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57 ABSTRACT

The application relates to a hearing device adapted for being
located at or in a first ear of a user, or to be fully or partially
implanted in the head at a first ear of a user, the hearing
device comprising

a first input transducer for converting a first input sound
signal from a sound field around the user at a first
location, the first location being a location of the first
input transducer, to a first electric input signal, the
sound field comprising a mixture of a target sound from
a target sound source and possible acoustic noise;

a transceiver unit configured to receive a first quantized
electric input signal via a communication link, the first
quantized electric input signal being representative of
the sound field around the user at a second location, the
first quantized electric input signal comprising quanti-
zation noise due to a specific quantization scheme;

a beamformer filtering unit adapted to receive said first
electric input signal and said quantized electric input
signal and to determine beamformer filtering weights,
which, when applied to said first electric input signal
and said quantized electric input signal, provide a
beamformed signal, and

a control unit adapted to control the beamformer filtering
unit, wherein the control unit is configured to control
the beamformer filtering unit taking account of said
quantization noise. The invention may e.g. be used for
the hearing aids and other portable electronic devices
with limited power capacity.
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BINAURAL BEAMFORMER FILTERING
UNIT, A HEARING SYSTEM AND A
HEARING DEVICE

SUMMARY

[0001] The present disclosure relates to beamforming for
spatially filtering an electric input signal representing sound
in an environment.

[0002] Hearing devices, e.g. hearing aids, such as hearing
aids involving digital signal processing of an electric input
signal representing sound in its environment, are e.g.
designed to help hearing impaired people to compensate
their hearing loss. Among other things, they aim to improve
the intelligibility of speech, captured by one or multiple
microphones in the presence of environmental noise. To do
so, they employ beamforming techniques, i.e. signal pro-
cessing techniques which combine microphone signal to
enhance the signal of interest (e.g. speech). A binaural
hearing system consists of two hearing devices (e.g. hearing
aids) located at left and right ears of a user. At least in some
modes of operation, the left and right hearing devices may
collaborate through a wired or wireless interaural transmis-
sion channel. Binaural hearing systems enable the construc-
tion of binaural beamformers using the interaural transmis-
sion channel to transmit a microphone signal (or a part
thereof) from one hearing device to the other (e.g. left to
right and/or right to left). A given hearing device receiving
one or more microphone signal(s) from the other hearing
device can then use the received microphone signal(s) in its
local beamforming process, thereby increasing the number
of microphone inputs to the beamformer (e.g. from one to
two, or from two to three or from two to four (if two
microphone signals are received (e.g. exchanged)). The
advantage of this is potentially more efficient noise reduc-
tion. Binaural beamformes are state-of-the-art and have been
described in the literature, but have (to the best of our
knowledge) not yet been used in commercial products.
[0003] Multi-microphone noise reduction algorithms in
binaural hearing aids which cooperate through a wireless
communication link have the potential to become of great
importance in future hearing aid systems. However, limited
transmission capacity of such devices necessitates the data
compression of signals transmitted from one hearing aid to
the contralateral one. The limited transmission capacity may
e.g. result in limited bandwidth (bitrate) of the communica-
tions link. The limitations may e.g. be due to the portability
of such device, their limited space, and hence limited power
capacity, e.g. battery capacity.

[0004] In the prior art, binaural beamformers for hearing
aids are typically artificially constructed. It is assumed that
a microphone signal from one hearing aid can be transmitted
instantaneously and without error to the other. In practice,
however, microphone signals must be quantized before
transmission. Quantization introduces noise, which cannot
be avoided. Prior art binaural beamforming systems ignore
the presence of the quantization noise. If used in practice,
such systems would perform poorly. It is hence an advantage
to take into account the presence of the quantization noise
when designing binaural beamformers.

A Hearing Device:

[0005] In an aspect of the present application, a hearing
device adapted for being located at or in a first ear of a user,
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or to be fully or partially implanted in the head at a first ear
of a user is provided. The hearing device comprises

[0006] afirst input transducer for converting a first input
sound signal from a sound field around the user at a first
location, the first location being a location of the first
input transducer, to a first electric input signal, the
sound field comprising a mixture of a target sound from
a target sound source and possible acoustic noise;

[0007] a transceiver unit configured to receive a first
quantized electric input signal via a communication
link, the first quantized electric input signal being
representative of the sound field around the user at a
second location, the first quantized electric input signal
comprising quantization noise due to a specific quan-
tization scheme;

[0008] a beamformer filtering unit adapted to receive
said first electric input signal and said quantized elec-
tric input signal and to determine beamformer filtering
weights, which, when applied to said first electric input
signal and said quantized electric input signal, provide
a beamformed signal, and

[0009] a control unit adapted to control the beamformer
filtering unit.

The control unit is configured to control the beamformer
filtering unit taking account of said quantization noise, e.g.
by determining said beamformer filtering weights in depen-
dence of said quantization noise.

[0010]

[0011] The first quantized electric input signal received via
the communication link may be a digitized signal in the time
domain or a number of digitized sub-band signals, each
representing quantized signals in a time-frequency repre-
sentation.

[0012] The sub-band signals of the first quantized electric
signal may be complex signals comprising a magnitude part
and a phase part, which may be quantized individually (e.g.
according to identical or different quantization schemes).
Higher order quantization schemes, e.g. vector quantization
(VQ), may also be used (e.g. to provide a more efficient
quantization).

[0013] In an embodiment, the control unit is configured to
control the beamformer filtering unit taking account of said
quantization noise based on knowledge of the specific
quantization scheme. In an embodiment, the control unit is
configured to receive an information signal indicating the
specific quantization scheme. In an embodiment, the control
unit is adapted to a specific quantization scheme. In an
embodiment, the control unit comprises a memory unit
comprising a number of different possible quantization
schemes (and e.g. corresponding noise covariance matrices
for the configuration of the hearing aid in question). In an
embodiment, the control unit is configured to select the
specific quantization scheme among said number of (known)
quantization schemes. In an embodiment, the control unit is
configured to select the quantization scheme in dependence
of'the input signal (e.g. it’s bandwidth), a battery status (e.g.
a rest capacity), an available link bandwidth, etc. In an
embodiment, the control unit is configured to select the
specific quantization scheme among said number of quan-
tization schemes based on the minimization of a cost func-
tion.

Thereby an improved hearing device is provided.
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[0014] In an embodiment, the quantization is due to A/D
conversion and/or compression. In the present context, the
quantization is typically performed on a (already) digitized
signal.

[0015] In an embodiment, the beamformer filtering
weights are determined depending on a look vector and a
noise covariance matrix.

[0016] In an embodiment, the noise covariance matrix C,
comprises an acoustic component Cq and a quantization
component C,:C.=C +C,, where C, is a contribution from
acoustic noise, and C, is a contribution from the quantization
error. The quantization component C, is a function of the
applied quantization scheme (e.g. a uniform quantization
scheme, such as a mid-riser or a mid-tread quantization
scheme, with a specific mapping function), which should be
agreed on, e.g. exchanged between devices (or fixed). In an
embodiment, the noise covariance matrix of the acoustic
part C,, is known in advance (at least except a scaling factor
A). The scaling factor A may e.g. be determined by the
hearing aid during use (e.g. by a level detector, e.g. in
combination with a voice activity detector, to be able to
estimate a noise level, during absence of speech). In other
words, the resulting covariance matrix (or its contributing
elements) for a given quantization scheme (and a given
distribution of acoustic noise) may be known in advance,
and the relevant parameters stored in the hearing device (e.g.
in a memory accessible to the signal processor). In an
embodiment, the noise covariance matrix elements for a
number of different distributions of acoustic noise and a
number of different quantization schemes are stored in or
accessible to the hearing device during use.

[0017] In an embodiment, the beamformer filtering unit is
a minimum variance distortionless response (MVDR) beam-
former.

[0018] The hearing device may comprise a memory unit
comprising a number of different possible quantization
schemes. The control unit may be configured to select the
specific quantization scheme among said number of different
quantization schemes. The memory may also comprise
information about different acoustic noise distributions, e.g.
noise covariance matrix elements for such noise distribu-
tions, e.g. for an isotropic distribution.

[0019] The control unit may be configured to select the
quantization scheme in dependence of one or more of the
input signal, a battery status, and an available link band-
width.

[0020] The control unit may be configured to receive
information about said specific quantization scheme from
another device, e.g. another hearing device, e.g. a contra-
lateral hearing device of a binaural hearing aid system. The
information about a specific quantization scheme may com-
prise its distribution and/or variance.

[0021] The number of different possible quantization
schemes may comprise a mid-tread and/or a mid-rise quan-
tization scheme.

[0022] The transceiver unit may comprise antenna and
transceiver circuitry configured to establish a wireless com-
munication link to/from another device, e.g. another hearing
device, to allow the exchange of quantized electric input
signals and information of the specific quantization scheme
with the other device via the wireless communication link.
[0023] The hearing device may comprise first and second
input transducers for converting respective first and second
input sound signals from said sound field around the user to

Apr. 5, 2018

first and second digitized electric input signals, respectively.
The hearing device may be configured to quantize at least
one of the first and second digitized electric input signals to
at least one quantized electric signal and to transmit the
quantized electric signal to another device, e.g. another
hearing device, via the communication link (possibly via a
third intermediate (auxiliary device, e.g. a smartphone or the
like). The hearing device may be configured to quantize the
first and second digitized electric input signals to first and
second quantized electric signals and to transmit the quan-
tized electric signals to another device, e.g. another hearing
device, via the communication link (possibly via a third
intermediate (auxiliary device).

[0024] Inan embodiment, the hearing device is adapted to
provide a frequency dependent gain and/or a level dependent
compression and/or a transposition (with or without fre-
quency compression) of one or frequency ranges to one or
more other frequency ranges, e.g. to compensate for a
hearing impairment of a user. In an embodiment, the hearing
device comprises a signal processing unit for enhancing the
input signals and providing a processed output signal.
[0025] Inanembodiment, the hearing device comprises an
output unit for providing a stimulus perceived by the user as
an acoustic signal based on a processed electric signal. In an
embodiment, the output unit comprises a number of elec-
trodes of a cochlear implant or a vibrator of a bone con-
ducting hearing device. In an embodiment, the output unit
comprises an output transducer. In an embodiment, the
output transducer comprises a receiver (loudspeaker) for
providing the stimulus as an acoustic signal to the user. In an
embodiment, the output transducer comprises a vibrator for
providing the stimulus as mechanical vibration of a skull
bone to the user (e.g. in a bone-attached or bone-anchored
hearing device).

[0026] Inanembodiment, the hearing device comprises an
input unit for providing an electric input signal representing
sound. In an embodiment, the input unit comprises an input
transducer, e.g. a microphone, for converting an input sound
to an electric input signal. In an embodiment, the input unit
comprises a wireless receiver for receiving a wireless signal
comprising sound and for providing an electric input signal
representing said sound.

[0027] The hearing device comprises a beamformer filter-
ing unit (e.g. a directional microphone system) adapted to
spatially filter sounds from the environment, and thereby
enhance a target acoustic source among a multitude of
acoustic sources in the local environment of the user wear-
ing the hearing device. In an embodiment, the directional
system is adapted to detect (such as adaptively detect) from
which direction a particular part of the microphone signal
originates (e.g. identify a direction of arrival, DoA). This can
be achieved in various different ways as e.g. described in the
prior art.

[0028] Inanembodiment, the hearing device comprises an
antenna and transceiver circuitry for wirelessly receiving a
direct electric input signal from another device, e.g. a
communication device or another hearing device. In an
embodiment, the hearing device comprises a (possibly stan-
dardized) electric interface (e.g. in the form of a connector)
for receiving a wired direct electric input signal from
another device, e.g. a communication device or another
hearing device. In an embodiment, the direct electric input
signal represents or comprises an audio signal and/or a
control signal and/or an information signal. In an embodi-
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ment, the hearing device comprises demodulation circuitry
for demodulating the received direct electric input to provide
the direct electric input signal representing an audio signal
and/or a control signal e.g. for setting an operational param-
eter (e.g. volume) and/or a processing parameter of the
hearing device. In general, a wireless link established by a
transmitter and antenna and transceiver circuitry of the
hearing device can be of any type. In an embodiment, the
wireless link is used under power constraints, e.g. in that the
hearing device comprises a portable (typically battery
driven) device. In an embodiment, the wireless link is a link
based on near-field communication, e.g. an inductive link
based on an inductive coupling between antenna coils of
transmitter and receiver parts. In another embodiment, the
wireless link is based on far-field, electromagnetic radiation.
In an embodiment, the communication via the wireless link
is arranged according to a specific modulation scheme, e.g.
an analogue modulation scheme, such as FM (frequency
modulation) or AM (amplitude modulation) or PM (phase
modulation), or a digital modulation scheme, such as ASK
(amplitude shift keying), e.g. On-Off keying, FSK (fre-
quency shift keying), PSK (phase shift keying), e.g. MSK
(minimum shift keying), or QAM (quadrature amplitude
modulation).

[0029] In an embodiment, the communication between the
hearing device and the other device is in the base band
(audio frequency range, e.g. between 0 and 20 kHz). Pref-
erably, communication between the hearing device and the
other device is based on some sort of modulation at fre-
quencies above 100 kHz. Preferably, frequencies used to
establish a communication link between the hearing device
and the other device is below 50 GHz, e.g. located in a range
from 50 MHz to 50 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, Scientific and Medical, such stan-
dardized 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 embodiment, the wireless link is based on
Bluetooth technology (e.g. Bluetooth Low-Energy technol-
ogy).

[0030] In an embodiment, the hearing device is portable
device, e.g. a device comprising a local energy source, e.g.
a battery, e.g. a rechargeable battery.

[0031] In an embodiment, the hearing device comprises a
forward or signal path between an input transducer (micro-
phone system and/or direct electric input (e.g. a wireless
receiver)) and an output 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 hearing device comprises an
analysis path comprising functional components for analyz-
ing the input signal (e.g. determining 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 embodiment, some or all signal processing of
the analysis path and/or the signal path is conducted in the
time domain.

[0032] In an embodiment, an analogue electric signal
representing an acoustic signal is converted to a digital audio
signal in an analogue-to-digital (AD) conversion process,
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where the analogue signal is sampled with a predefined
sampling frequency or rate f, f, being e.g. in the range from
8 kHz to 48 kHz (adapted to the particular needs of the
application) to provide digital samples x, (or x[n]) at dis-
crete points in time t,, (or n), each audio sample representing
the value of the acoustic signal at t,, by a predefined number
N, of bits, N, being e.g. in the range from 1 to 16 bits, or 1
to 48 bits, e.g. 24 bits. A digital sample x has a length in time
of 1/f, e.g. 50 ps, for £=20 kHz. In an embodiment, a
number of audio samples are arranged in a time frame. In an
embodiment, a time frame comprises 64 or 128 audio data
samples. Other frame lengths may be used depending on the
practical application.

[0033] Inanembodiment, the hearing 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 hearing 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.

[0034] In an embodiment, the hearing device, e.g. the
microphone unit, and or the transceiver unit comprise(s) a
TF-conversion unit for providing a time-frequency repre-
sentation of an input signal. In an embodiment, the time-
frequency representation comprises an array or map of
corresponding 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 embodi-
ment, the TF conversion unit comprises a Fourier transfor-
mation unit for converting a time variant input signal to a
(time variant) signal in the frequency domain. In an embodi-
ment, the frequency range considered by the hearing device
from a minimum frequency f,,, to a maximum frequency
£, 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 embodiment, a signal of the forward
and/or analysis path of the hearing 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. In an embodiment, the
hearing device is/are adapted to process a signal of the
forward and/or analysis path in a number NP of different
frequency channels (NP<NI). The frequency channels may
be uniform or non-uniform in width (e.g. increasing in width
with frequency), overlapping or non-overlapping.

[0035] In an embodiment, the hearing device comprises a
number of detectors configured to provide status signals
relating to a current physical environment of the hearing
device (e.g. the current acoustic environment), and/or to a
current state of the user wearing the hearing device, and/or
to a current state or mode of operation of the hearing device.
Alternatively or additionally, one or more detectors may
form part of an external device in communication (e.g.
wirelessly) with the hearing device. An external device may
e.g. comprise another hearing assistance device, a remote
control, and audio delivery device, a telephone (e.g. a
Smartphone), an external sensor, etc.

[0036] In an embodiment, one or more of the number of
detectors operate(s) on the full band signal (time domain). In
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an embodiment, one or more of the number of detectors
operate(s) on band split signals ((time-) frequency domain).
[0037] In an embodiment, the number of detectors com-
prises a level detector for estimating a current level of a
signal of the forward path. In an embodiment, the predefined
criterion comprises whether the current level of a signal of
the forward path is above or below a given (L-)threshold
value.

[0038] In a particular embodiment, the hearing device
comprises a voice detector (VD) for determining whether or
not an input signal comprises a voice signal (at a given point
in time). A voice signal 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 system (e.g. singing). In an embodiment, the voice
detector unit is adapted to classify a current acoustic envi-
ronment of the user as a VOICE or NO-VOICE environ-
ment. This has the advantage that time segments of the
electric microphone signal comprising human utterances
(e.g. speech) in the user’s environment can be identified, and
thus separated from time segments only comprising other
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.

[0039] Inan embodiment, the hearing device comprises an
own voice detector for detecting whether a given input
sound (e.g. a voice) originates from the voice of the user of
the system. In an embodiment, the microphone system of the
hearing device is adapted to be able to differentiate between
a user’s own voice and another person’s voice and possibly
from NON-voice sounds.

[0040] In an embodiment, the hearing assistance device
comprises a classification unit configured to classify the
current situation based on input signals from (at least some
of) the detectors, and possibly other inputs as well. In the
present context ‘a current situation’ is taken to be defined by
one or more of

[0041] a) the physical environment (e.g. including the
current electromagnetic environment, e.g. the occurrence of
electromagnetic signals (e.g. comprising audio and/or con-
trol signals) intended or not intended for reception by the
hearing device, or other properties of the current environ-
ment than acoustic;

[0042] b) the current acoustic situation (input level, feed-
back, etc.), and

[0043] c) the current mode or state of the user (movement,
temperature, etc.);

[0044] d) the current mode or state of the hearing assis-
tance device (program selected, time elapsed since last user
interaction, etc.) and/or of another device in communication
with the hearing device.

[0045] In an embodiment, the hearing device further com-
prises other relevant functionality for the application in
question, e.g. compression, feedback cancellation, noise
reduction, etc.

[0046] In an embodiment, the hearing device comprises a
listening device, e.g. a hearing aid, e.g. a hearing instrument,
e.g. a hearing instrument adapted for being located at the ear
or fully or partially in the ear canal of a user, e.g. a headset,
an earphone, an ear protection device or a combination
thereof. In an embodiment, the hearing device is or com-
prises a hearing aid.
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Use:

[0047] In an aspect, use of a hearing device as described
above, in the ‘detailed description of embodiments’ and in
the claims, is moreover provided. In an embodiment, use is
provided in a system comprising audio distribution, e.g. a
system comprising a microphone and a loudspeaker. In an
embodiment, use is provided in a system comprising one or
more hearing instruments, headsets, ear phones, active ear
protection systems, etc., e.g. in handsfree telephone systems,
teleconferencing systems, public address systems, karaoke
systems, classroom amplification systems, etc.

A Hearing System:

[0048] In a further aspect, a hearing system comprising a
hearing device as described above, in the ‘detailed descrip-
tion of embodiments’, and in the claims, AND an auxiliary
device is moreover provided.

[0049] In an embodiment, the system is adapted to estab-
lish a communication link between the hearing device and
the auxiliary device to provide that information (e.g. control
and status signals, possibly audio signals) can be exchanged
or forwarded from one to the other.

[0050] In an embodiment, the auxiliary device is or com-
prises an audio gateway device adapted for receiving a
multitude of audio signals (e.g. from an entertainment
device, e.g. a TV or a music player, a telephone 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 combination of signals) for
transmission to the hearing device. In an embodiment, the
auxiliary device is or comprises a remote control for con-
trolling functionality and operation of the hearing device(s).
In an embodiment, the function of a remote control is
implemented in a SmartPhone, the SmartPhone possibly
running an APP allowing to control the functionality of the
audio processing device via the SmartPhone (the hearing
device(s) comprising an appropriate wireless interface to the
SmartPhone, e.g. based on Bluetooth or some other stan-
dardized or proprietary scheme).

[0051] In an embodiment, the auxiliary device is another
hearing device. In an embodiment, the hearing system
comprises two hearing devices adapted to implement a
binaural hearing system, e.g. a binaural hearing aid system.

[0052]

[0053] In the present context, a ‘hearing device’ refers to
a device, such as e.g. a hearing instrument or an active
ear-protection device or other audio processing 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, generating 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 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 audio 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 vibrations to
the user’s inner ears through the bone structure of the user’s
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head and/or through parts of the middle ear as well as
electric signals transferred directly or indirectly to the
cochlear nerve of the user.

[0054] The hearing device may be configured to be worn
in any known way, e.g. as a unit arranged behind the ear with
a tube leading radiated acoustic signals 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 device may comprise a single unit or several units
communicating electronically with each other.

[0055] More generally, a hearing device comprises an
input transducer for receiving an acoustic signal from a
user’s surroundings and providing a corresponding input
audio signal and/or a receiver for electronically (i.e. wired or
wirelessly) receiving an input audio signal, a (typically
configurable) 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 devices, an amplifier may
constitute the signal processing circuit. The signal process-
ing circuit typically comprises one or more (integrated or
separate) memory elements for executing programs and/or
for storing parameters used (or potentially used) in the
processing and/or for storing information relevant for the
function of the hearing device and/or for storing information
(e.g. processed information, e.g. provided by the signal
processing circuit), e.g. for use in connection with an
interface to a user and/or an interface to a programming
device. In some hearing devices, the output means may
comprise 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 signal.
In some hearing devices, the output means may comprise
one or more output electrodes for providing electric signals.
[0056] In some hearing devices, the vibrator may be
adapted to provide a structure-borne acoustic signal trans-
cutaneously or percutaneously to the skull bone. In some
hearing devices, the vibrator may be implanted in the middle
ear and/or in the inner ear. In some hearing devices, the
vibrator may be adapted to provide a structure-borne acous-
tic signal to a middle-ear bone and/or to the cochlea. In some
hearing 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 devices, the
output electrodes may be implanted 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 brainstem, to the auditory
midbrain, to the auditory cortex and/or to other parts of the
cerebral cortex.

[0057] A ‘hearing system’ refers to a system comprising
one or two hearing devices, and a ‘binaural hearing system’
refers to a system comprising two hearing devices and being
adapted to cooperatively provide audible signals to both of
the user’s ears. Hearing systems or binaural hearing systems
may further comprise one or more ‘auxiliary devices’, which
communicate with the hearing device(s) and affect and/or
benefit from the function of the hearing device(s). Auxiliary
devices may be e.g. remote controls, audio gateway devices,
mobile phones (e.g. SmartPhones), public-address systems,
car audio systems or music players. Hearing devices, hear-
ing systems or binaural hearing systems may e.g. be used for
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compensating for a hearing-impaired person’s loss of hear-
ing capability, augmenting or protecting a normal-hearing
person’s hearing capability and/or conveying electronic
audio signals to a person.

[0058] Embodiments of the disclosure may e.g. be useful
in applications such as hearing aids and other portable
electronic devices with limited power capacity.

BRIEF DESCRIPTION OF DRAWINGS

[0059] The aspects of the disclosure may be best under-
stood from the following detailed description taken in con-
junction with the accompanying figures. The figures are
schematic and simplified for clarity, and they just show
details to improve the understanding of the claims, while
other details are left out. Throughout, the same reference
numerals are used for identical or corresponding parts. The
individual features of each aspect may each be combined
with any or all features of the other aspects. These and other
aspects, features and/or technical effect will be apparent
from and elucidated with reference to the illustrations
described hereinafter in which:

[0060] FIG. 1A schematically shows a time variant ana-
logue signal (Amplitude vs time) and its digitization in
samples, the samples being arranged in a number of time
frames, each comprising a number N, of samples,

[0061] FIG. 1B illustrates a time-frequency map represen-
tation of the time variant electric signal of FIG. 1A,

[0062] FIG. 1C schematically illustrates an exemplary
digitization of an analogue signal to provide a digitized
signal, thereby introducing a quantization error (resulting in
quantization noise), and

[0063] FIG. 1D schematically illustrates exemplary fur-
ther quantization of an already digitized signal introducing
further (typically larger) quantization errors,

[0064] FIGS. 2A and 2B schematically illustrate a geo-
metrical arrangement of a sound source relative to first and
second embodiments of a binaural hearing aid system com-
prising first and second hearing devices when located at or
in first (left) and second (right) ears, respectively, of a user,

[0065] FIG. 3 shows an embodiment of a binaural hearing
aid system according to the present disclosure, and

[0066] FIG. 4A shows a simplified block diagram of a
hearing aid according to an embodiment of the present
disclosure, and

[0067] FIG. 4B illustrates the audio signal inputs and
output of an exemplary beamformer filtering unit forming
part of the signal processor of FIG. 4A.

[0068] The figures are schematic and simplified for clarity,
and they just show details which are essential to the under-
standing of the disclosure, while other details are left out.
Throughout, the same reference signs are used for identical
or corresponding parts.

[0069] Further scope of applicability of the present dis-
closure will become apparent from the detailed description
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 appar-
ent to those skilled in the art from the following detailed
description.
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DETAILED DESCRIPTION OF EMBODIMENTS

[0070] The detailed description set forth below in connec-
tion with the appended drawings is intended as a description
of various configurations. The detailed description includes
specific details for the purpose of providing a thorough
understanding of various concepts. However, it will be
apparent to those skilled in the art that these concepts may
be practised without these specific details. Several aspects of
the apparatus and methods are described by various blocks,
functional units, modules, components, circuits, steps, pro-
cesses, algorithms, etc. (collectively referred to as “ele-
ments”). Depending upon particular application, design con-
straints or other reasons, these elements may be
implemented using electronic hardware, computer program,
or any combination thereof.

[0071] The electronic hardware may include microproces-
sors, microcontrollers, digital signal processors (DSPs), field
programmable gate arrays (FPGAs), programmable logic
devices (PLDs), gated logic, discrete hardware circuits, and
other suitable hardware configured to perform the various
functionality described throughout this disclosure. Com-
puter program shall be construed broadly to mean instruc-
tions, instruction sets, code, code segments, program code,
programs, subprograms, software modules, applications,
software applications, software packages, routines, subrou-
tines, objects, executables, threads of execution, procedures,
functions, etc., whether referred to as software, firmware,
middleware, microcode, hardware description language, or
otherwise.

[0072] The present application relates to the field of hear-
ing devices, e.g. hearing aids.

[0073] The present application deals with the impact of
quantization as a data compression scheme on the perfor-
mance of multi-microphone noise reduction algorithms, e.g.
beamformers, such as binaural beamformers. The term
‘beamforming’ is used in the present disclosure to indicate
a spatial filtering of at least two sound signals to provide a
beamformed signal. The term ‘binaural beamforming’ is in
the present disclosure taken to mean beamforming based on
sound signals received by at least one input transducer
located at a left ear as well as at least one input transducer
located at a right ear of the user. In the example below, a
binaural minimum variance distortionless response (BM-
VDR) beamformer is used as an illustration. Alternatively
other beamformers could be used. The minimum variance
distortionless response (MVDR) beamformer is an example
of a linearly constrained minimum variance (LCMV) beam-
former. Other beamformers from this group than the MVDR
beamformer may be used. Other binaural beamformers than
a binaural LCMV beamformer may be used, e.g. based on a
multi-channel Wiener filter (BMWF) beamformer. In an
embodiment, a quantization-aware beamforming scheme,
which uses a modified cross power spectral density (CPSD)
of the system noise including the quantization noise (QN),
is proposed.

[0074] Hearing aid devices are designed to help hearing-
impaired people to compensate their hearing loss. Among
other things, they aim to improve the intelligibility of
speech, captured by one or multiple microphones in the
presence of environmental noise. A binaural hearing aid
system consists of two hearing aids that potentially collabo-
rate through a wireless link. Using collaborating hearing
aids can help to preserve the spatial binaural cues, which
may be distorted using traditional methods, and may
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increase the amount of noise suppression. This can be
achieved by means of multi-microphone noise reduction
algorithms, which generally lead to better speech intelligi-
bility than the single-channel approaches. An example of a
binaural multi-microphone noise reduction algorithm is the
binaural minimum variance distortionless response (BM-
VDR) beamformer) (cf. e.g. [Haykin & Liu, 2010]), which
is a special case of binaural linearly constrained minimum
variance (BLCMV)-based methods. The BMVDR consists
of two separate MVDR beamformers which try to estimate
distortionless versions of the desired speech signal at both
left-sided and right-sided hearing aids while suppressing the
environmental noise and maintaining the spatial cues of the
target signal.

[0075] Using binaural algorithms requires that the signals
recorded at one hearing aid are transmitted to the contral-
ateral hearing aid through a wireless link. Due to the limited
transmission capacity, it is necessary to apply data compres-
sion to the signals to be transmitted. This implies that
additional noise due to data compression (quantization) is
added to the microphone signals before transmission. Typi-
cally, binaural beamformers do not take this additional
compression noise into account. In [Srinivasan et al., 2008],
one binaural noise reduction scheme based on the general-
ized sidelobe canceller (GSC) beamformer under quantiza-
tion errors was proposed. However, the quantization scheme
used in [Srinivasan et al., 2008] assumes that the acoustic
scene consists of stationary point sources, which is not
realistic in practice. The target signal typically is a non-
stationary speech source. Moreover, the far field scenario
assumed in [Srinivasan et al., 2008] cannot support the real
and practical analysis of the beamforming performance.
[0076] The present disclosure deals with the impact of
quantization as a data compression approach on the perfor-
mance of binaural beamforming. A BMVDR beamformer is
used as an illustration, but the findings can easily be applied
to other binaural algorithms. Optimal beamformers rely on
the statistics of all noise sources (e.g. based on estimation of
noise covariance matrices), including the quantization noise
(QN). Fortunately, the QN statistics are readily available at
the transmitting hearing aids (prior knowledge). We propose
a binaural scheme based on a modified noise cross-power
spectral density (CPSD) matrix including the QN in order to
take into account the QN. To do so, in embodiments of the
disclosure, we introduce two assumptions:

[0077] 1) the QN is uncorrelated across microphones, and
[0078] 2) the QN and the environmental noise are uncor-
related.

[0079] The validity of these assumptions depends on the

used bit-rate as well as the exact scenario. Under low bit-rate
conditions, it can be shown that using subtractive dithering
the two assumptions always hold. Without dithering, the
assumptions hold approximately for higher bitrates. How-
ever, for many practical scenarios the loss in performance
due to not strict validity of these assumptions is negligible.
[0080] FIG. 1A schematically shows a time variant ana-
logue signal (Amplitude vs time) and its digitization in
samples, the samples being arranged in a number of time
frames, each comprising a number N, of digital samples.
FIG. 1A shows an analogue electric signal (solid graph), e.g.
representing an acoustic input signal, e.g. from a micro-
phone, which is converted to a digital audio signal in an
analogue-to-digital (AD) conversion process, where the
analogue signal is sampled with a predefined sampling
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frequency or rate f, f, being e.g. in the range from 8 kHz to
40 kHz (adapted to the particular needs of the application)
to provide digital samples y(n) at discrete points in time n,
as indicated by the vertical lines extending from the time
axis with solid dots at its endpoint coinciding with the graph,
and representing its digital sample value at the correspond-
ing distinct point in time n. Each (audio) sample y(n)
represents the value of the acoustic signal at n (or t,)
expressed by a predefined number N, of bits, N, being e.g.
in the range from 1 to 48 bit, e.g. 24 bits. Each audio sample
is hence quantized using N, bits (resulting in 2™ different
possible values of the audio sample).

[0081] The number of quantization bits N, used may differ
depending on the application, e.g. within the same device. In
a hearing device, e.g. a hearing aid, configured to establish
a wireless communication link to another device (e.g. a
contralateral hearing aid), the number of bits N', used in the
quantization of the signal to be transmitted may be smaller
than the number of bits N, (N',<N,) used in the normal
processing of signals in a forward path of the hearing aid (to
reduce the required bandwidth of the wireless communica-
tion link). The reduced number of bits N', may be a result of
a digital compression of a signal quantized with a larger
number of bits (N,) or a direct analogue to digital conversion
using N', bits in the quantization.

[0082] In an analogue to digital (AD) process, a digital
sample y(n) has a length in time of 1/f, e.g. 50 ps, for £=20
kHz. A number of (audio) samples N, are e.g. arranged in a
time frame, as schematically illustrated in the lower part of
FIG. 1A, where the individual (here uniformly spaced)
samples are grouped in time frames (1, 2, . . ., N,)). As also
illustrated in the lower part of FIG. 1A, the time frames may
be arranged consecutively to be non-overlapping (time
frames 1,2, ..., m, ..., M) or overlapping (here 50%, time
frames 1,2,...,m, ..., M), where m is time frame index.
In an embodiment, a time frame comprises 64 audio data
samples. Other frame lengths may be used depending on the
practical application.

[0083] FIG. 1B schematically illustrates a time-frequency
representation of the (digitized) time variant electric signal
y(n) of FIG. 1A. The time-frequency representation com-
prises an array or map of corresponding complex or real
values of the signal in a particular time and frequency range.
The time-frequency representation may e.g. be a result of a
Fourier transformation converting the time variant input
signal y(n) to a (time variant) signal Y(k,m) in the time-
frequency domain. In an embodiment, the Fourier transfor-
mation comprises a discrete Fourier transform algorithm
(DFT). The frequency range considered by a typical hearing
aid (e.g. a hearing aid) from a minimum frequency f,,, to a
maximum frequency f,, 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 FIG. 1B, the
time-frequency representation Y(k,m) of signal y(n) com-
prises complex values (comprising magnitude and/or phase)
of the signal in a number of DFT-bins (or tiles) defined by
indices (k,m), where k=1, . . ., K represents a number K of
frequency values (cf. vertical k-axis in FIG. 1B) and m=1,
..., M (M) represents a number M (M") of time frames (cf.
horizontal m-axis in FIG. 1B). A time frame is defined by a
specific time index m and the corresponding K DFT-bins (cf.
indication of Time frame m in FIG. 1B). A time frame m
represents a frequency spectrum of signal y at time m. A
DFT-bin or tile (k,m) comprising a (real) or complex value
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Y(k,m) of the signal in question is illustrated in FIG. 1B by
hatching of the corresponding field in the time-frequency
map. Each value of the frequency index k corresponds to a
frequency range Af,, as indicated in FIG. 1B by the vertical
frequency axis f. Each value of the time index m represents
a time frame. The time At,, spanned by consecutive time
indices depend on the length of a time frame (e.g. 25 ms) and
the degree of overlap between neighbouring time frames (cf.
FIG. 1A and horizontal t-axis in FIG. 1B).

[0084] In the present application, a number Q of (poten-
tially non-uniform, e.g. logarithmic) frequency sub-bands
with sub-band indices q=1, 2, . . . , J are defined, each
sub-band comprising one or more DFT-bins (cf. vertical
Sub-band g-axis in FIG. 1 B). The g™ sub-band (indicated by
Sub-band q (Y, (m)) in the right part of FIG. 1B) comprises
DFT-bins (or tiles) with lower and upper indices k1(q) and
k2(q), respectively, defining lower and upper cut-off fre-
quencies of the g sub-band, respectively. A specific time-
frequency unit (q,m) is defined by a specific time index m
and the DFT-bin indices k1(q)-k2(q), as indicated in FIG.
1B by the bold framing around the corresponding DFT-bins
(or tiles). A specific time-frequency unit (q,m) contains
complex or real values of the g sub-band signal Y, (m) at
time m. In an embodiment, the frequency sub-bands are
third octave bands. w, denote a center frequency of the q”
frequency band.

[0085] FIG. 1C schematically illustrates an exemplary
digitization of a time variant analogue electric input signal
y(t) to provide a digitized electric input signal y(n), thereby
introducing a quantization error (resulting in quantization
noise). The electric input signal is normalized to a value
between 0 and 1 (Normalized amplitude) and is shown
versus time (t or n). The quantization error may e.g. be
indicated as the difference between the analogue electric
input signal y(t) (bold line curve) and the digitized electric
input signal y(n) (dotted step wise linear curve), y(t)-y(n).
As is intuitively clear from FIG. 1C, the quantization error
decreases with increasing number of quantization bits N',. In
an embodiment, the number of quantization bits N', is equal
to three (resulting in 2°=8 steps), or more, e.g. equal to eight
(resulting in 2°=256 steps), or more.

[0086] In an embodiment, the output of an analogue to
digital converter, e.g. digitized with a sampling frequency of
20 kHz and a number of quantization bits N,=24 is quan-
tized to N,=8 to reduce the necessary bandwidth of a
wireless link for transmitting a signal of the forward path
(e.g. an electric input signal from a microphone) to another
device, e.g. to another hearing aid (cf. e.g. FIG. 4A). In an
embodiment, the signal of the forward path may be down-
sampled to further reduce the need for link bandwidth.
[0087] FIG. 1D schematically shows an example of a
quantization of an already digitized signal. FIG. 1D sche-
matically shows an amplitude versus time plot of an ana-
logue signal y(t) (solid line), e.g. representing the electric
input to an A/D converter (e.g. a microphone signal). The
digitized signal y(n), n being a time index, provided by an
A/D converter is shown as dotted line bars with small solid
dots marking the value of the amplitude at a particular time
index. The digitized signal after A/D-conversion is assumed
to be quantized with N,=5 bits (2°=32 levels, far below
typically used values, but chosen for illustrative purposes),
cf. rightmost vertical axis of the ‘Normalized amplitude’
denoted ‘N,=5". An exemplary quantization of the digitized
signal from the A/D converter is schematically illustrated by






