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DESCRIPTION

TECHNICAL FIELD

[0001] The present application relates to hearing assistance device comprising a noise
reduction system and in particular to hearing assistance system for calibrating a noise
reduction system of a hearing assistance device.

[0002] Embodiments of the disclosure may e.g. be useful in applications such as hearing
assistance devices, e.g. hearing aids, headsets, ear phones, active ear protection systems,
etc.

BACKGROUND

[0003] The following account of the prior art relates to one of the areas of application of the
present application, hearing aids.

[0004] Noise reduction systems in hearing aids traditionally consist of two signal processing
components:

1.1i) a spatial noise reduction component (beamformer) which tries to emphasize signals
originating from a specific direction, typically the front direction, assuming the hearing aid
user "chooses with the nose", and

2.ii) a single-channel noise reduction system which often operates on the output of the
directional noise reduction system, attempting to suppress the noise remaining in the
signal.

[0005] The spatial noise reduction system often makes use of several fixed (=predetermined)
beamformers. By using fixed beamformer building blocks in a time-varying manner, the actual
beamformer system may still be time-varying / adaptive. The fixed beamformers are typically
implemented by forming linear combinations of the input (microphone) signals. The problem to
be solved in the present disclosure is essentially how to determine the coefficients of these
linear combinations, i.e., the fixed beamformer weights, in a manner, which is optimized to the
physical characteristics of the hearing aid user.

[0006] The fixed (or predetermined) beamformer weights may be determined off-line so that
they realize certain prescribed spatial filtering characteristics. For example, in a minimum
variance distortion-less response (MVDR) beamformer, it is desirable to implement a beam
pattern, which has a gain of 0 dB in a certain direction, e.g., the frontal. In other cases, it is of
interest to implement a target-cancelling beamformer, i.e., a beamformer which has a spatial
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null in the direction of the target, see e.g. [Kiems&Jensen; 2012] for an example.

[0007] Truly optimal beamformer weights are a function of several factors, including the
physical characteristics of the user such as head shape and size, location and size of the
pinnae, haircut, but also microphone locations, hearing aid shells, etc. In practice (so far), the
fixed beamformer weights have been estimated, e.g. using a head-and-torso simulator (e.g.
Head and Torso Simulator (HATS) 4128C from Briiel & Kjeer Sound & Vibration Measurement
A/S) by the hearing aid manufacturer and stored in a hearing aid memory. In this sense, the
fixed beamformer weights are tailored to the HATS-model, i.e., exhibiting some sort of average
human physical characteristics.

[0008] The problem is that fixed beamformers implemented like this are close-to-optimal for a
HAT S-model, but not for a specific hearing aid user. The present disclosure proposes a way for
finding the optimal beamformer weights based on the physical appearance of the individual
hearing aid user.

[0009] US7995771B1 deals with a system and method for generating a beamforming signal. A
beam forming signal is generated by disposing a first microphone and a second microphone in
horizontal coplanar alignment. The first and second microphones are used to detect a known
signal to generate a first response and a second response. The first response is processed
along a first signal path communicatively linked to the first microphone, and the second
response is processed along a second signal path communicatively linked to the second
microphone. The first and second responses are matched, and the matched responses are
combined to generate the beamforming signal on a combined signal path. US7995771B1
discloses a method of matching two microphones and providing a beamformed signal based
thereon.

[0010] US2013094664A1 aims at providing a method and device which in particular make it
possible to compensate for phase disturbances (e.g. due to reflections (reverberation)).

[0011] VAN VEEN B D ET AL: "Beamforming: a versatile approach to spatial filtering", |IEEE
ASSP MAGAZINE, IEEE, US, vol. 5, no. 2, 1 April 1988 (1988-04-01), pages 4-24,
XP011437205, ISSN: 0740-7467, DOI: 10.1109/53.665 provides an overview of beamforming
from a signal processing perspective with an emphasis on recent research.

SUMMARY

[0012] An object of the present application is adapt a noise reduction system of a hearing
assistance device to a particular user. A further object of embodiments of the application is to
facilitate an adaptation to be made by the manufacturer, at a dispenser, or by a user him- or
herself.

[0013] Objects of the application are achieved by the invention described in the accompanying
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claims and as described in the following.

A hearing assistance system:

[0014] In an aspect of the present application, an object of the application is achieved by a
hearing assistance system comprising a hearing assistance device and an auxiliary device as
defined in claim 1.

[0015] An advantage of the present disclosure is that a calibration of the multi-microphone
system is facilitated.

[0016] In an example useful for understanding the present invention, calibration is made on a
number of different 'typical' persons physical or artificial (e.g. models, dolls, e.g. a standard
model, e.g. HATS), e.g. representing a typical child, a typical female, and a typical male
person, and/or for a number of (typical) head sizes and/ or forms and/or hair styles, and/or ear
positions/sizes, and/or ages. Further, more variable parameters can be taken into account,
such as position of the hearing assistance device(s) on the head, clothing, e.g. a scarf, a hat,
etc. The resulting settings are then e.g. made available in a fitting software, for a dispenser (or
user) to chose among and apply to the hearing assistance device in question. During
calibration the hearing assistance device comprising the noise reduction system is mounted on
the person in question (e.g. on such 'typical persons'). In an embodiment, the person is the
'‘end-user’ of the hearing assistance device.

[0017] In the present context, the term 'beamforming’ (‘beamformer’) is taken to mean to
(provide) a 'spatial filtering' of a number of inputs sensor signals with the aim of attenuating
signal components from certain angles relative to signal components from other angles in a
resulting beamformed signal. 'Beamforming' is taken to include the formation of linear
combinations of a number of sensor input signals (e.g. microphone signals), e.g. on a time-
frequency unit basis, e.g. in a predefined or dynamic/adaptive procedure.

[0018] In an embodiment, the system is adapted to establish a communication link between
the hearing assistance device and the auxiliary device to provide that information (e.g. control
and status signals, e.g. related to the calibration procedure, possibly audio signals) can be
exchanged or forwarded from one to the other.

[0019] The look vector d(k,m) is an M-dimensional vector comprising elements (i=1, 2, ..., M),

the ith element di(k,m) defining the relative acoustic transfer function from the it" input unit to a
reference input unit. The vector element di(k,m) is typically a complex number for a specific
frequency (k) and time unit (m). The look vector d(k,m) may be estimated from the inter input
unit covariance matrix Rss(k,m) based on the signals s;(km), i=1, 2, ..., M measured at the

respective input units when the calibration signal is played by the output transducer of the
auxiliary device.
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[0020] In an embodiment, the auxiliary device comprises the user interface for activating the
calibration mode. In an embodiment, the user interface for activating a calibration mode is
distributed between the hearing assistance device and the auxiliary device. In an embodiment,
the calibration mode is activated in the hearing assistance device via an activation element in
or on the hearing assistance device. In an embodiment, the calibration mode is activated in the
auxiliary device via an activation element in or on the auxiliary device.

[0021] In an embodiment, the hearing assistance device and said auxiliary device are adapted
to establish a wireless link between them. In an embodiment, the hearing assistance device
comprises a wireless receiver for receiving data from the auxiliary device. In an embodiment,
the auxiliary device comprises a wireless transmitter for transmitting data to the hearing
assistance device. In an embodiment, audio processing system is configured to allow control
signals for activating the calibration mode in the hearing assistance device to be transmitted
from the auxiliary device to the hearing assistance device via the wireless link.

[0022] In an embodiment, the hearing assistance system is adapted to communicate one or
more of the start time of the calibration signal, the chosen location of the auxiliary device
relative to the user, and characteristics of the calibration signal to the hearing assistance
device. Preferably, the calibration signal has a duration in time, a level and frequency content
allowing an acoustic transfer function at relevant frequencies (apart from a scaling factor) from
the auxiliary device to each of the input units to be determined. The acoustic transfer function
between the output transducer of the auxiliary device and a given input unit of the hearing
assistance device depends on the acoustic propagation path (including the distance and
acoustic propagation properties of the user's head and body). In an embodiment, the
calibration signal has a predefined duration in time, e.g. less than 2 s, e.g. < 1 s. In an
embodiment, the measurement of the propagated calibration signal is performed in the
duration time. In an embodiment, the calibration signal comprises a broadband signal
comprising all frequencies of interest, e.g. frequencies between a minimum and a maximum
frequency, e.g. a sub-range in the range between 20 Hz and 8 kHz. In an embodiment, the
calibration signal comprises a pulse or a train of pulses, e.g. a periodic train of pulses, e.g. with
a repetition frequency = 20 Hz. In an embodiment, the distance in time between successive
pulses is larger than the reverberation time of the location where the calibration is performed
(e.g. In an embodiment, the duration of the pulse is smaller than or equal to 2 ms, e.g. <1 ms.
In an embodiment, the calibration signal comprises a white noise signal of a predefined
duration, e.g. =1 s.

[0023] According to the invention, the hearing assistance system is configured to determine
filter weights for one or more fixed beamformers based on said estimate of a look vector
d(k,m). In an embodiment, a number of pre-determined sets of look vectors dpd, each set

encompassing look vectors estimated for different directions (8, ¢), and ranges (|r|), e.g. for
different persons U are stored in a memory of the hearing assistance device(s). In an
embodiment, a look vector for a location (8, ¢, |f)x (defined by vector rysc from the user, cf.

FIG. 3A) of a target sound source different from the calibrated (front) direction is estimated by
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comparing the calibrated front look vector d., determined for distance rcg (0=6font, $=Pfront)
with corresponding front look vectors stored in memory (dp(8=6font, $=0front, [ =rcai person).

If'when a close match is found for a front look vector for a given person-type, the look vector
corresponding to (8, ¢, |f)x of the relevant vector rysc as stored in the memory for the given

person-type is selected and used as an estimate of the true look vector in the current situation.

[0024] In an embodiment, the hearing assistance system is configured to determine filter
weights for one or more fixed beamformers based an assumption of the spatial noise
distribution. In an embodiment, the distribution of the noise is assumed to be spatially isotropic
(e.g. spherically or cylindrically isotropic). In an embodiment, the distribution of the noise is
assumed to originate exclusively from a predefined angle segment relative to (e.g. to the rear
of) the user.

[0025] In an embodiment, the fixed beamformers comprise:

« an enhanced omni beamformer for providing a beamformed signal Eqpmpitk,m) with a

gain of 0 dB when a signal is received from the target direction/location, and/or
e a target cancelling beamformer for providing a target-cancelling beamformed signal
Cr(k,m), which ideally rejects a signal played from the target direction/location. Other

fixed beamformers could be relevant, e.g. a front hyper-cardioid beamformer for
(maximally, assuming spatially isotropic noise) enhancing a signal received from the
target direction/location - relative to signals from other directions - more than the
enhanced omni beamformer. Alternatively, a fixed beamformer for maximum
suppression of signals from a rear-plane relative to the user could be of use, etc.

[0026] In an embodiment, the hearing assistance device further comprises a single channel
post-processing filter unit operationally coupled to said multi-channel beamformer filtering unit
and configured to provide an enhanced signal S(tk,m). In an embodiment, the multi-channel
variable beamformer filtering unit comprises an MVDR filter providing filter weights wpqgr(k,m),

said filter weights wmyqr(k,m) being based on a look vector d(k,m) and an inter-input unit
covariance matrix R,,(k,m) for the noise signal. MVDR is an abbreviation of Minimum Variance

Distortion-less Response, Distortion-less indicating that the target direction is left unaffected,;
Minimum Variance: indicating that signals from any other direction than the target direction is
maximally suppressed). 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 when the target signal is present or dominant 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 determined
from the beamformed signal and the target-cancelled signal.
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[0027] In an embodiment, the hearing assistance system comprises a control unit configured
to compare beamformer weights wg4(k,m) resulting from the calibration to a set of default

beamformer weights wpg(k,m) and to provide a difference measure.

[0028] In an embodiment, the hearing assistance system is adapted to provide that default
beamformer weights are used, if the difference measure is above a predefined threshold. In an
embodiment, the default beamformer weights wpg(k,m) (stored in a memory of the hearing

assistance device(s)) are used, if the difference measure indicative of a difference between
two sets of filter weights is above a predefined threshold (e.g. defined by a statistical distance
measure). In an embodiment, the hearing assistance system comprises a noise estimation unit
for estimating a current background noise in the calibration mode of operation of the system (in
particular during the calibration of the beamformer, i.e. when the calibration signal is played by
the auxiliary device). In an embodiment, the default beamformer weights are used, if the
ambient noise is above a predefined threshold level.

[0029] In an embodiment, the hearing assistance system is configured to provide that the
calibration signal is adapted to the current noise level and/or spectrum, by shaping the
calibration signal to ensure a predetermined (minimum) calibration signal to noise ratio (at
least over a predefined frequency range, such as all frequencies) and/or the duration in time of
the calibration signal. In an embodiment, the level and/or spectrum of the background noise is
monitored, e.g. by the auxiliary device, e.g. as a first action of the calibration procedure (before
the calibration signal is formed and played via the output transducer of the auxiliary device). In
an embodiment, the resulting look vector determined based on the received calibration signal
is accepted and stored in a memory of the hearing assistance device, if said level and/or
spectrum of the current background noise is within acceptable limits. In an embodiment, the
calibration sound is shaped (e.g. in level, frequency, and/or temporal characteristics, e.g.
duration) to take account of the current background noise (e.g. to provide a certain minimum
(calibration) signal to noise ratio at all or at relevant frequencies), and to estimate the
covariance matrix Rqg right after each impulse to reduce impact of reverberation, cf. FIG. 4.

Alternatively, the measurement is discarded (no look vector is stored), if the noise level is
above a predetermined threshold value (e.g. at predetermined frequencies).

[0030] In an embodiment, the fixed beamformer(s) is/are determined from the estimated look
vector

d(k,m)

and an estimate of the inter-input unit covariance matrix R, (k,m) of the noise v; impinging on
the respective input units (i=1, 2, ..., M). [Kjems&Jensen; 2012] describe various aspects of
noise covariance matrix estimation in a multi-microphone speech configuration.

[0031] In an embodiment, an estimate of the noise covariance matrix, termed ﬁvmdﬁuse(k,m),
is predetermined and stored in a memory of the hearing assistance device. The noise
covariance matrix reflects the known (or assumed) information regarding the spatial
distribution of the noise (spatial fingerprint of the noise). R‘vv,diffuse(k,m) is one such noise



DK/EP 3457717 T3

covariance matrix assuming a diffuse (spatially isotropic) noise. Other noise covariance
matrices may be used as the case may be, e.g. ﬁw,,ear(k,m) assuming noise only from the

rear of the user.

[0032] In an embodiment (where the target signal component and the noise signal component
are un-correlated), the inter-input unit covariance matrix Rss of the noisy signal s is a sum of

the inter-input unit covariance matrix Ry, of the target signal x and the inter-input unit

covariance matrix R,, of the noise signal.

[0033] In an embodiment, at least one of the M input units comprises a microphone. In an
embodiment, a majority, such as all, of the M input units comprises a microphone. In an
embodiment, M is equal to two. In an embodiment, M is larger than or equal to three. In an
embodiment, a first one of the M input units is located in an audio processing device (e.g. a
hearing assistance device). In an embodiment, at least one of the other M input units is located
a distance to the first input unit that is larger than a maximum outer dimension of the audio
processing device where the first input unit is located. In an embodiment, a first of the M input
unit is located in a first audio processing device and a second of the M input units is located in
another device, the audio processing device and the other device being configured to establish
a communication link between them.

[0034] In an embodiment, the inter-input unit covariance matrices are estimated by a
maximum likelihood based method (cf. e.g. [Kiems&Jensen; 2012]). In an embodiment, the
audio processing system is configured to make maximum likelihood estimates of the inter input
unit covariance matrix Rgs(k,m) of the noisy signal based on a number D of observations.

[0035] In an embodiment, the hearing assistance system comprises a voice activity detector
for estimating whether or not a target signal is present or dominating at a given point in time. In
an embodiment, the method comprises estimating whether or not a target signal is present or
dominating at a given point in time, e.g. using a voice activity detector. In an embodiment, the
spatial fingerprint of the noise signal, e.g. noise covariance matrices, is updated when it is
estimated that the target signal is absent. In an embodiment, the spatial fingerprint of the
target signal, e.g. look vectors, is updated when it is estimated that the target signal is present
or dominant. In an embodiment, the method comprises estimating whether or not a voice (e.g.
speech) is present or dominating at a given point in time.

[0036] In an embodiment, the auxiliary device comprises an audio gateway device, a mobile
telephone, or a computer. In an embodiment, the auxiliary device comprises or forms part of a
fitting system. In an embodiment, the auxiliary device comprises a portable communication
device, e.g. a SmartPhone or a tablet computer. In an embodiment, the auxiliary device
comprises a remote control device for the hearing assistance device.

[0037] In an embodiment, the hearing assistance system comprises a sensor for allowing a
user a) to locate the auxiliary device at a predetermined angle and/or height and/or distance
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relative to the user and/or b) to track the location of the auxiliary device relative to the user.
Deciding on the correct location of the external device may be done manually by the user or
automatically by the device, e.g. using gyroscopes, accelerometers, a camera with visual
feedback from the user (e.g. eye tracking), etc., in the device.

[0038] In an embodiment, the hearing assistance system is adapted to provide a frequency
dependent gain to compensate for a hearing loss of a user. In an embodiment, the hearing
assistance device comprises a signal processing unit for enhancing the input signals and
providing a processed output signal.

[0039] In an embodiment, the hearing assistance device 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.

[0040] In an embodiment, the hearing assistance device are portable device, e.g. a device
comprising a local energy source, e.g. a battery, e.g. a rechargeable battery.

[0041] In an embodiment, the hearing assistance device comprises a forward or signal path
between an input transducer (microphone 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 left
and right hearing assistance device comprises an analysis path comprising functional
components for analyzing 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.

[0042] In an embodiment, the hearing assistance device comprises 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 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.

[0043] In an embodiment, the hearing assistance device, e.g. the input unit, e.g. a microphone
unit, and or a transceiver unit, comprise(s) a TF-conversion unit for providing a time-frequency
representation 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
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embodiment, the TF conversion unit comprises a Fourier transformation unit for converting a
time variant input signal to a (time variant) signal in the frequency domain. In an embodiment,
the frequency range considered by the hearing assistance device from a minimum frequency
fmin to @ maximum frequency f,5x 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 assistance device is split into a
number N/ of frequency bands, where Nl 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.

[0044] In an embodiment, the hearing assistance device comprises a level detector (LD) for
determining 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 acoustic
environment is e.g. a classifier of the environment. In an embodiment, the level detector is
adapted to classify a current acoustic environment of the user according to a number of
different (e.g. average) signal levels, e.g. as a HIGH-LEVEL or LOW-LEVEL environment.

[0045] In an embodiment, the hearing assistance device comprises an acoustic (and/or
mechanical) 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.

[0046] In an embodiment, the hearing assistance 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, 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.

Definitions:

[0047] In the present context, a 'hearing assistance 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 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 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 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.



DK/EP 3457717 T3

[0048] The hearing assistance 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 assistance device may comprise
a single unit or several units communicating electronically with each other.

[0049] More generally, a hearing assistance 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 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 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 assistance
devices, the output means may comprise one or more output electrodes for providing electric
signals.

[0050] In some hearing assistance devices, the vibrator 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 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 cortex and/or to other parts of the cerebral cortex.

[0051] 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 binaural 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
devices may be e.g. remote controls, audio gateway devices, mobile phones, public-address
systems, car audio systems or music players. Hearing assistance devices, hearing assistance
systems or binaural hearing assistance 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 signals to a person.

[0052] Further objects of the application are achieved by the embodiments defined in the
dependent claims and in the detailed description of the invention.
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[0053] 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 "comprising,"
when used in this specification, specify the presence of stated features, integers, steps,
operations, elements, and/or components, but do not preclude the presence 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 another element, it can be directly connected or coupled to the other element or
intervening elements may be present, unless expressly stated otherwise. Furthermore,
"connected"” or "coupled” as used herein may include 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 otherwise.

BRIEF DESCRIPTION OF DRAWINGS

[0054] The disclosure will be explained more fully below in connection with a preferred
embodiment and with reference to the drawings in which:

FIG. 1 schematically shows a situation of performing a self calibration routine of hearing
assistance device noise reduction system using an external device as proposed in the present
disclosure,

FIG. 2 schematically illustrates respective block diagrams of embodiment of a multi-
microphone noise reduction system according to the present disclosure, FIG. 2A showing an
embodiment comprising a beamformer filter and a single-channel post-processing filter for
noise reduction, FIG. 2B showing an embodiment additionally comprising a target-cancelling
beamformer filter,

FIG. 3 schematically illustrates a scenario for estimating beamformers for different locations
than that of a calibration source, FIG. 3A showing an intended location of a target sound
source and a location of the sound source during calibration of the beamformer look vector,
and FIG. 3B showing an example of predetermined locations of sound sources relative to a
user for which look vectors have been estimated and stored in a memory of the hearing
assistance device in advance of its use,

FIG. 4 schematically illustrates a number of acoustic paths between a sound source and a
receiver of sound located in a room (FIG. 4A), an exemplary illustration of amplitude versus
time for a sound signal in the room (FIG. 4B), and a measurement procedure for calibrating a
noise reduction system according to the present disclosure (FIG. 4C),

FIG. 5 schematically illustrates a conversion of a signal in the time domain to the time-
frequency domain, FIG. 5A illustrating a time dependent sound signal (amplitude versus time)
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and its sampling in an analogue to digital converter, FIG. 5B illustrating a resulting 'map' of
time-frequency units after a (short-time) Fourier transformation of the sampled signal,

FIG. 6 shows an exemplary application scenario of an embodiment of a hearing assistance
system according to the present disclosure, FIG. 6A illustrating a user, a binaural hearing aid
system and an auxiliary device during a calibration procedure of the noise reduction system,
and FIG. 6B Iillustrating the auxiliary device running an APP for initiating the calibration
procedure, and

FIG. 7 shows an embodiment of an auxiliary device according to the present disclosure.

[0055] 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.

[0056] Further scope of applicability of the present disclosure 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 apparent to those skilled
in the art from the following detailed description.

DETAILED DESCRIPTION OF EMBODIMENTS

[0057] FIG. 1 shows a scenario allowing a user (U) of a hearing assistance device (HAD) to
perform a self-calibration of beamformer weights of a noise reduction system, using an
external (auxiliary) device (AD) comprising a loudspeaker (SPK). The auxiliary device (AD) and
the hearing assistance device(s) (HAD) are configured to allow the establishment of a wireless
link between them (e.g. to inform the hearing assistance device about the initiation of a
calibration procedure). In an embodiment, the external (auxiliary) device (AD) comprises or is
constituted by a mobile phone. Alternatively, it may form part of a fitting system. The aim of the
activity is to calibrate the noise reduction system in the (or each) hearing assistance device
(HAD) by playing a calibration sound (7stSo) from the external device (AD) that is captured by
the input units (MI/C) of the hearing assistance device or each of the hearing assistance
devices in case the user (U) wears a binaural hearing assistance device system. Further,
additional microphones (whose signals are transmitted to corresponding input units of the
hearing assistance device) may be located in other devices than the hearing assistance device
itself (e.g. in a communication device worn by the user (e.g. an audio gateway or a cellular
telephone), in a wireless microphone, or the like).

[0058] An example of such calibration procedure is as follows:

1. A) The external device (AD) is held in front of the user (U, e.g. in a stretched arm
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(Hand)).

2. B) When the external device (AD, e.g. its speaker, AD-SPK) is in the horizontal plane or
direction (H-Dir) of the hearing assistance device users ears (or eyes) (Ear), and in the
frontal position, the calibration procedure is initiated (e.g. by an activation of a calibration
mode in the external device, e.g. an APP of a SmartPhone). It is generally assumed that
the ambient noise (cf. Noise in FIG. 1, e.g. in the form of additive or convolutional noise)
during the calibration measurement is much smaller than the calibration signal, i.e. that
there is essentially no noise present. In practice, this may be hard to achieve, and one or
more precautions taking account for such situations are preferably included in the
procedure (thereby increasing its robustness). In an embodiment, the routine may be
terminated, if the background noise (Noise) level or reverberation level, e.g. as
measured by the external device or the hearing assistance devices, is too high. The
ambient noise may be monitored in various ways (e.g. as described in
US2011026725A1, teaching the monitoring of the energy of the first-difference of filter
coefficients of an adaptive filter for estimating a feedback path over time and applying a
predefined threshold criterion to the change in energy content from one time instance to
another to determine an acceptable impact of the ambient noise). In an embodiment, the
calibration signal is adapted to the current noise level and spectrum, by shaping the
calibration signal to ensure a predetermined (minimum) calibration signal to ambient
noise ratio (at least over a predefined frequency range, such as at all frequencies).
Deciding on the correct location of the external device may be done manually by the
user or automatically by the device, e.g. using gyroscopes, accelerometers, a camera
with eye tracking, etc., in the device.

3. C) The auxiliary device (AD) informs the hearing assistance device(s) (HAD) via wireless
communication link (Wink) that the calibration routine is about to be initiated (setting the
hearing assistance device(s) in a calibration mode) and emits a calibration sound
(TstSo), e.g. a click, a click train, or a broadband noise signal, from the loudspeaker (AD-
SPK).

4. D) As further detailed below, the resulting signal picked up by the hearing assistance
devices' microphones (M/C) can be used to determine the optimal fixed beamformer
weights, e.g., the optimal delay-and-sum beamformer with unity gain in the frontal
direction, a target-cancelling beamformer with a spatial null exactly in the frontal
direction, etc. (cf. e.g. FIG. 2).

[0059] An advantage of the in-situ determined beamformer weights is that they implement an
individualized beamformer, which is optimal for the hearing assistance device user (U) in
question. Specifically, this procedure results in fixed beamformers designed to take into
account the physical characteristics of the user (U), e.g. the head (Head), the ears (Ear), the
body (Torso), the hair style, etc. Such characteristics of a user may further change across time,
in particular for children, but also for adults (e.g. hair cuts, etc.). The exact location of the
hearing assistance device(s) may differ slightly from day to day. The microphones of the
hearing assistance device(s) may not have exactly the same characteristics as the
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microphones used by the hearing assistance device manufacturer, when determining the
default hard-wired beamformer weights, such characteristics may further drift across time, etc.

[0060] The calibration routine may preferably be equipped with a safety procedure: The
beamformer weights resulting from the calibration routine may be compared to a set of default
beamformer weights. If for example the two sets of weights are very different, the calibration
routine may be declared invalid, and the default weights are used. The same may be the case,
if the ambient noise is above a predefined threshold level.

1. Example of noise reduction system

[0061] FIG. 2A and FIG. 2b show exemplary block diagrams of respective embodiments of a
hearing assistance device (HAD) comprising a multi input unit (e.g. a multi-microphone) noise
reduction system (NRS) (here shown with M input units, e.g. microphone units). The multi input
unit noise reduction system (NRS) comprises a multi input beamformer filter unit (BF in FIG. 2A
and 2B, e.g. a minimum variance distortion-less response (MVDR) beamformer) followed by a
single-channel noise reduction system (SC-NR in FIG. 2A and 2B). The beamformer (BF)
provides a beamformed signal Y with a gain of 0 dB, when a signal is received from the target
direction / location. The embodiment of FIG. 2B further comprises a target-cancelling
beamformer filter unit (TC-BF) providing a target-cancelling beamformed signal, which ideally
rejects (in practice attenuates maximally) a signal played from the target direction/location. The
target-cancelling beamformer filter unit potentially comprises several (up to M-1) target
cancelling beamformers. The target-cancelling beamformer filter unit (TC-BF) provides control
signal NoTr indicative of the noise present in the beamformed signal Y and configured to
control the single channel post-filtering unit (SC-NR). The signals depend on time and
frequency indices (m,k), cf. analysis filter bank units (AFB) in each input unit /U;, connected to

each input elements (/T}), e.g. an input transducer such as a microphone. Input sound signals
s¢(n), ..., sy(n) received at respective input unit /U4, ..., /Uy are thus provided in a time-
frequency representation as signals Sq4(km), ..., Sy(k,m). In the embodiments of FIG. 2A and

2B, independent beamforming and single-channel post-filter operations are carried out for
each frequency band (k). The output S of the noise reduction system (NRS), which is a noise
reduced version of the microphone signals (S, ..., Sy), is e.g. subsequently amplified (and

compressed), preferably according a user's particular needs, e.g. to compensate for the user's
hearing impairment) and presented for the hearing assistance device user (U) via the
loudspeaker (cf. HA-SPKin FIG. 1).

[0062] The hearing assistance device further comprises antenna and transceiver circuitry
(ANT, RF-RxITx) for establishing a wireless communication link to the auxiliary device (AD in
FIG. 1), e.g. for receiving a calibration control signal CNT from the auxiliary device. The idea is
that the calibration control signal (CalC) fed from the transceiver circuitry (RF-Rx/Tx) to the
look vector determination unit (LV-Det) comprises a 'start calibration procedure' indication from
the auxiliary (calibration) device (AD). The auxiliary device contains the calibration sound
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source (speaker), e.g. forming part of a dedicated calibration system (e.g. a fitting system) or a
portable communication device, e.g. a SmartPhone or the like. When the auxiliary device
sends the CNT (CalC) signal (e.g. at the request of a user), the auxiliary device subsequently
emits the calibration sound TsTSo. When the hearing assistance device (HAD) receives the
'START of calibration' indication, it prepares for the measurement of the received calibration
sound (e.g. to monitor and evaluate the background noise and to measure the received
response signals caused by the calibration sound TsTSo a predefined time after the reception
of the 'start calibration procedure' signal). Based on the evaluation of the background noise,
measurement may be stopped (if the background noise level is too high), or the calibration
signal may be modified in magnitude at different frequencies (shaped) and/or the duration of
the measurement period may be adapted (e.g. increased with increasing ambient noise level).
The look vector determination unit (LV-Def) determines a current look-vector based on the
microphone signals (Sy, ..., Sy) representing the calibration-signal TstSo. The unit LV-Det

determines the look vector (according to an example not falling under scope of the claims
(transfer functions from the calibration sound source to each of the input units (e.g.
microphones) or scaled versions thereof) for the direction to (and distance to) the auxiliary
device relative to each of the input units of the user's hearing assistance device(s) (HAD).
Preferably, the look vector is stored in a memory (MEM) of the hearing assistance device. The
resulting look vector d is fed to the beamformer (if the result of the background noise
measurement is acceptable). The determination of the look vector is e.g. based on an inter-
microphone covariance matrix,

Ro) =3 . sm, s (m b)

where s(m,k) is a vector s(m,k) = [S1(m,k), ..., Sm(m,k)]T defining the calibration signal as

received by the input units of the hearing assistance device.

[0063] The multi input unit noise reduction system (NRS) may comprise a beamformer (BF)
with a predetermined (e.g. periodically fixed, e.g. after a calibration) spatial target fingerprint
(e.g. look vector) and a fixed spatial noise fingerprint (e.g. noise covariance matrix), cf. FIG.
2A. It may alternatively comprise a beamformer (BF) with a predetermined spatial target
fingerprint and a variable spatial noise fingerprint (e.g. target-cancelling beamformer TC-BF,
FIG: 2B). Finally, the multi input unit noise reduction system (NRS) may comprise adaptive
beamformers for implementing variable spatial target and noise fingerprints.

1A. Calibration of beamfommers:

[0064] The following relates to the block BF in FIG. 2. For each frequency index k, the NRS
system makes use of the output of pre-determined (calibrated) beamformers, which can be

formulated in terms of two quantities (which are frequency dependent): A look vector d(k) € cM

and a noise covariance matrix R, (k) € CM*M \where CM is the set of M-dimensional complex

vectors, and C¥XM is the set of MxM-dimensional complex matrices. The proposed self-
calibration routine is a method for estimating the look vector d(k). In an embodiment, the noise
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covariance matrix, whose estimate is called ﬁvv,diffuse(k) (assuming isotropic noise) is

predetermined and stored in a memory of the hearing assistance device device (cf. e.g. MEM
of FIG. 2).

1B. Calibration of fixed look vector d(m,k):

[0065] During self-calibration, the look vector d(k) is estimated as follows. VWhen the calibration
sound (7stSo in FIG. 1) is emitted by the external device (AD-SPK of AD in FIG. 1), the
resulting inter-microphone covariance matrix Rgs(k) for microphones Mic;, Mic, is estimated for

each frequency k:
Rys(k) =~ T s(m, )sH (m, ) ,

where s(m,k) = [s(m,k,1) s(m,k,2)]" and s(m,k,i) is the output of the analysis filter bank for
microphone /, at time frame m and frequency index k, and N is the number of time frames
considered in the estimation. For a true point source, the signal impinging on the array would
be of the form s(m,k) = s(m,k)d(k) such that (assuming that signal s(m,k) is stationary) the

theoretical target covariance matrix Rgs(k) = E[s(m,k)s"(m, k)] would be of the form

Ry, (k) = ¢ (K)d(k)d" (k),

i.e., the eigenvector of Rg5(k) corresponding to the non-zero eigenvalue is proportional to d(k).
Hence, our look vector estimate d(k) is defined as the eigen vector corresponding to the
largest eigen value of the estimated target covariance matrix Rgs(k). Preferably, the look vector

is normalized to unit length, that is:
o d(k)

) " (k) d (k)
such that [|d||2 = 1. The look vector estimate d(k) thus encodes the physical direction and
distance of the target source, it is therefore also called the look direction. Alternatively, the look
vector may be normalized to have a '1' at the position of the reference input unit (e.g. a
reference microphone).

dk) =

1C. Computing the fixed beamformers

[0066] In the embodiment of FIG. 2A and 2B, predetermined (calibrated) beamformers may be
found in terms of the estimated look vector d(k) and the noise covariance matrix évv,diffuse(k)
as follows (wherein it is assumed that the look vector as well as the noise covariance matrix
are predetermined).

[0067] An enhanced omni beamformer (FIG. 2A) is given by

Wio (k) = d()d* (k, irey),

where jris the index of the reference microphone. It can be shown that this beamformer is in
fact the minimum variance distortionless response (MVDR) beamformer for the case where the
noise covariance matrix is a scaled identity (this would occur when the microphone signals are
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dominated by microphone noise, i.e., e.g. at low input levels).

[0068] The target-cancelling beamformer (TC-BF in FIG. 2B) is given by the first column of the
matrix / - d(k)d"(k), where [ is the MxM (e.g. 2x2) identity matrix, that is (for M=2)

W, (k) = [(1)] — U=k, 1).

Where '1' refers to microphone #1 as the reference microphone. In such case, it is the goal of
the noise reduction system (NRS) to estimate speech as observed by microphone#1. It is easy

to verify that for a noisy input signal of the form Y(k) = s(k)d(k) + V(k), i.e., the input consists of
a point target source S and additive noise, the output of Wg(k) is not related to the target signal

s(K)d(k), but only to the noise component V(k). In other words, Wk(k) is a target-cancelling
beamformer.

[0069] A front hyper-cardioid beamformer (FIG. 2A, alternative to enhanced omni) is, in fact,
the MVDR beamformer for the situation where the noise field is diffuse (that is, homogenous
and spherically isotropic). We approximate this noise condition with a situation where the noise
is cylindrically isotropic. In this case, the MVDR beamformer weight vector Wy, is given by

_ ﬁl-;l},diffuse(k)a(k)a* (k' iref)
Wy (k) = a" (R (dk)

v, diffuse

where R, (k) is the inter-microphone noise covariance matrix for the diffuse noise situation

(predetermined). It can be shown that this beamformer minimizes the noise power in its output
under the constraint that the target component is unchanged.

[0070] In summary, the self-calibration procedure may e.g. result in the determination filter
coefficients of three optimal, individualized (calibrated) beamformers:

* weo(k): filter coefficients for enhanced omni beamformer
« Wg(K): filter coefficient for rear-beamformer (target cancelling beamformer)

« Wi(K): filter coefficients for hyper-cardioid beamformer (frontal beamformer).

[0071] In the description above, the fixed beamformers wgep(k), Wgr(k), Wr(k) are determined
based on estimate Rgg(k) of the target signal covariance matrix, and estimates R,,(k) of the

inter-microphone covariance of the noise field. Instead of estimating these quantities via batch
estimation as used above, they may be updated recursively.

2. Application examples:

2A. Estimating beamformers for different locations than the calibration source
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[0072] The idea described above is to estimate beamformers "pointing” at the location of the
calibration signal. For example, the enhanced omni beamformer wgp(k) has unit gain for

signals originating from the location of the calibration source, and the target-cancelling
beamformer Wg(k) completely eliminates signals from this direction. In some cases, it might be

desirable to determine the weights of beamformers "pointing” towards other locations than that
of the calibration signal. To be specific, consider the case where the calibration signal
originates from the frontal direction (0 degrees) and a range of 1 m (cf. rgg in FIG. 3A), but we

are interested in determining the weights of beamformers pointing towards 30 degrees, 2 m
(cf. resrc in FIG. 3A). This could e.g. be accomplished by storing in memory a number of pre-

determined sets of look vectors d, each set encompassing look vectors estimated for different
(direction (), range (|r|)) pairs for different persons U ((¢;, rsq, Up), i=1, 2, ..., Ny, 9=1, 2, ..., N,
and u=1, 2, ..., Ny). FIG. 3B shows a number of predefined orientations of the look vector
relative to a user. FIG. 3B illustrates predefined locations of a target source S4 relative a user
(U) defined by vectors rsqp, (9=1, 2, ..., 8 , p=a, b), or angle ¢; (=1, 2, ..., 8) and distance rgqp
= |rsqpl (P=a, b). In FIG. 3B, it is assumed that the sound source Ss is located in the same
plane as the microphones of the left and right hearing assistance devices (HAD; and HAD,). In

an embodiment, predefined look vectors (and/or filter weights) for the respective multi-channel
beamformer filtering units of the multi-input unit noise reduction systems of the left and right
hearing assistance devices are determined in advance and stored in a memory of the left and
right hearing assistance devices (cf. e.9g. MEM in FIG. 2). Predefined angles ¢;, j=1, 2, ..., 8

distributed in the front half plane (with respect to the user's face) corresponding to x 2 0 and in
the rear half plane corresponding to x < 0 are exemplified in FIG. 3B. In this example, the
density of predefined angles is larger in the front half plane than in the rear half plane. In the
example of FIG. 3B, ¢4 - ¢7 are located in the front half plane (e.g. evenly with 30°between

them from ¢4=-90° to ¢~=+90°), whereas ¢z is located in the rear half plane (¢g=180°). For

each predefined angle ¢; a number of distances rsqp may be defined, in FIG. 5 two different

distances, denoted a and b (rgqy ~ 2%rsqa), are indicated. Any number of predefined angles and

distances may be defined in advance and corresponding look vectors and/or filter weights
determined 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 SmartPhone). In an embodiment, the user interface is
implemented as an APP of a SmartPhone. The predefined look vectors (or beamformer
weights) may e.g. be determined prior to normal operation of the hearing aid device by
measurement for different directions and distances on a model user, e.g. a Head and Torso
Simulator (HATS) 4128C from Briel & Kjeer Sound & Vibration Measurement A/S 'equipped'
with first and second hearing assistance devices. Different physical or model users may be
used to determine look vectors for different persons (e.g. different size heads, different hair
styles, etc.). The predetermined look vectors may preferably be stored in a memory of the
hearing assistance device(s), e.g. prior to its fitting to a particular user (e.g. during
manufacturing).

[0073] To determine a look vector for a location of a target sound source relative to a user



DK/EP 3457717 T3

defined by vector rygc in FIG. 3A (during normal use of the hearing assistance device), one
approach could be to compare the front look vector d.5 determined for distance r.5 based on

the available calibration signal (according to the present disclosure) by comparison with the
front look vectors stored in memory (dpy(¢, |, person). Iffiwhen a close match is found for a

front look vector for a given person-type, the look vector corresponding to ¢, | (e.g. 30°, 2 m)
of the relevant vector rygc as stored in the memory for the given person-type is selected and

used as an estimate of the true look vector in the current situation. There exist a range of other
possible ways of predicting a given look vector based on measurement of another. For
example, the new look vector for the desired (angle, range) pair may be estimated from the
known look vector in a probabilistic setting. Specifically, the look vectors measured for a given
fixed position (angle, range) for different persons, may be modelled as realizations of an M
dimensional random variable, e.g., distributed according to an M-dimensional, complex-valued
Gaussian distribution. Furthermore, assuming that look vectors measured at different positions
are jointly Gaussian, it is possible to find minimum mean-square error, maximum a posteriori,
or maximum likelihood estimates of the unknown look vector.

2B. Reverberant robust method using click train excitation

[0074] As detailed above, the external device emits an acoustic calibration signal, and the
hearing assistance device(s) estimate the inter-microphone covariance matrix Rgs(k) and

subsequently the look vector d(k) based on the resulting microphone signals. Ideally, this
calibration is performed in a reverberant-free environment, but peoples' homes are generally
reverberant. Therefore, a calibration method, which is robust to reverberation is of interest.
Such a method could be devised when using a click train as calibration signal. To avoid that the
estimate of Rgs(k) is "polluted” by reflections, the estimate may be based on time regions

immediately after a click is emitted, such that the wavefront impinging on the microphones is
included when estimating Rgg(k) but such that any possible reflections of this wavefront is not.

The procedure is illustrated in FIG. 4. That is, the summation used in Rss(k) =

= s(n, k)5 (n, )
would be across time regions (AT, in FIG. 4C) immediately after the emission of each click

(Click in FIG. 4C) in a click train, e.g., in the time duration of [0; 6 ms], while later time points
are excluded. Using a click train (comprising a multitude Nyrayy of individual click pulses

(indicated by the three click pulses (Click) separated by the broken time line, symbolising the
option of an arbitrary number of clicks) would allow to have sufficiently many terms in the sum
to achieve a reliable estimate of Rgg(k). Preferably, the distance in time between successive

clicks is larger than the reverberation time (e.g. parameter T60) of the specific acoustic
environment of the measurements. In an embodiment, the total measurement time Ty is

adapted to the current background noise level.

[0075] FIG. 4A schematically shows an example of an acoustically propagated signal from an
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audio source (S in FIG. 4A) to a listener (L in FIG. 4A) via direct (pg) and reflected propagation
paths (p4, p2, pP3 P4 respectively) in an exemplary location (Room). The resulting acoustically

propagated signal received by a listener, e.g. via a hearing assistance device worn by the
listener (at L in FIG. 4A) is a sum of the five (and possibly more, depending on the room)
differently delayed and attenuated (and possibly otherwise distorted) contributions. The direct
(po) propagation path is indicated FIG. 4a in dashed line, whereas the 'reflections' (here the 1,

2, 3, and 4 times reflected (p4, ps p3 p4) are indicated in FIG. 4A in dotted line. FIG. 4B

schematically illustrates an example of a resulting time variant sound signal (magnitude |MAG]|
[dB] versus Time) from the sound source S as received at the listener L (hearing assistance
device). The direct part of the signal (py, dashed part of the graph) appear at the location of

the hearing assistance device (@L) AT g after it was played by the auxiliary device (S). It is

assumed that no reflecting surface is closer than the distance from the sound source (S,
auxiliary device) to the listener (L, hearing assistance device), so that pg < pj, i=1, 2, .... The

direct target signal components (dashed part of the graph in FIG. 4B) are separated from the
(undesired) reverberation (noise) signal components (dotted part of the graph in FIG. 4B) by a
vertical dotted line. The duration and occurrence in time of the direct and reflective parts of the
impulse response depend on the location (distance to and properties of reflective surfaces)
and the distance between audio source (S) and listener (L), the effect of reverberation being
smaller the smaller the distance between source and listener. FIG. 4C illustrates a
measurement procedure for calibrating a noise reduction system NRS according to the present
disclosure, wherein a calibration signal (7stSo in FIG. 1) in the form of a click pulse (a single-
or multi-frequency sound of short duration, as e.g. used in auditory diagnostic measurements,
e.g. ABR) or a train of click pulses (Click in FIG. 4C) is played by the loudspeaker (AD-SPK in
FIG. 1) of the auxiliary device (AD in FIG. 1). When received by the input units (e.g. M/C in
FIG. 1, or IU4, ..., Uy of FIG. 2) of the hearing assistance device (HAD in FIG. 1, 2), a target

covariance matrix Rgs(k) = E[s(m,k)s™(m k)] is estimated based on the signal components
received during a first part (AT, in FIG. 4c¢) of the time interval between two successive pulses,

where the direct part of the impulse response IR of the click pulse is present in the signals
received at the input units (as indicated in the schematic impulse responses IR of the click
pulses in the upper part of FIG. 4C, the impulse responses /IR being equivalent to the one
illustrated and discussed in connection with FIG. 4B). In an embodiment, the measurement
time ATy around the peak of the direct signal part pg is around 1 ms. In an embodiment, the

propagation delay ATy of the calibration signal from the source to the listener is around 3 ms

(corresponding to a distance of approximately 1 m). Preferably, the auxiliary device informs the
hearing assistance device about the start time of the calibration signal to allow the hearing
assistance device to initiate the measurement period at an appropriate time relative to the
arrival of the direct part of the signal. Preferably, the auxiliary device informs the hearing
assistance device about characteristics of the calibration signal allowing the hearing assistance
device to determine a transfer function from the sound source to the input unit in question (and
thus to determine a look vector d). FIG. 5 schematically shows a conversion of a signal in the
time domain to the time-frequency domain, FIG. 5a illustrating a time dependent sound signal
(amplitude versus time) and its sampling in an analogue to digital converter, FIG. 5b illustrating
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a resulting 'map’' of time-frequency units after a (short-time) Fourier transformation of the
sampled signal.

[0076] FIG. 5a illustrates a time dependent sound signal x(n) (amplitude versus time (n)), its
sampling in an analogue to digital converter and a grouping of time samples in frames, each
comprising Ng samples. The graph showing a Amplitude versus time (solid line in FIG. 5A) may

e.g. represent the time variant analogue electric signal provided by an input transducer, e.g. a
microphone, before being digitized by an analogue to digital conversion unit. FIG. 5B illustrates
a 'map’ of time-frequency units resulting from a Fourier transformation (e.g. a discrete Fourier
transform, DFT) of the input signal of FIG. 5A, where a given time-frequency unit (m,k)
corresponds to one DFT-bin and comprises a complex value of the signal X(m,k) in question
(X(m,k)= |X|-e'®, |X] = magnitude and ¢ = phase) in a given time frame m and frequency band
k. In the following, a given frequency band is assumed to contain one (generally complex)
value of the signal in each time frame. It may alternatively comprise more than one value. The
terms 'frequency range' and 'frequency band' are used in the present disclosure. A frequency
range may comprise one or more frequency bands. The Time-frequency map of FIG. 5B
illustrates time frequency units (m, k) for k=1, 2, ..., Kfrequency bands and m=1, 2, ..., Ny time

units. Each frequency band Af, is indicated in FIG. 5B to be of uniform width. This need not be

the case though. The frequency bands may be of different width (or alternatively, frequency
channels may be defined which contain a different number of uniform frequency bands, e.g.
the number of frequency bands of a given frequency channel increasing with increasing
frequency, the lowest frequency channel(s) comprising e.g. a single frequency band). The time
intervals Aty, (time unit) of the individual time-frequency bins are indicated in FIG. 5B to be of

equal size. This need not be the case though, although it is assumed in the present
embodiments. A time unit At is typically equal to the number Ng of samples in a time frame

(cf. FIG. 5A) times the length in time tg of a sample (ts = (1/fs), where fg is a sampling

frequency). A time unit is e.g. of the order of ms in an audio processing system.

[0077] FIG. 6 shows an exemplary application scenario of an embodiment of a hearing
assistance system according to the present disclosure, FIG. 6A illustrating a user, a binaural
hearing aid system and an auxiliary device during a calibration procedure of the noise
reduction system, and FIG. 6B illustrating the auxiliary device running an APP for initiating the
calibration procedure.

[0078] FIG. B6A shows an embodiment of a binaural hearing aid system comprising left
(second) and right (first) hearing assistance devices (HAD;, HAD,) in communication with a

portable (handheld) auxiliary device (AD) functioning as a user interface (U/) for the binaural
hearing aid system. In an embodiment, the binaural hearing aid system comprises the auxiliary
device AD (and the user interface U/). The user interface U/ of the auxiliary device AD is shown
in FIG. 6B. The user interface comprises a display (e.g. a touch sensitive display) displaying a
user of the hearing assistance system and a number of predefined locations of the calibration
sound source relative to the user. Via the display of the user interface (under the heading
Beamformer calibration), the user U is instructed to
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« Drag source symbol to relevant position

e Locate device at this position

» Press START fo initiate calibration procedure
These instructions should prompt the user to

» Place the device in a direction relative to the user where the target sound source is
expected to be located, e.g. in front of the user.

+ Preferably, the device should be at level with the eyes (and ears) of the user.

» Press start to initiate calibration procedure.

Hence, the user is encouraged to choose a location for a current calibration sound source by
dragging a sound source symbol (circular icon with a grey shaded inner ring) to the
approximate location of the calibration sound source (if deviating from a front direction). The
‘Beamformer calibration' is e.g. implemented as an APP of the auxiliary device AD (e.g. a
SmartPhone). Preferably, the initiation (start time of calibration signal) of the calibration
procedure (pressing of START), the chosen location (e.g. angle and distance to the user), and
possibly characteristics of the calibration signal (magnitude vs. frequency, number and time
distance between of calibration pulses, etc.), are 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 data and the calibration
signal. In the embodiment of FIG. 6, the auxiliary device AD comprising the user interface Ul 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. Alternatively, the auxiliary device may form part of a fitting
system and be placed at predefined locations relative to the user. The calibration procedure
may e.g. be controlled via the fitting system (the fitting system e.g. comprising a computer and
fitting software running on the computer).

[0079] FIG. 7 shows an embodiment of an auxiliary device AD according to the present
disclosure. The auxiliary device AD comprises a microphone (AD-MIC) for picking up a sound
signal from the environment, e.g. a noise signal (Noise) during or prior to a calibration
procedure. The sound signal is converted to an electric input signal /N, which is communicated
to a signal processing unit (SPU) and to a noise detector (ND) for monitoring the (noise) input
signal /N (e.g. detecting a level and/or analysing a frequency content, etc.). A resulting noise
analysis signal Nas (e.g. indicative of its level or frequency spectrum) is communicated to a
control unit (CONT) for controlling the calibration procedure, including generating a calibration
signal CalS (possibly shaped in frequency, e.g. modified in level and/or duration in time
dependent on the noise analysis signal Nas). The (electric) calibration signal CalS is converted
to a calibration sound signal TstSo by loudspeaker (AD-SPK). The control unit (CONT) receives
a signal (Starf) from the user interface (U/) indicating that the user has activated the START
'‘button’ (cf. FIG. 6B), which initiates the calibration procedure. Prompted by the Start signal,
the control unit (CONT) generates calibration control signal CalC, which is transmitted to the
hearing assistance device(s) (e.g. HAD;, HAD, in FIG. 6A) via transceiver and antenna circuitry
(RF-RxITx, ANT, signal CNT, and wireless link WL-RF). The activation of the START 'button’

via user interface Ul (see FIG. 6B) brings the auxiliary device (from a NORMAL mode) into a
CALIBRATION mode and generates control signals Mode to selection unit (SEL), Start to
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control unit (CONT), and UC to signal processing unit (SPU). The Mode signal controls the
selector (SEL) selecting calibration signal CalS as output signal OUT (input signal to the
loudspeaker, AD-SPK), when the CALIBRATION mode is activated, and the normal processed
signal PRSfrom the signal processing unit (SPU), when the NORMAL mode is activated. The
control signal UC may inhibit the normal processing in the signal processing unit (SPU) when
the CALIBRATION mode is activated. Further, the control signal UC may carry information data
intended for being presented to the user from the signal processing unit (SPU) to the user
interface (U/). In an embodiment, the user is informed about the result of the analysis of the
noise analysis, e.g. if a noise level is above a noise level threshold via the user interface (cf.
dashed signal Nas in FIG. 7 from noise detector ND to user interface Ul). Thereby, the user
may be discouraged from executing the calibration procedure while a noise level is too high.

[0080] 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 between the hearing assistance device and the auxiliary
device is based on some sort of modulation at frequencies above 100 kHz. Preferably,
frequencies used to establish a communication link between the hearing assistance 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, Scientific 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 embodiment, the wireless link is based on Bluetooth technology (e.g.
Bluetooth Low-Energy technology) or a related technology.

[0081] In the embodiment of FIG. 6a, wireless links denoted /A-WL (e.g. an inductive link
between the hearing left and right assistance devices) and WL-RF (e.g. RF-links (e.g.
Bluetooth) between the auxiliary device AD and the left HAD,, and between the auxiliary device

AD and the right HAD,, hearing assistance device, respectively) are indicated (implemented in

the devices by corresponding antenna and transceiver circuitry, indicated in FIG. 6a in the left
and right hearing assistance devices as RF-/A-Rx/ Tx-l and RF-IA-Rx/ Tx-r, respectively).

[0082] In an embodiment, the auxiliary device AD is or comprises 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 assistance 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 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
assistance device(s) comprising an appropriate wireless interface to the SmartPhone, e.g.
based on Bluetooth or some other standardized or proprietary scheme).
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[0083] In the present context, a SmartPhone, may comprise

s 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 download
and execute application programs (APPs) implementing specific functional features (e.g.
displaying information retrieved from the Internet, remotely controlling another device,
combining information from various sensors of the smartphone (e.g. camera, scanner,
GPS, microphone, etc.) and/or external sensors to provide special features, etc.).

[0084] The invention is defined by the features of the independent claim(s). Preferred
embodiments are defined in the dependent claims. Any reference numerals in the claims are
intended to be non-limiting for their scope.

[0085] 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 following claims.
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Patentkrav

1. Hereassistancesystem, der omfatter en hegreassistanceanordning (HAD),
der er konfigureret til at blive baret af en bruger (U), og en hjeelpeanordning
(AD);

* hvor hereassistanceanordningen (HAD) omfatter

HD-a) en flerhed M af indgangsenheder /U, i=1, ..., M, hvor en af dem

er en referenceindgangsenhed, hvor hver af flerheden af

indgangsenheder er indrettet til at tilvejebringe en
tidsfrekvensrepraesentation Sitk,m) af et signal si(n) ved en
i* indgangsenhed i et antal frekvensband og et antal

tidsforekomster, hvor ker et frekvensbandindeks, m er et
tidsindeks, n repreesenterer tid, og M er starre end eller lig med to; og
HD-b) et stejreduktionssystem (NRS) med flere indgangsenheder
(NRS), der omfatter en flerkanals-straleformer-filtreringsenhed
(Straleformer), der er operationelt koblet til flerheden af
indgangsenheder /U, i=1, ..., M, og konfigureret til at bestemme
straleformerveegte w(k,m) til  tilvejebringelse af et stréleformet
signal Y(k,m), hvor signalkomponenter fra andre retninger end en
retning for en malsignalkilde deempes, hvorimod signalkomponenter fra
malsignalkildens retning efterlades ikke-deempede eller deempes
mindre end signalkomponenter fra de andre retninger,

» hereassistancesystem, der omfatter en brugergreenseflade (Ul) til
aktivering af en kalibreringsmodus i hjeelpeanordningen (AD) og i
hgreassistanceanordningen (HAD);

* hjeelpeanordning (AD), der omfatter

AD-a) en udgangstransducer (AD-SPK) til at konvertere et elektrisk
signal, der repreesenterer en lyd, til et akustisk lydsignal;

AD-b) en styreenhed (CONT) til videresendelse af et elektrisk
kalibreringssignal (CalS) til udgangstransduceren (AD-SPK), nar
kalibreringsmodusen er aktiveret;

hvor hereassistanceanordningen (HAD), i lzbet af
kalibreringsmodusen, er konfigureret til

. at tilvejebringe tidsfrekvensrepreesentationen Sjtk,m) af
kalibreringslydsignalet si(n), der er modtaget ved den

it indgangsenhed, i=1, 2, ..., M, og til

- at tilvejebringe en estimeret look-vektor d(k, m) for et malsignal, der
stammer fra en malsignalkilde, der er placeret pa et specifikt sted i
forhold til brugeren (U), som udelukkende er baseret pa
signalerne sj(n), som definerer de elektriske kalibreringssignaler, som
er modtaget ved indgangsenhederne /U, hvor Kkalibreringssignalet
konverteres af udgangstransduceren (AD-SPK) af hjeelpeanordningen
(AD) til et akustisk kalibreringslydsignal (TstSO), der er modtaget ved
indgangsenhederne, hvor den specifikke placering i forhold til brugeren
(U) er placeringen af udgangstransduceren (AD-SPK) af
hjaelpeanordningen (AD), og hvor den estimerede look-vektor d(k,m) er
en M-dimensional vektor, der omfatter elementer d; (i=1, 2, ..., M), hvor
det it element di(k,m) definerer en relativ akustisk overferingsfunktion
fra den i® indgangsenhed (lUj) til referenceindgangsenheden, og til
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2

« at bestemme optimale stréleformervaegte til anvendelse ved
bestemmelse af det stré[eformede signal Y(k,m), der er baseret pa den
estimerede look-vektor d(k,m).

2. Hereassistancesystem ifalge krav 1, hvor hjeelpeanordningen (AD) omfatter
brugergraensefladen (UI) til aktivering af kalibreringsmodusen.

3. Hereassistancesystem ifelge krav 1 eller 2 hvor
hgreassistanceanordningen (HAD) og hjeelpeanordningen (AD) er indrettet til
at etablere en tradles forbindelse mellem dem.

4. Horeassistancesystem ifglge krav 3, der er indrettet til at kommunikere en
eller flere af starttiderne for kalibreringssignalet og den specifikke placering af
hjeelpeanordningen (AD) i forhold til brugeren (U) til
hgreassistanceanordningen (HAD).

5. Hereassistancesystem ifglge et hvilket som helst af kravene 1-4, der er
konfigureret til at bestemme stréleformgrvaegte for en eller flere faste
straleformere, der er baseret pa estimatet d(k,m) af look-vektoren d(k,m).

6. Horeassistancesystem ifglge et hvilket som helst af kravene 1-5, hvor
stgjreduktionssystemet (NRS) med flere indgangsenheder omfatter en
straleformer (BF) med et forudbestemt, periodisk fast rumligt mal-fingeraftryk,
0g enten

« et fast rumligt stgj-fingeraftryk, eller

« et variabelt rumligt stej-fingeraftryk.

7. Hereassistancesystem ifalge krav 6, hvor det forudbestemte, periodisk faste
rumlige fingeraftryk er repraesenteret af en estimeret look-vektor d(k,m) efter
en kalibreringsmodus, og hvor det faste eller variable rumlige stej-fingeraftryk
er repreesenteret af en stgjkovariansmatrix Rw(k,m).

8. Hereassistancesystem ifglge et hvilket som helst af kravene 1-7, der er
konfigureret til at tilvejebringe, at kalibreringssignalet er indrettet til et aktuelt
stgjniveau og/eller spektrum, ved at forme kalibreringssignalet for at sikre et
forudbestemt kalibreringssignal-til-stejforhold og/eller sikre varigheden af
kalibreringssignalet.

9. Hereassistancesystem ifglge et hvilkket som helst af kravene 5-8, hvor
den/de faste straleformere er bestemt fra den estimerede look-vektor d(k,m)
og et estimat af inter-indgangsenheds-kovariansmatrixen Rw(k,m) af
st@jen vi, der pavirker de respektive indgangsenheder (i=1, 2, ..., M).

10. Hereassistancesystem ifelge krav 9, hvor et estimat for stgj-
kovariansmatrixen, der er betegnet som R, dimuse(k,m), er forudbestemt og
lagret i en hukommelse (MEM) af hgreassistanceanordningen (HAD).
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11. Hereassistancesystem ifalge et hvilket som helst af kravene 1-10, der
omfatter en stemmeaktivitetsdetektor til at estimere, om et malsignal er til
stede eller ikke er til stede eller dominerer pa et givet tidspunkt.

12. Hereassistancesystem ifglge et hvilket som helst af kravene 1-11, hvor
hjeelpeanordningen (AD) omfatter en fijernbetjening, en audio-gateway-enhed,
en mobiltelefon eller en computer, f.eks. en tabletcomputer.

13. Hereassistancesystem ifglge et hvilket som helst af kravene 1-12, hvor
hjeelpeanordningen (AD) omfatter eller danner del af et fatningssystem (*fitting
system”).

14. Hereassistancesystem ifglge et hvilket som helst af kravene 1-13, hvor
hjeelpeanordningen (AD) er en beerbar, f.eks. handholdt, anordning.

15. Hereassistancesystem ifalge et hvilket som helst af kravene 1-14, der
omfatter en sensor til at tillade en bruger a) at lokalisere hjeelpeanordningen
(AD) ved en forudbestemt vinkel og/eller hgjde og/eller afstand i forhold til
brugeren (U) og/eller b) til at spore placeringen af hjeelpeanordningen (AD) i
forhold til brugeren (U).

16. Hereassistancesystem ifslge krav 15, hvor hjeelpeanordningen (AD)
omfatter et kamera, der giver visuelt feedback, f.eks. @jenbeveegelser, fra
brugeren (U) med hensyn til en korrekt placering af hjeelpeanordningen (AD).

17. Hereassistancesystem ifglge et hvilket som helst af kravene 1-16, hvor
hgreassistanceanordningen (HAD) omfatter et hareinstrument, der er indrettet
til at veere placeret ved aret eller helt eller delvist i brugerens (U) sregang, eller
til helt eller delvist at blive implanteret i hovedet pa en bruger (U), et headset,
en hovedtelefon, en grebeskyttelsesanordning eller en kombination deraf.

18. Hereassistancesystem ifalge et hvilket som helst af kravene 1-17, der
omfatter en styreenhed, der er Kkonfigureret til at sammenligne
straleformerveegte weai(k,m) som felge af kalibreringen med et seet
standardstraleformervaegte wpa(k,m) og til at tilvejebringe en differensmaling.

19. Hereassistancesystem ifalge krav 18, der er indrettet til at tilvejebringe, at
der anvendes standardstraleformerveegte, hvis differensmalingen ligger over
en foruddefineret teerskelveerdi.

20. Hereassistancesystem ifglge et hvilket som helst af kravene 1-19, hvor
look-vektoren d(k,m) estimeres fra en inter-indgangsenheds-
kovariansmatrix Rss(k,m) baseret pa signalerne Sitk,m), i=1, 2, ..., M, der er
modtaget ved de respektive indgangsenheder (IUi), nar kalibreringssignalet
afspilles af udgangstransduceren (AD-SPK) af hjeelpeanordningen (AD).
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