à délivrer un gain de 0
dB pour des signaux provenant d’une direction ou
d’un emplacement donné(e), tout en supprimant les
composantes de signal provenant de tout autre em-
placement spatial.

7. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 6, où les unités
de filtrage de formateur de faisceau à canaux multi-
ples des dispositifs d’assistance auditive gauche et
droit sont conçues de façon à délivrer un gain plus
important, ou une atténuation plus petite, pour des
signaux provenant d’une direction ou d’un emplace-
ment cible donné(e), que pour les composantes de
signal provenant de tout autre emplacement spatial.

8. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 7, où les unités
de filtrage de formateur de faisceau à canaux multi-
ples des dispositifs d’assistance auditive gauche et
droit sont conçues pour appliquer le même gain ou
la même atténuation aux composantes de signal pro-
venant de la source de signal cible, afin qu’aucun
repère spatial dans le signal cible ne soit masqué
par les formateurs de faisceau.

9. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 8, où chacun
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desdits dispositifs d’assistance auditive gauche et
droit comprend en outre une unité de filtrage de post-
traitement à canal unique connectée à ladite unité
de filtrage de formateur de faisceau à canaux multi-
ples et conçue pour fournir un signal amélioré S(k,
m) sur la base de la sortie de l’unité de formateur de
faisceau à canaux multiples.

10. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 9, où l’unité de
filtrage de formateur de faisceau à canaux multiples
de chacun des dispositifs d’assistance auditive gau-
che et droit comprend un filtre MVDR fournissant
des poids de filtre wmvdr(k, m), lesdits poids de filtre
wmvdr(k, m) étant basés sur un vecteur d’aspect d(k,
m) et une matrice de covariance d’unité inter-entrée
Rvv(k, m) pour le signal de bruit, le vecteur d’aspect
d(k, m) étant un représentation de la fonction de
transfert acoustique - éventuellement relative - allant
de la source sonore cible jusqu’à chaque unité de
ladite pluralité d’unités d’entrée, pendant que le dis-
positif d’assistance auditive est en fonctionnement.

11. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 10, où l’unité de
filtrage de formateur de faisceau à canaux multiples
et/ou l’unité de filtrage de post-traitement à un seul
canal lorsqu’il dépend de la revendication 9 est/sont
conçue(s) pour maintenir des repères spatiaux inte-
rauraux du signal cible.

12. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 11, où chacun
des dispositifs d’assistance auditive gauche et droit
comprend une unité mémoire comprenant un certain
nombre de vecteurs d’aspect prédéfinis, correspon-
dant chacun au formateur de faisceau pointant et/ou
se concentrant dans une direction et/ou un empla-
cement prédéfini(e)(s).

13. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 12, où chacun
des dispositifs d’assistance auditive gauche et droit
comprend un détecteur d’activité vocale pour iden-
tifier des segments temporels respectifs d’un signal
d’entrée lorsqu’une voix humaine est présente.

14. Système d’assistance auditive binaural selon la re-
vendication 13 lorsqu’il dépend de la revendication
9, où l’unité de filtrage de post-traitement à canal
unique est conçue pour supprimer les composantes
de bruit pendant les périodes temporelles où le si-
gnal cible est présent ou dominant, ainsi que lorsque
le signal cible est absent, comme déterminé par ledit
détecteur d’activité vocale, sur la base d’une estima-
tion d’un rapport signal cible sur bruit pour chaque
mosaïque temps-fréquence (m, k).

15. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 14, où au moins
une unité de ladite pluralité d’unités d’entrée IUi des
dispositifs d’assistance auditive gauche et droit com-
prend un microphone pour convertir un son d’entrée
en un signal d’entrée électrique x’i(n) et une unité de
conversion de temps en temps-fréquence pour four-
nir une représentation temps-fréquence Xi(k, m) du
signal d’entrée xi(n) à la ieme unité d’entrée IUi dans
un certain nombre de bandes de fréquences k et un
certain nombre d’instances temporelles m.

16. Système d’assistance auditive binaural selon l’une
quelconque des revendications 1 à 15, où les dispo-
sitifs d’assistance auditive gauche et droit compren-
nent un appareil auditif conçu pour être positionné
au niveau de l’oreille ou totalement ou partiellement
dans le canal auditif d’un utilisateur, ou pour être
totalement ou partiellement implanté dans la tête
d’un utilisateur.

17. Système d’assistance auditive binaural selon l’une
quelconque des revendications 3 à 16, où l’interface
utilisateur est mise en oeuvre sous la forme d’une
APP exécutée sur un mobile multifonction.

18. Système d’assistance auditive binaural selon la re-
vendication 17, où l’interface utilisateur est conçue
pour permettre à un utilisateur de sélectionner un
emplacement actuel de la source sonore cible parmi
un certain nombre de vecteurs d’aspect prédéfinis
dsq, q = 1, 2, ..., Ns, ou d’angles ϕq prédéfinis ou
d’angles ϕq et de distances dq = |dsq|, q = 1, 2, ...,
Ns prédéfinis.

19. Système d’assistance auditive binaural selon la re-
vendication 18, conçu pour faire en sorte que, pour
chacun des angles et distances prédéfinis, q = 1,
2, ..., Ns, les vecteurs d’aspect et/ou les poids de
filtre correspondants sont déterminés et stockés
dans une mémoire des dispositifs d’assistance audi-
tive gauche et droit respectifs ou sont accessibles à
partir d’une base de données commune du système
d’assistance auditive binaural.

20. Système d’assistance auditive binaural selon la re-
vendication 19, où la base de données commune
est située dans le dispositif auxiliaire.
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