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(57) A hearing aid adapted for being located at or in
an ear of a user, or for being fully or partially implanted
in the head of a user is provided. The hearing aid com-
prising an input unit for providing at least one electric
input signal representing sound in an environment of
the user, said electric input signal comprising a target
speech signal from a target sound source and noise
signal components, a noise reduction system for pro-
viding an estimate of said target speech signal, wherein
said noise signal components are at least partially atte-
nuated, and an own voice detector for repeatedly esti-
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A HEARING DEVICE COMPRISING A NOISE REDUCTION SYSTEM

mating whether or not, or with what probability, said at
least one electric input signal, or a signal derived there-
from, comprises speech originating from the voice of
the user, wherein said hearing aid is configured to loca-
lize an interference during time segments where said
own voice detector indicates that the at least one elec-
tric input signal, or a signal derived therefrom, origi-
nates from the voice of the user, and wherein the noise
signal components are determined based on the deter-
mined localized interference.
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Description
SUMMARY

[0001] Hearing devices may determine whether voice (or speech) is included in an audio signal, e.g. by applying a
voice activity detector. However, voice often originate from wanted and unwanted sources at the same time thereby
making it difficult to distinguish between the wanted and unwanted voice signals and to attenuate the unwanted voice
signal. Accordingly, it is preferable to be able to attenuate voice from unwanted sources while enhancing voice from
wanted sources.

[0002] The present application relates to hearing devices, e.g. hearing aids or headsets, in particular to noise
reduction in hearing devices. The disclosure specifically relates to applications wherein a good (high quality) estimate
of the voice of the user wearing the hearing device (or hearing devices) is needed, e.g. for transmission to another
device, e.g. to a far-end communication partner or listener, and/or to a voice interface, e.g. for voice-control of the
hearing device (or other devices or systems).

A hearing device:

[0003] In an aspect of the present application, a hearing device is disclosed. The hearing device may be adapted for
being located at or in an ear of a user, or for being fully or partially implanted in the head of a user.

[0004] The hearing device may comprise an input unit for providing at least one electric input signal representing
sound in an environment of the user. Environment may refer to the free space surrounding the user stationary and/or
dynamically depending on whether the user is standing still or moving around, and which contains audio (e.g. sound)
that arrives at the location of the user. For example, an environment may refer to a closed room in which the user is
located, or to the open space surrounding the user if the user is located outside e.g. a building.

[0005] The electric input signal may comprise a target speech signal from a target sound source and additional
signal components, termed noise signal components, from one or more other sound sources. Target sound source
may refer to one or more sound sources, such as one or more persons (e.g. the user of the hearing device and/or
other persons) or electronic devices (e.g. tv, radio, etc.), which generate and/or emit speech signals, and which are
wanted for the user to hear. One or more other sound sources may, for example, refer to one or more persons,
electronic devices, or other (e.g. instruments, animals, etc.), which generates and/or emits additional signal compo-
nents, termed noise signal components, and which are considered to be unwanted signal components for the user
and, preferably, should be attenuated.

[0006] The hearing device may comprise a noise reduction system for providing an estimate of said target speech
signal.

[0007] The noise signal components may be at least partially attenuated.

[0008] The hearing device may comprise an own voice detector for repeatedly estimating whether or not, or with
what probability, said at least one electric input signal, or a signal derived therefrom, comprises speech originating
from the voice of the user.

[0009] The hearing device may be further configured to provide that said noise signal components are identified
during time segments.

[0010] The own voice detector may indicate that the at least one electric input signal, or a signal derived therefrom,
originates from the voice of the user, or originates from the voice of the user with a probability above an own voice
presence probability (OVPP) threshold value.

[0011] Thereby, noise signal components, which may also comprise voice from unwanted sound sources, may be
detected during time intervals where the own voice detector estimates that the user is speaking, e.g. instead of or in
addition to during time intervals of no voice activity (as is customary in the art). Thus, the noise signal components for
being attenuated may be updated also while the user is speaking. For example, if a person is speaking during the
same time segment as the user is speaking, sound from the person may be identified and labelled as noise, which
should be attenuated.

[0012] Further, identifying noise signal components by use of own voice detection eliminates the need for additional
detectors (e.g. a camera) dedicated to e.g. identify by image analysis whether a specific person is the source of
unwanted noise, as he/she is speaking at the same time segment as the user.

[0013] Accordingly, an improved noise reduction may be allowed for.

[0014] The input unit may comprise a microphone. The input unit may comprise at least two microphones. The input
unit may comprise three or more microphones.

[0015] Each microphone may provide an electric input signal. The electric input signal may comprise said target
speech signal and said noise signal components.

[0016] The hearing device may comprise a voice activity detector for repeatedly estimating whether or not, or with
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what probability, said at least one electric input signal, or a signal derived therefrom, comprises speech.

[0017] Thereby, speech included in the at least one electric input signal may be enhanced.

[0018] The hearing device may comprise one or more beamformers. For example, the beamformer filter may
comprise two or more beamformers.

[0019] The input unit may be configured to provide at least two electric input signals connected to the one or more
beamformers. The one or more beamformers may be configured to provide at least one beamformed signal.

[0020] The one or more beamformers may comprise one or more own voice cancelling beamformers configured to
attenuate signal components originating from the user’s mouth, while signal components from (e.g. all) other directions
are left unchanged or attenuated less.

[0021] The one or more beamformers may comprise one or more target beamformers for enhancing the voice of the
target sound source (relative to sounds from other directions than a direction to the target sound source).

[0022] The target signal may be assumed to be the user’s own voice.

[0023] The one or more beamformers may comprise an own voice beamformer configured to maintain signal
components from the user’s mouth while attenuating signal components from (e.g. all) other directions. The own voice
beamformer may be determined in advance of operation of the hearing device (e.g. during a fitting procedure), and
corresponding filter weights may e.g. be stored in a memory of the hearing device. Acoustic transfer functions from the
user’s mouth to each microphone of the hearing device (or devices) may e.g. be determined in advance of operation of
the hearing device, either using a model (e.g. a head and torso model, e.g. HATS, Head and Torso Simulator 4128C
from Briel & Kjaer Sound & Vibration Measurement A/S), or measuring on one or more persons, e.g. including the
user. Absolute or relative acoustic transfer functions may be represented by a look vector d=(dy, ..., dy), where each
element represent a (absolute or relative) transfer function from the mouth to a specific one of the M microphones.
One of the microphones may be defined as a reference microphone, and relative transfer functions may be defined
from the reference microphone to the rest of the microphone of the hearing device (or hearing system). Own voice
filter weights W, may be determined in advance of or during operation of the hearing device. The own voice filter
weights are a function of the look vector dgy/(k), a noise covariance matrix estimate Cv(k,n) and an inter-microphone
covariance matrix C,(k,n) for noisy microphone signals, where k and n are frequency and time indices, respectively.
The calculation of the filter weights for a given type of beamformer (e.g. an MVDR beamformer) is customary in the art
and e.g. exemplified in the detailed description of embodiments of the present disclosure.

[0024] The beamformer may comprise a minimum variance distortionless response (MVDR) beamformer.

[0025] The beamformer may comprise a multichannel Wiener filter (MWF) beamformer.

[0026] The beamformer may comprise a MVDR beamformer and a MWF beamformer.

[0027] The beamformer may comprise a MVDR filter followed by a single-channel post filter.

[0028] For example, the beamformer may comprise a MVDR beamformer and a single channel post Wiener filter.
[0029] An advantage of using an MVDR filter is that it does not distort target components.

[0030] An advantage of using an MWF filter is that it maximizes broadband signal-to-noise ratio (SNR).

[0031] The noise signal components may be represented by a noise covariance matrix estimate. The noise covar-
iance matrix may be based on cross power spectral densities (CPSDs) of the noise signal components.

[0032] Thereby, a compact (mathematically tractable) description of a noise field is provided.

[0033] The hearing device may comprise a beamformer filter comprising a number of beamformers.

[0034] The noise covariance matrix may be updated when said own voice detector indicates that the at least one
electric input signal, or a signal derived therefrom, originates from the voice of the user.

[0035] The noise covariance matrix may be updated when said own voice detector indicates that the at least one
electric input signal, or a signal derived therefrom, originates from the voice of the user with a probability above said
OVPP-threshold value.

[0036] Thereby, voice from a (competing) speaker (unwanted speech) not being of (current) interest to the user
and/or disturbing the speech of the user may be attenuated.

[0037] The noise signal components may additionally be identified during time segments wherein said voice activity
detector indicates an absence of speech in the at least one electric input signal, or a signal derived therefrom.

[0038] The noise signal components may be identified during time segments wherein said voice activity detector
indicates no speech, or a presence of speech with a probability below a speech presence probability (SPP) threshold
value.

[0039] The hearing device may be configured to estimate said noise signal components using a Maximum Like-
lihood estimator.

[0040] Thereby, the noise covariance matrix estimate that best "explains" (has maximum likelihood) the observed
microphone signals is provided.

[0041] The target speech signal from the target sound source may comprise (or constitute) an own voice speech
signal from the hearing device user.

[0042] The target sound source may comprise (or constitute) an external speaker in the environment of the hearing
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device user.

[0043] The hearing device may comprise a voice interface for voice-control of the hearing device or other devices or
systems.

[0044] The input to the voice interface may e.g. be based on an estimate of the user’s own voice provided by an own
voice beamformer configured to maintain signal components from the user’s mouth while attenuating signal compo-
nents from (e.g. all) other directions. The hearing device may comprise a wake-word detector based on the estimate of
the user’s voice. The hearing device may be configured to activate the voice interface on detection of a wake-word
(e.g. with a probability above a wake-word detection threshold, e.g. larger than 60%).

[0045] The voice-interface may be incorporated in the part of the hearing device that is arranged at, behind or in the
ear of the user. The hearing device may 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), or music players. In such a case, the one or more
auxiliary devices may comprise the voice-interface.

[0046] By providing a hearing device that comprises a voice interface, a seamless handling of the functioning of the
hearing device is provided.

[0047] The hearing device may be constituted by or comprise a hearing aid, a headset, an active ear protection
device or a combination thereof.

[0048] The hearing device may comprise a headset. The hearing device may comprise a hearing aid. The hearing
device may e.g. comprise antenna and transceiver circuitry configured to establish a communication link to another
device or system. The hearing device may e.g. be used to implement handsfree telephony.

[0049] The hearing device may further comprise a timer configured to determine a time segment of overlap between
the own voice speech signal and a further speech signal.

[0050] A further speech signal may refer to a speech signal generated by a person, a radio, a tv, etc. configured to
generate a speech signal.

[0051] The timer may be associated with the own voice detector. In case the target speech signal comprises speech
from the hearing device user, the timer may be initiated when a further speech signal is detected at time segments
where the own voice detector detects a speech signal from the user. The timer may be ended when the own voice
detector does not detect a speech signal from the user. Accordingly, an unwanted speech signal may be identified and
be attenuated.

[0052] The hearing device may be configured to determine whether said time segment exceeds a time limit, and if so
to label the further speech signal as part of the noise signal component.

[0053] For example, the time limit may be at least 2 second, at least 1 second, at least 2 seconds.

[0054] The further speech signal may be speech from a competing speaker, and may as such be considered to be
noise to the target speech signal. Accordingly, the further speech signal may be labelled as being part of the noise
signal components so that the further speech signal may be attenuated.

[0055] The hearing device may be configured to label the further speech signal as being part of the noise signal
components for a predetermined time segment. Hereafter, the further speech signal may be not labelled as being part
of the noise signal components. For example, a voice signal from a person may be attenuated, when the person is not
part of a conversation with the hearing device user, but may be not attenuated at a later time, when the person is
engaging a conversation with the hearing device user.

[0056] The noise reduction system may be updated recursively. The noise signal components may be identified
recursively. Accordingly, a recursive update of the noise covariance matrix may be provided. For example, a voice
signal from a sound source, which at one time has been identified and labelled as being part of the noise signal
components, may with time be attenuated with a continuously decreasing degree. At some time, the sound source
may be exempted from being attenuated unless the sound source is once again identified and labelled as being part of
the noise signal components.

[0057] The hearing device may be adapted to provide a frequency dependent gain and/or a level dependent
compression and/or a transposition (with or without frequency compression) of one or more frequency ranges to one
or more other frequency ranges, e.g. to compensate for a hearing impairment of a user. The hearing device may
comprise a signal processor for enhancing the input signals and providing a processed output signal.

[0058] The hearing device may comprise an output unit for providing a stimulus perceived by the user as an acoustic
signal based on a processed electric signal. The output unit may comprise a number of electrodes of a cochlear
implant (for a Cl type hearing device) or a vibrator of a bone conducting hearing device. The output unit may comprise
an output transducer. The output transducer may comprise a receiver (loudspeaker) for providing the stimulus as an
acoustic signal to the user (e.g. in an acoustic (air conduction based) hearing device). The output transducer may
comprise 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). The output unit may comprise a wireless transmitter for transmitting
wireless signals comprising or representing sound to another device.
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[0059] The hearing device comprises an input unit for providing one or more electric input signals representing
sound. The input unit may comprise an input transducer, e.g. a microphone, for converting an input sound to an
electric input signal. The input unit may comprise a wireless receiver for receiving a wireless signal comprising or
representing sound and for providing an electric input signal representing said sound.

[0060] The wireless receiver and/or transmitter (e.g. a transceiver) may e.g. be configured to receive and/or transmit
an electromagnetic signal in the radio frequency range (3 kHz to 300 GHz). The wireless receiver and/or transmitter
may e.g. be configured to receive and/or transmit an electromagnetic signal in a frequency range of light (e.g. infrared
light 300 GHz to 430 THz, or visible light, e.g. 430 THz to 770 THz).

[0061] The hearing device may comprise antenna and transceiver circuitry (e.g. a wireless receiver) for wirelessly
receiving and/or transmitting a signal from/to another device, e.g. from/to an entertainment device (e.g. a TV-set), a
communication device (e.g. a smartphone), a wireless microphone, a PC, or another hearing device. The signal may
represent or comprise an audio signal and/or a control signal and/or an information signal. The hearing device may
comprise appropriate modulation/demodulation circuitry for modulating/demodulating the transmitted/received signal.
The signal may represent an audio signal and/or a control signal e.g. for setting an operational parameter (e.g.
volume) and/or a processing parameter of the hearing device and/or a voice control command, etc. In general, a
wireless link established by antenna and transceiver circuitry of the hearing device can be of any type. The wireless
link may be established between two devices, e.g. between an entertainment device (e.g. a TV) or a communication
device (e.g. a smartphone) and the hearing device, or between two hearing devices, e.g. via a third, intermediate
device (e.g. a processing device, such as a remote control device, a smartphone, etc.). The wireless link may be 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. The wireless link may be based on far-field, electromagnetic radiation. The communica-
tion via the wireless link may be 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 (frequency shift keying), PSK
(phase shift keying), e.g. MSK (minimum shift keying), or QAM (quadrature amplitude modulation), etc.

[0062] The communication between the hearing device and the other device may be in the base band (audio
frequency range, e.g. between 0 and 20 kHz). Communication between the hearing device and the other device may
be based on some sort of modulation at frequencies above 100 kHz. Preferably, frequencies used to establish a
communication link between the hearing device and the other 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). The wireless link may be based on a
standardized or proprietary technology. The wireless link may be based on Bluetooth technology (e.g. Bluetooth Low-
Energy technology).

[0063] The hearing device may have a maximum outer dimension of the order of 0.08 m (e.g. a head set). The
hearing device may have a maximum outer dimension of the order of 0.04 m (e.g. a hearing instrument).

[0064] The hearing device may comprise 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 wearing the hearing device. The directional system may be adapted to detect (such as
adaptively detect) from which direction a particular part of the microphone signal originates. This can be achieved in
various different ways as e.g. described in the prior art. In hearing devices, a microphone array beamformer is often
used for spatially attenuating background noise sources. Many beamformer variants can be found in literature. The
minimum variance distortionless response (MVDR) beamformer is widely used in microphone array signal processing.
Ideally, the MVDR beamformer keeps the signals from the target direction (also referred to as the look direction)
unchanged, while attenuating sound signals from other directions maximally. The generalized sidelobe canceller
(GSC) structure is an equivalent representation of the MVDR beamformer offering computational and numerical
advantages over a direct implementation in its original form.

[0065] The hearing device may be or form part of a portable (i.e. configured to be wearable) device, e.g. a device
comprising a local energy source, e.g. a battery, e.g. a rechargeable battery. The hearing device may e.g. be a low
weight, easily wearable, device, e.g. having a total weight less than 100 g, e.g. less than 20 g, e.g. less than 10 g.
[0066] The hearing device may comprise a forward or signal path between an input unit (e.g. an input transducer,
such as a microphone or a microphone system and/or direct electric input (e.g. a wireless receiver)) and an output
unit, e.g. an output transducer. The signal processor may be located in the forward path. The signal processor may be
adapted to provide a frequency dependent gain according to a user’s particular needs. The hearing device may
comprise 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.). Some or all signal processing of the analysis path
and/or the signal path may be conducted in the frequency domain. Some or all signal processing of the analysis path
and/or the signal path may be conducted in the time domain.
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[0067] An analogue electric signal representing an acoustic signal may be converted to a digital audio signal in an
analogue-to-digital (AD) conversion process, where the analogue signal is sampled with a predefined sampling fre-
quency or rate fg, 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 discrete 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 48 bits, e.g. 24 bits. Each
audio sample is hence quantized using N, bits (resulting in 2Nb different possible values of the audio sample). A digital
sample x has a length in time of 1/f;, e.g. 50 ps, for f; = 20 kHz. A number of audio samples may be arranged in a time
frame. A time frame may comprise 64 or 128 audio data samples. Other frame lengths may be used depending on the
practical application.

[0068] The hearing device may comprise an analogue-to-digital (AD) converter to digitize an analogue input (e.g.
from an input transducer, such as a microphone) with a predefined sampling rate, e.g. 20 kHz. The hearing devices
may 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.

[0069] The hearing device, e.g. the input unit, and/or the antenna and transceiver circuitry may comprise a TF-
conversion unit for providing a time-frequency representation of an input signal. The time-frequency representation
may comprise an array or map of corresponding complex or real values of the signal in question in a particular time
and frequency range. The TF conversion unit may comprise 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. The
TF conversion unit may comprise a Fourier transformation unit for converting a time variant input signal to a (time
variant) signal in the (time-)frequency domain. The frequency range considered by the hearing device from a minimum
frequency f,,;, to a maximum frequency f,,,,, may comprise 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. Typically, a sample rate f; is larger than or equal to
twice the maximum frequency f, ., fs = 2f,ax- A signal of the forward and/or analysis path of the hearing device may
be split into a number NI of frequency bands (e.g. of uniform width), where N/ 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. The hearing device may be 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.

[0070] The hearing device may be configured to operate in different modes, e.g. a normal mode and one or more
specific modes, e.g. selectable by a user, or automatically selectable. A mode of operation may be optimized to a
specific acoustic situation or environment. A mode of operation may include a low-power mode, where functionality of
the hearing device is reduced (e.g. to save power), e.g. to disable wireless communication, and/or to disable specific
features of the hearing device. A mode of operation may be a voice control mode, where a voice interface is activated,
e.g. via a specific wake-word (or words), e.g. 'Hey Oticon’. A mode of operation may be a communication mode, where
the hearing device is configured to pick up the user’s voice and transmit it to another device (and possibly to receive
audio from another device, e.g. to enable handsfree telephony).

[0071] The hearing device may comprise 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 device, a remote control, and audio delivery
device, a telephone (e.g. a smartphone), an external sensor, etc.

[0072] One or more of the number of detectors may operate on the full band signal (time domain). One or more of
the number of detectors may operate on band split signals ((time-) frequency domain), e.g. in a limited number of
frequency bands.

[0073] The number of detectors may comprise a level detector for estimating a current level of a signal of the
forward path. The predefined criterion comprises whether the current level of a signal of the forward path is above or
below a given (L-)threshold value. The level detector may operate on the full band signal (time domain). The level
detector may operate on band split signals ((time-) frequency domain).

[0074] The hearing device may comprise a voice detector (VD) for estimating whether or not (or with what prob-
ability) 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). The voice detector unit may be adapted to classify a current acoustic environment of the
user as a VOICE or NO-VOICE environment. This has the advantage that time segments of the electric microphone
signal comprising human utterances (e.g. speech) in the user’s environment can be identified, and thus separated
from time segments only (or mainly) comprising other sound sources (e.g. artificially generated noise). The voice
detector may be 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.
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[0075] The hearing device may comprise an own voice detector for estimating whether or not (or with what prob-
ability) a given input sound (e.g. a voice, e.g. speech) originates from the voice of the user of the system. A micro-
phone system of the hearing device may be adapted to be able to differentiate between a user’'s own voice and
another person’s voice and possibly from NON-voice sounds.

[0076] The number of detectors may comprise a movement detector, e.g. an acceleration sensor. The movement
detector may be configured to detect movement of the user’s facial muscles and/or bones, e.g. due to speech or
chewing (e.g. jaw movement) and to provide a detector signal indicative thereof.

[0077] The hearing device may comprise 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

a) the physical environment (e.g. including the current electromagnetic environment, e.g. the occurrence of
electromagnetic signals (e.g. comprising audio and/or control signals) intended or not intended for reception by
the hearing device, or other properties of the current environment than acoustic);

b) the current acoustic situation (input level, feedback, etc.), and

c) the current mode or state of the user (movement, temperature, cognitive load, etc.);

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

[0078] The classification unit may be based on or comprise a neural network, e.g. a trained neural network.

[0079] The hearing device may further comprise other relevant functionality for the application in question, e.g.
compression, feedback control, etc.

[0080] The hearing device may comprise 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. A hearing system may comprise a speakerphone
(comprising a number of input transducers and a number of output transducers, e.g. for use in an audio conference
situation), e.g. comprising a beamformer filtering unit, e.g. providing multiple beamforming capabilities.

[0081] In an aspect of the present application, a binaural hearing system comprising a first hearing device and an
auxiliary device is disclosed. The binaural hearing system may be configured to allow an exchange of data between
the first hearing devices and the auxiliary device.

[0082] In an aspect of the present application, a binaural hearing system comprising a first and a second hearing
device is disclosed. The binaural hearing system may be configured to allow an exchange of data between the first
and the second hearing devices, e.g. via an intermediate auxiliary device.

Use:

[0083] In an aspect, use of a hearing device as described above, in the 'detailed description of embodiments’ and in
the claims, is moreover provided. Use may be provided in a system comprising one or more hearing aids (e.g. hearing
instruments), headsets, ear phones, active ear protection systems, etc., e.g. in handsfree telephone systems, tele-
conferencing systems (e.g. including a speakerphone), public address systems, karaoke systems, classroom amplifi-
cation systems, etc.

A method:

[0084] In an aspect, a method of operating a hearing device is provided.

[0085] The hearing device may be adapted for being located at or in an ear of a user, or for being fully or partially
implanted in the head of a user.

[0086] The method may comprise providing at least one electric input signal representing sound in an environment
of the user.

[0087] The electric input signal may comprise a target speech signal from a target sound source and additional
signal components, termed noise signal components, from one or more other sound sources.

[0088] The method may comprise providing an estimate of said target speech signal.

[0089] The noise signal components may be at least partially attenuated.

[0090] The method may comprise repeatedly estimating whether or not, or with what probability, said at least one
electric input signal, or a signal derived therefrom, comprises speech originating from the voice of the user.

[0091] The method may further comprise identifying said noise signal components during time segments.

[0092] The own voice detector may indicate that the at least one electric input signal, or a signal derived therefrom,
originates from the voice of the user, or originates from the voice of the user with a probability above an own voice
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presence probability (OVPP) threshold value.

[0093] It is intended that some or all of the structural features of the device described above, in the ’'detailed
description of embodiments’ or in the claims can be combined with embodiments of the method, when appropriately
substituted by a corresponding process and vice versa. Embodiments of the method have the same advantages as
the corresponding devices.

A computer readable medium or data carrier:

[0094] In an aspect, a tangible computer-readable medium (a data carrier) storing a computer program comprising
program code means (instructions) for causing a data processing system (a computer) to perform (carry out) at least
some (such as a majority or all) of the (steps of the) method described above, in the ’detailed description of embodi-
ments’ and in the claims, when said computer program is executed on the data processing system is furthermore
provided by the present application.

[0095] By way of example, and not limitation, such computer-readable media can comprise RAM, ROM, EEPROM,
CD-ROM or other optical disk storage, magnetic disk storage or other magnetic storage devices, or any other medium
that can be used to carry or store desired program code in the form of instructions or data structures and that can be
accessed by a computer. Disk and disc, as used herein, includes compact disc (CD), laser disc, optical disc, digital
versatile disc (DVD), floppy disk and Blu-ray disc where disks usually reproduce data magnetically, while discs
reproduce data optically with lasers. Other storage media include storage in DNA (e.g. in synthesized DNA strands).
Combinations of the above should also be included within the scope of computer-readable media. In addition to being
stored on a tangible medium, the computer program can also be transmitted via a transmission medium such as a
wired or wireless link or a network, e.g. the Internet, and loaded into a data processing system for being executed at a
location different from that of the tangible medium.

[0096] The method step of providing an estimate of said target speech signal, wherein said noise signal components
are at least partially attenuated may be implemented in software.

[0097] The method step of repeatedly estimating whether or not, or with what probability, said at least one electric
input signal, or a signal derived therefrom, comprises speech originating from the voice of the user may be implemen-
ted in software.

[0098] The method step of identifying said noise signal components during time segments wherein said own voice
detector indicates that the at least one electric input signal, or a signal derived therefrom, originates from the voice of
the user, or originates from the voice of the user with a probability above an own voice presence probability (OVPP)
threshold value may be implemented in software.

A computer program:

[0099] A computer program (product) comprising instructions which, when the program is executed by a computer,
cause the computer to carry out (steps of) the method described above, in the 'detailed description of embodiments’
and in the claims is furthermore provided by the present application.

A data processing system:

[0100] In an aspect, a data processing system comprising a processor and program code means for causing the
processor to perform at least some (such as a majority or all) of the steps of the method described above, in the
"detailed description of embodiments’ and in the claims is furthermore provided by the present application.

A hearing system:

[0101] In a further aspect, a hearing system comprising a hearing device as described above, in the 'detailed
description of embodiments’, and in the claims, AND an auxiliary device is moreover provided.

[0102] The hearing system may be adapted to establish 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.

[0103] The auxiliary device may comprise a remote control, a smartphone, or other portable or wearable electronic
device, such as a smartwatch or the like.

[0104] The auxiliary device may constitute or comprise a remote control for controlling functionality and operation of
the hearing device(s). The function of a remote control may be 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
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standardized or proprietary scheme).

[0105] The auxiliary device may be or comprise 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.

[0106] The auxiliary device may be constituted by or comprise another hearing device. The hearing system may
comprise two hearing devices adapted to implement a binaural hearing system, e.g. a binaural hearing aid system.

An APP:

[0107] In a further aspect, a non-transitory application, termed an APP, is furthermore provided by the present
disclosure. The APP comprises executable instructions configured to be executed on an auxiliary device to implement
a user interface for a hearing device or a hearing system described above in the 'detailed description of embodiments’,
and in the claims. The APP may be configured to run on a cellular phone, e.g. a smartphone, or on another portable
device allowing communication with said hearing device or said hearing system.

Definitions:

[0108] In the present context, a 'hearing device’ refers to a device, such as a hearing aid, 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 corre-
sponding 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 possi-
bly 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.

[0109] 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 an output transducer, e.g. 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, e.g. a vibrator, attached to a fixture implanted into the skull bone, as an attachable, or entirely or partly implanted,
unit, etc. The hearing device may comprise a single unit or several units communicating electronically with each other.
The loudspeaker may be arranged in a housing together with other components of the hearing device, or may be an
external unit in itself (possibly in combination with a flexible guiding element, e.g. a dome-like element). The hearing
device may be implemented in one single unit (housing) or in a number of units individually connected to each other.
[0110] 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 wire-
lessly) receiving an input audio signal, a (typically configurable) signal processing circuit (e.g. a signal processor, e.g.
comprising a configurable (programmable) processor, e.g. a digital signal processor) for processing the input audio
signal and an output unit for providing an audible signal to the user in dependence on the processed audio signal. The
signal processor may be adapted to process the input signal in the time domain or in a number of frequency bands. In
some hearing devices, an amplifier and/or compressor may constitute the signal processing circuit. The signal proces-
sing 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 unit 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 unit may comprise one or more output electrodes for providing electric signals (e.g. a
multi-electrode array for electrically stimulating the cochlear nerve). The hearing device may comprise a speaker-
phone (comprising a number of input transducers and a number of output transducers, e.g. for use in an audio
conference situation).

[0111] In some hearing devices, the vibrator may be adapted to provide a structure-borne acoustic signal transcuta-
neously 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 acoustic
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
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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.

[0112] A hearing device, e.g. a hearing aid, may be adapted to a particular user’s needs, e.g. a hearing impairment.
A configurable signal processing circuit of the hearing device may be adapted to apply a frequency and level depen-
dent compressive amplification of an input signal. A customized frequency and level dependent gain (amplification or
compression) may be determined in a fitting process by a fitting system based on a user’s hearing data, e.g. an
audiogram, using a fitting rationale (e.g. adapted to speech). The frequency and level dependent gain may e.g. be
embodied in processing parameters, e.g. uploaded to the hearing device via an interface to a programming device
(fitting system), and used by a processing algorithm executed by the configurable signal processing circuit of the
hearing device.

[0113] 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), or music
players. Hearing devices, hearing systems or binaural hearing 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. Hearing devices or hearing systems may e.g. form
part of or interact with public-address systems, active ear protection systems, handsfree telephone systems, car audio
systems, entertainment (e.g. karaoke) systems, teleconferencing systems, classroom amplification systems, etc.
[0114] Embodiments of the disclosure may e.g. be useful in applications wherein a good (high quality) estimate of
the voice of the user wearing the hearing device (or hearing devices) is needed.

BRIEF DESCRIPTION OF DRAWINGS

[0115] The aspects of the disclosure may be best understood from the following detailed description taken in
conjunction 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:

FIG. 1A shows an exemplary application scenario of a hearing device system according to the present disclosure.
FIGS. 1B to 1D show the corresponding voice activity, voice activity detector (VAD), and noise update, respec-
tively, for identical time segments according the present disclosure.

FIG. 2A shows an exemplary application scenario of a hearing device system according to the present disclosure.
FIGS. 2B to 2D show the corresponding voice activity, voice activity detector (VAD), and noise update, respec-
tively, for identical time segments according the present disclosure.

FIG. 3A shows an exemplary application scenario of a hearing device system according to the present disclosure.
FIGS. 3B to 3D show the corresponding voice activity, voice activity detector (VAD), and noise update, respec-
tively, for identical time segments according the present disclosure.

FIG. 4A shows an exemplary input unit coupled to an exemplary noise reduction system.

FIG. 4B shows an exemplary input unit coupled to an exemplary noise reduction system according to the present
disclosure.

FIG. 5A shows an exemplary block diagram of a hearing aid comprising a noise reduction system according to an
embodiment of the present disclosure.

FIG. 5B shows an exemplary block diagram of a hearing aid comprising a noise reduction system according to an
embodiment of the present disclosure in a handsfree telephony mode of operation.

FIG. 5C shows an exemplary block diagram of a hearing aid comprising a noise reduction system according to an
embodiment of the present disclosure including a voice control interface.

FIG. 6 shows an exemplary application scenario of a hearing device system according to the present disclosure.

[0116] 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.

[0117] 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 indicat-
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ing 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

[0118] The detailed description set forth below in connection with the appended drawings is intended as a descrip-
tion 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
practiced without these specific details. Several aspects of the apparatus and methods are described by various
blocks, functional units, modules, components, circuits, steps, processes, algorithms, etc. (collectively referred to as
"elements"). Depending upon particular application, design constraints or other reasons, these elements may be
implemented using electronic hardware, computer program, or any combination thereof.

[0119] The electronic hardware may include micro-electronic-mechanical systems (MEMS), integrated circuits (e.g.
application specific), microprocessors, microcontrollers, digital signal processors (DSPs), field programmable gate
arrays (FPGAs), programmable logic devices (PLDs), gated logic, discrete hardware circuits, printed circuit boards
(PCB) (e.g. flexible PCBs), and other suitable hardware configured to perform the various functionality described
throughout this disclosure, e.g. sensors, e.g. for sensing and/or registering physical properties of the environment,
the device, the user, etc. Computer program shall be construed broadly to mean instructions, instruction sets, code,
code segments, program code, programs, subprograms, software modules, applications, software applications, soft-
ware packages, routines, subroutines, objects, executables, threads of execution, procedures, functions, etc., whether
referred to as software, firmware, middleware, microcode, hardware description language, or otherwise.

[0120] The present application relates to the field of hearing devices, e.g. hearing aids.

[0121] Speech enhancement and noise reduction are often needed in real-world audio applications where noise
from the acoustic environment masks a desired speech signal often resulting in reduced speech intelligibility. Exam-
ples of audio applications where noise reduction can be beneficial are hands-free wireless communication devices e.g.
headsets, automatic speech recognition systems, and hearing aids (HA). In particular, applications such as headset
communication devices where a ('far end’) human listener needs to understand the noisy own voice picked-up by the
headset microphones, noise can greatly reduce sound quality and speech intelligibility making conversations more
difficult.

[0122] ’Headset applications’ may in the present context include normal headset applications for use in communica-
tion with a ’far end speaker’ e.g. via a network (such as office or call-centre applications) but also hearing aid
applications where the hearing aid is in a specific 'communication or telephone mode’ adapted to pick up a user’s
voice and transmit it to another device (e.g. a far-end-communication partner), while possibly receiving audio from the
other device (e.g. from the far-end-communication partner).

[0123] Noise reduction algorithms implemented in multi microphone devices may comprise a set of linear filters, e.g.
spatial filters and temporal filters that are used to shape the sound picked-up by the microphones. Spatial filters are
able to alter the sound by enhancing or attenuating sound as a function of direction, while temporal filters alter the
frequency response of the noisy signal to enhance or attenuate specific frequencies. To find the optimal filter coeffi-
cients, it is usually necessary to know the noise characteristics of the acoustic environment. Unfortunately, these noise
characteristics are often unknown and need to be estimated online. Characteristics that are often necessary as inputs
to multichannel noise reduction algorithms are e.g. the cross power spectral densities (CPSDs) of the noise. The noise
CPSDs are for example needed for the minimum variance distortionless response (MVDR) and multichannel Wiener
filter (MWF) beamformers which are common beamformers implemented in multimicrophone noise reduction systems.
[0124] To estimate the noise statistics, researchers have developed a wide variety of estimators of the noise
statistics e.g. [1-5]. In [1,4] they propose a maximum likelihood (ML) estimator of the noise CPSD matrix during speech
presence by assuming that the noise CPSD matrix remains identical up to a scalar multiplier. This estimator performs
well, when the underlying structure of the noise CPSD matrix does not change over time, e.g. for car cabin noise and
isotropic noise fields, but may fail otherwise. In many realistic acoustic environments, the underlying structure of the
noise CPSD matrix cannot be assumed fixed, for example when a prominent non-stationary interference noise source
is present in the acoustic scene. In particular, when the interference is a competing speaker, then many noise reduc-
tion systems fail at efficiently suppressing the competing speaker as it is harder to determine whether the own voice or
the competing speaker is the desired speech.

[0125] In FIG. 1A, the environment of the hearing device user 1 is shown. The environment is shown to comprise the
hearing device user 1, a target sound source 2, and noise signal components 3.

[0126] The hearing device user 1 may wear a hearing device comprising a first microphone 4 and a second micro-
phone 5 on a left ear of the user 1, and a third microphone 6 and a fourth microphone 7 on the right ear of the user 1.
[0127] The target sound source 2 may be located near the hearing device user 1 and may be configured to generate
and emit a target speech signal into the environment of the user 1. The target source 2 may as such be a person, a
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radio, a television, etc. configured to generate a target speech signal. The target speech signal may be directed
towards the user 1 or may be directed away from the user 1.

[0128] The noise signal components 3 are shown to surround both the hearing device user 1 and the target sound
source 2 and therefore effect the target source signal received at the hearing device user 1. The noise signal
components may comprise localized noise sources (e.g. a machine, a fan, etc.), and/or distributed (diffuse, isotropic)
noise sound sources.

[0129] The first microphone 4, the second microphone 5, the third microphone 6 and the fourth microphone 7 may
(each) provide an electric input signal comprising the target speech signal and the noise signal components 3.

[0130] In FIG. 1B, the voice activity (VA) is illustrated as a function of a time segment. It is assumed that the target
source 2 and the user 1 are speaking back-to-back, i.e. with no or only minimal pause in between speech, e.g. of a
conversation. The user 1 is illustrated to speak in the time segment between t1 and t2, and between t5 and t6 (denoted
‘own voice’), whereas the target source 2 is illustrated to speak in the time segment between t3 and t4, and between t7
and t8 (denoted ’target sound source’). During the entire time segment of FIG. 1B, there is a noise signal with a
randomly fluctuating noise level (solid curve denoted 'Noise’).

[0131] FIG. 1C illustrates how the exemplary voice activity of FIG. 1B may be detected with use of an own-voice
VAD (e.g. own voice detector (OVD)) and with a VAD (i.e. a classical VAD).

[0132] The own voice VAD may detect that the user 1 is speaking in the time segment between t1 and t2 and in the
time segment between t5 and t6. The VAD on the other hand will detect that speech (from both the user 1 and the
target source 2) is being generated in the entire time segment from t1 to t8. However, depending on the resolution of
the VAD used there may be a small break in detected voice activity in the segments t2 to t3, t4 to t5, and t6 to t7.
[0133] FIG. 1D illustrates when the hearing device may be able to update a noise reduction system for providing an
estimate of said target speech signal and at least partially attenuating the noise signal components 3.

[0134] In a classical approach (upper part of FIG. 1D) in which the VAD may be used to detect the presence of
speech, the noise reduction system of the hearing device will only be updated at times where no speech is generated
(both from the user 1 and from the target source 2), as VAD is not able to distinguish between speech from the user 1
and from the target source 2. Accordingly, only at times where the VAD does not detect speech, i.e. from t0 to t1 and
from t8 ongoing, the noise reduction system will be updated.

[0135] With use of an own voice VAD (lower part of FIG. 1D), the noise reduction system of the hearing device may
be updated not only when no speech is detected, but also when speech from the user 1 is detected with the own voice
VAD, i.e. from t0 to t2, from t5 to t6, and from t8 ongoing.

[0136] Accordingly, noise signal components may be identified during time segments (time intervals) where said
own voice detector indicates that the at least one electric input signal, or a signal derived therefrom, originates from
the voice of the user 1, or originates from the voice of the user 1 with a probability above an own voice presence
probability (OVPP) threshold value, e.g. 60%, or 70%.

[0137] Combining the own voice VAD and the VAD in the hearing device, the noise reduction system may be
configured to both detect when the user 1 is speaking and when the target source 2 is speaking. Thereby, the noise
reduction system may be updated during time segments where no speech signal is generated and where the user 1 is
speaking, but may be prevented from updating at time segments where only the target sound source 2 is generating a
target speech signal (speaking).

[0138] In FIG. 2A, the environment of the hearing device user 1 is shown. The environment is shown to comprise the
hearing device user 1, a competing speaker 8, and noise signal components 3.

[0139] As was the case in FIG. 1A, the hearing device user 1 may wear a hearing device comprising a first micro-
phone 4 and a second microphone 5 at or on a left ear of the user 1, and a third microphone 6 and a fourth microphone
7 at or on the right ear of the user 1.

[0140] The competing speaker 8 may be located near the hearing device user 1 and may be configured to generate
and emit a competing speech signal (i.e. an unwanted speech signal) into the environment of the user 1. The compet-
ing speaker 8 may as such be a person, a radio, a television, etc. configured to generate a competing speech signal.
The competing speech signal may be directed towards the user 1 or may be directed away from the user 1.

[0141] The noise signal components 3 are shown to surround both the hearing device user 1 and the competing
speaker 8 and therefore effect the estimation of the own voice of the user 1, i.e. the wanted speech signal (e.g. in case
the hearing device comprises or implements a headset), received at the hearing device microphones 4,5,6,7.

[0142] In FIG. 2B, the voice activity (VA) is illustrated as a function of a time segment (Time). It is assumed that the
user 1 is speaking from t1 to t3 and that the competing speaker 8 is speaking from {2 to t4, whereby the voice of the
competing speaker 8 is overlapping the voice of the user 1. During the entire time segment of FIG. 2B, there is a noise
signal with a randomly fluctuating noise level.

[0143] FIG. 2C illustrates how the exemplary voice activity of FIG. 2B may be detected with use of an own-voice
VAD and with a (general) VAD.

[0144] The own voice VAD (lower part of FIG. 2C) may detect that the user 1 is speaking in the time segment
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between t1 and 3. The VAD (upper part of FIG. 2C) on the other hand will detect that speech (from both the user 1 and
the competing speaker 8) is being generated in the entire time segment from t1 to t4.

[0145] FIG. 2D illustrates when the hearing device may be able to update a noise reduction system for providing an
estimate of said target speech signal and at least partially attenuating the noise signal components 3.

[0146] In a classical approach (upper part of FIG. 2D) in which the VAD would be used to detect the presence of
speech, the noise reduction system of the hearing device would only be updated at times where no speech is
generated (both from the user 1 and from the competing speaker 8), as the general VAD is not able to distinguish
between speech from the user 1 and from the competing speaker 8. Accordingly, only at times where the VAD does
not detect speech, i.e. from t0 to t1 (and from t4 and on), the noise reduction system may be updated.

[0147] With use of an own voice VAD (lower part of FIG. 2D), the noise reduction system of the hearing device may
be configured to be updated not only when no speech is detected, i.e. from t0 to t1 (and from t4 and on), but also when
speech from the user 1 is detected with the own voice VAD, i.e. (in total) from t0 to t3.

[0148] Accordingly, noise signal components (including from the competing speaker 8) may be identified during time
segments where said own voice detector indicates that the at least one electric input signal, or a signal derived
therefrom, originates from the voice of the user 1, or originates from the voice of the user 1 with a probability above
an own voice presence probability (OVPP) threshold value.

[0149] Combining the own voice VAD and the VAD in the hearing device, the noise reduction system may be
configured to both detect when the user 1 is speaking and when the competing speaker 8 is speaking alone. Thereby,
the noise reduction system may be updated during time intervals where no speech signal is generated and where the
user 1 is speaking, but may be prevented from updating at time intervals where the competing speaker 8 is generating
a speech signal.

[0150] In FIG. 3A, the environment of the hearing device user 1 is shown. The environment is shown to comprise the
hearing device user 1, a target sound source 2, a competing speaker 8, and noise signal components 3.

[0151] As was the case in FIGS. 1A and 2A, the hearing device user 1 may wear a hearing device comprising a first
microphone 4 and a second microphone 5 on a left ear of the user 1, and a third microphone 6 and a fourth
microphone 7 on the right ear of the user 1.

[0152] The target sound source 2 and the competing speaker 8 may be located near the hearing device user 1 and
may be configured to generate and emit a speech signals into the environment of the user 1. The target speech signal
and/or the competing speaker speech signal may be directed towards the user 1 or may be directed away from the
user 1.

[0153] The noise signal components 3 are shown to surround both the hearing device user 1, the competing speak-
er 8, and the target sound source 2 and may therefore affect the target source signal received at the hearing device
user 1.

[0154] The first microphone 4, the second microphone 5, the third microphone 6 and the fourth microphone 7 may
provide an electric input signal comprising the target speech signal, the competing speaker signal, and the noise
signal components 3.

[0155] In FIG. 3B, the voice activity (VA) is illustrated as a function of a time interval (Time). It is assumed that the
target source 2 and the user 1 are speaking back-to-back and that the competing speaker 8 is overlapping the speech
of the target source 2 and the user 1. The user 1 is illustrated to speak in the time interval between t1 and t2, and
between t5 and t6 (Own voice), whereas the target source 2 is illustrated to speak in the time interval between t3 and
t4, and between t7 and t8 (Target sound source). The competing speaker 8 is illustrated to speak in the time interval
between t1* and t7* (Competing speaker). During the entire time interval of FIG. 3B, there is a noise signal with a
randomly fluctuating noise level (solid graph denoted 'noise’).

[0156] FIG. 3C illustrates how the exemplary voice activity of FIG. 3B may be detected with use of an own-voice
VAD and with a VAD.

[0157] The own voice VAD will detect that the user 1 is speaking in the time interval between t1 and t2 and in the
time interval between t5 and t6. The VAD on the other hand will detect that speech (from both the user 1, the
competing speaker 8, and the target source 2) is being generated in the entire time interval from t1 to t8.

[0158] FIG. 3D illustrates the time intervals at which the hearing device would be able to update a noise reduction
system for providing an estimate of said target speech signal and at least partially attenuating the noise signal
components 3, including the competing speaker signal.

[0159] In a classical approach in which the VAD may be used to detect the presence of speech, the noise reduction
system of the hearing device would only be updated at times where no speech is generated (both from the user 1, the
competing speaker 8, and from the target source 2), as the VAD is not able to distinguish between speech from the
user 1, the competing speaker 8, and from the target source 2. Accordingly, only at times where the VAD does not
detect speech, i.e. from t0 to t1 and from t8 ongoing, the noise reduction system will be updated.

[0160] With use of an own voice VAD, the noise reduction system of the hearing device may be configured to be
updated not only when no speech is detected, but also when speech from the user 1 is detected by the own voice

13



10

15

20

25

30

35

40

45

50

55

EP 4 827 119 A2

VAD, i.e. from t0 to t2, from t5 to t6, and from t8 ongoing.

[0161] Accordingly, noise signal components may be identified during time segments where said own voice detector
indicates that the at least one electric input signal, or a signal derived therefrom, originates from the voice of the user
1, or originates from the voice of the user 1 with a probability above an own voice presence probability (OVPP)
threshold value.

[0162] Combining the own voice VAD and the VAD in the hearing device, the noise reduction system may be
configured to both detect when the user 1 is speaking and when the target source 2 and the competing speaker 8 are
speaking. Thereby, the noise reduction system may be updated during time intervals where no speech signal is
generated and where the user 1 is speaking, but may be prevented from updating at time intervals where the target
sound source 2 is generating a target speech signal.

[0163] In FIG. 4A and 4B a noise reduction system (NRS) is coupled to an input unit (IU) comprising M input
transducers (1T, ..., ITy), e.g. microphones, where M is larger than or equal to 2. The M input transducers may be
located in a single hearing device, e.g. a hearing aid (e.g. located in or at an ear of a user). The M input transducers
may be distributed over two (separate) hearing devices, e.g. hearing aids (e.g. in (two) hearing devices located in or at
respective ears of a user). The latter configuration may form part of or constitute a binaural hearing system, e.g. a
binaural hearing aid system. Each of the hearing devices of the binaural hearing aid system may comprise one or
more (at least one), e.g. two or more, input transducers (e.g. microphones). A configuration of microphones of a
binaural hearing aid system, wherein each hearing aid comprises two microphones, is e.g. illustrated in FIG. 6. Various
embodiments of a hearing device (e.g. a hearing aid) comprising a noise reduction system according to the present
disclosure are illustrated in FIGs. 5A, 5B, 5C.

[0164] FIG. 4A shows an exemplary input unit (IU) coupled to an exemplary noise reduction system. Each of the M
input transducers receive (at their respective, different locations) sound signals (sy, ..., sy;) from an input sound filed

(comprising environment sound). The input unit (IlU) comprises M input sub-units (IU4, ..., IUy). Each input unit
comprises an input transducer (ITy4, ..., ITy), €.9. @ microphone, for converting an input sound signal to an electric
input signal (s’4, ..., s’y).- Each input transducer may comprise an analogue-to-digital converter for converting an

analogue input signal to a digital signal (with a certain sampling rate, e.g. 20 kHz, or more). Each input unit further
comprises an analysis filter bank for converting a time-domain (digital) signal to a number (K, e.g. > 16, or > 24 or > 64)
of frequency sub-band signals (S4(k,n), ..., Sy(k,n), where k and n are frequency and time indices, respectively, and
where k=1, ..., K). The respective electric input signals (S,(k,n), ..., Syy(k,n)) in a time-frequency representation (k,n)
are fed to the noise reduction system (NRS).

[0165] The noise reduction system (NRS) is configured to provide an estimate S(k,n) of a target speech signal (e.g.
the hearing aid user’s own voice, and/or the voice of a target speaker in the environment of the user), wherein noise
signal components are at least partially attenuated. The noise reduction system (NRS) comprises a a number of
beamformers. The noise reduction system (NRS) comprises a beamformer (BF), e.g. an MVDR beamformer or a
MVF beamformer, connected to the input unit (IU) and configured to receive the electric input signals (S;(k,n), ..., Sy
(k,n)) in a time-frequency representation. The beamformer (BF) is configured to provide at least one beamformed
(spatially filtered) signal, e.g. the estimate S(k,n) of a target speech signal.

[0166] Directionality by beamforming is an efficient way to attenuate unwanted noise as a direction-dependent gain
can cancel noise from one direction while preserving the sound of interest impinging from another direction hereby
potentially improving the intelligibility of a target speech signal (thereby providing spatial filtering). Typically, beamfor-
mers in hearing devices, e.g. hearing aids, have beampatterns, which are continuously adapted in order to minimize
noise components while sound impinging from a target direction is unaltered. Typically, the acoustic properties of the
noise signal changes over time. Hence, the noise reduction system is implemented as an adaptive system, which
adapts the directional beampattern in order to minimize the noise while the target sound (direction) is unaltered.
[0167] The noise reduction system (NRS) of FIG. 4A further comprises a voice activity detector (VAD) for repeatedly
estimating whether or not, or with what probability, at least one (a majority, or all) of the electric input signals, or a
signal or signals derived therefrom, comprise(s) speech. The electric input signals (S4(k,n), ..., Sy(k,n)), or at least one
of them (or a processed, e.g. beamformed, version thereof), is/are fed to the VAD, and based thereon, a voice activity
signal (VA) indicative of whether or not, or with what probability, the electric input signal or signals or processed
versions thereof contains speech, is provided. The VA is fed to the update unit (UPD-C, ,.) for updating noise
covariance matrices C .- The noise covariance matrices are determined (at a given point in time) from the (noisy)
electric input signals (S4(k,n), ..., Sy (k,n)) in the absence of speech (assuming that only noise is present in the sound
field at such time instants). An updated noise covariance matrix C.sc(k,n) is used by the update filter weights unit
(UPD-W), wherein updated filter weights W(k,n) at the given time instant when the noise covariance matrix was
updated are determined based on the latest noise covariance matrix C,;sc(k,n) and an estimate of current relative or
absolute acoustic transfer functions (e.g. arranged in a look vector d (k,m)) from the target sound source to the
respective input transducers of the input unit (IU) of the hearing system (or device)). The calculation of the noise
covariance matrix C, ,isc(k;n) and the beamformer weights W(k,n) is known from the prior art and e.g. described in [11]
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and/or in EP2701145A1. The updated beamformer weights W(k,n) are applied to the electric input signals (S4(k,n), ...,
Su(k,n)) in the beamformer (BF), whereby an estimate S(k,n) of the target signal is provided.

[0168] FIG. 4B shows an exemplary input unit (IU) coupled to an exemplary noise reduction system (NRS) accord-
ing to the present disclosure. The embodiment of FIG. 4B is equal to the embodiment of FIG. 4A in that it contains the
same functional elements as the embodiment of FIG. 4A. Additionally, however, it contains an own voice detector
(OVAD) for repeatedly estimating whether or not, or with what probability, at least one (a majority, or all) of the electric
input signals (S, Sy), or a signal derived therefrom, comprises speech originating from the voice of the user. Some
acoustic events have distinct directional beampatterns, which can be distinguished from other acoustic events. A
hearing device user’'s own voice is an example of such an event. This is utilized in the present disclosure. By
simultaneously monitoring (general) voice presence (indicated by voice activity signal VA from the VAD) and (specifi-
cally) own voice presence (indicated by own voice activity signal OVA from the OVAD), another scheme (than general
voice absence) for identifying appropriate time segments for updating the noise covariance matrix C.;sc(k,n) can
advantageously be used. As shown in the examples of FIG. 1D, 2D, 3D, the noise reduction system according to the
present disclosure is configured to update the noise covariance matrix C,,,s¢(k,n) during own voice speech activity
(and possibly during general speech absence). The update unit (UPD-C, ,isc) Mmay e.g. comprise an own voice cancel-
ling beamformer configured to cancel (or attenuate) sounds from the user’'s mouth, while leaving sounds from other
directions un-changed (or less attenuated). The update filter weights unit (UPD-W) may include the function of a
(single channel) post filter in that - in addition to spatial filtering of the target signal - noise components are further
attenuated by the own-voice cancelling beamformer of the update unit (UPD-C, ;). The update filter weights unit
(UPD-W) may receive or calculate own voice transfer functions (mouth to microphones), e.g. arranged in a look vector
d (cf. input d). The look vector may be determined in advance of or during operation of the hearing device. The look
vector may be used in determining the current filter weights. The look vector may represent transfer functions or
relative transfer functions to the user’s own voice or to an external target sound source, e.g. a target speaker in the
environment. Look vectors for the user’s own-voice as well as for an environment target speaker may be provided to or
adaptively determined by the noise reduction system. The noise reduction system (NRS) may comprise a mode select
input (Mode) configured to indicate a mode of operation of the system, e.g. of the beamformer(s) and/or the updating
strategy, e.g. whether the target signal is the user’s own voice or a target signal from the environment of the user (and
possibly to indicate a direction to or location of such target sound source). The mode control signal may e.g. be
provided from a user interface, e.g. from a remote control device (e.g. implemented as an APP of a smartphone or
similar device, e.g. a smartwatch or the like). The user interface may comprise a voice control interface (see e.g. FIG.
5C). The mode control signal (Mode) may e.g. be automatically generated, e.g. using one or more sensors, e.g.
initiated by the reception of a wireless signal, e.g. from a telephone). The output of the beamformer (BF) may be an
estimate of the user’s voice Sy, or an estimate of a target sound from the environment Sgyy,see e.g. FIG. 5B.
[0169] FIG. 5A shows an exemplary block diagram of a hearing device, e.g. a hearing aid (HD), comprising a noise
reduction system (NRS) according to an embodiment of the present disclosure. The hearing device comprises an
input unit (IU) for picking up sound s;, from the environment and providing a multitude (M) of electric input signals
(S84, ..., Sy) and a noise reduction system (NRS) for estimating a target signal 8 in the input sound s, based on the
electric input signals and optionally further information (e.g. the mode control signal (Mode)) as described in connec-
tion with FIGS. 4A, 4B. The hearing aid further comprises a processor (PRO) for applying one or more processing
algorithms to a signal of the forward path from input to output transducer (e.g. as here to the estimate S of the target
signal, provided in a time-frequency representation S(k,n)). The one or more processing algorithms may e.g. comprise
a compression algorithm configured to amplify (or attenuate) a signal according to the needs of the user, e.g. to
compensate for a hearing impairment of the user. Other processing algorithms may include frequency transposition,
feedback control, etc. The processor provides a processed output (OUT) that is fed to an output unit (OU) for convert-
ing output signal (out) to stimuli s ; perceivable by the user as sound (Perceived output sound), e.g. acoustic vibra-
tions (e.g. in air and/or skull bone) or electric stimuli of the cochlear nerve. In a non-hearing aid, e.g. headset applica-
tion, the processor may be configured to further enhance the signal from the noise reduction system or be dispensed
with (so that the estimate S of the target signal is fed directly to the output unit). The target signal may be the user’s
own voice, and/or a target sound in the environment of the user (e.g. a person (other than the user) speaking, e.g.
communicating with the user).

[0170] FIG. 5B shows an exemplary block diagram of a hearing device, e.g. a hearing aid (HD), comprising a noise
reduction system (NRS) according to an embodiment of the present disclosure in a handsfree telephony mode of
operation. The embodiment of FIG. 5B comprises the functional blocks described in connection with the embodiment
of FIG. 5A. Specifically, however, the embodiment of FIG. 5B is configured - in a particular communication mode - to
implement a wireless headset allowing a user to conduct a spoken communication with a remote communication
partner. In the particular communication mode of operation (e.g. a telephone mode), the hearing aid is configured to
pick up a user’s voice using electric input signals provided by the input unit (IUy;c) and to provide an estimate Sov(k,n)
of the user’s voice using a noise reduction system NRS1 according to the present disclosure, and to transmit the
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estimate (Own voice audio) to a another device (e.g. a telephone or similar device) or system via a synthesis filter
bank (FBS) and appropriate transmitter (Tx) and antenna circuitry. Additionally, the hearing aid (HD) comprises an
auxiliary audio input (Audio input) configured to receive a direct audio input (e.g. wired or wirelessly) from another
device or system, e.g. a telephone (or similar device). In the embodiment of FIG. 5B, a wirelessly received input (e.g. a
spoken communication from a communication partner) is shown to be received by the hearing aid via antenna and
input unit (IUpyx). The auxiliary input unit (IlU,x) comprises appropriate receiver circuitry, an analogue-to-digital
converter (if appropriate), and an analysis filter bank to provide audio signal, S,,, in a time-frequency representation
as frequency sub-band signals S,,,(k,n). The forward path of the hearing aid of FIG. 5B comprises the same compo-
nents as described for the embodiment of FIG. 5A and additionally a selector-mixer (SEL-MIX) allowing the signal of
the forward path (which is processed in the processor (PRO) and presented to the user as stimuli perceivable as
sound) to be configurable. In control of the Mode control signal (Mode), the output S,(k,n) of the selector-mixer (SEL-
MIX) can be a) the environment signal Sgyy(k,n) (e.g. an estimate of a target signal in the environment, or an omni-
directional signal, e.g. from one of the microphones), b) the auxiliary input signal S, (k,n) from another device, or c) a
mixture (e.g. a (possibly configurable, e.g. via a user interface) weighted mixture) thereof. Further, compared to the
embodiment of FIG. 5A, the forward path of the embodiment of FIG. 5B comprises synthesis filter bank (FBS) config-
ured to convert a signal in the time-frequency domain, represented by a number of frequency sub-band signals (here
signal OUT(k,n) from the processor (PRO) to a signal (out) in the time domain. The hearing aid (forward path) further
comprises an output transducer (OT) for converting output signal (out) to stimuli (s,,;) perceivable by the user as
sound (output sound), e.g. acoustic vibrations (e.g. in air and/or skull bone). The output transducer (OT) may comprise
a digital-to-analogue converter as appropriate.

[0171] The first noise reduction system (NRS1) is configured to provide an estimate of the user’s own voice S,
The first noise reduction system (NRS1) may comprise an own voice maintaining beamformer and an own voice
cancelling beamformer. The own voice cancelling beamformer comprises the noise sources when the user speaks.
[0172] The second noise reduction system (NRS2) is configured to provide an estimate of a target sound source
(e.g. a voice Sgyy of a speaker in the environment of the user). The second noise reduction system (NRS2) may
comprise an environment target source maintaining beamformer and an environment target source cancelling beam-
former, and/or an own voice cancelling beamformer. The target cancelling beamformer comprises the noise sources
when the target speaker speaks. The own voice cancelling beamformer comprises the noise sources when the user
speaks.

[0173] FIG. 5B may represent an ordinary headset application, e.g. by separating the microphone to transmitter path
(IUpmic-Tx) and the direct audio input to loudspeaker r path (IU,x-OT). This may be done in several ways, e.g. by
removing the second noise reduction system (NRS2) and the selector mixer (SEL-MIX), and possibly the synthesis
filter bank (FBS) (if the auxiliary input signal S,,, is processed in the time domain), to feed the auxiliary input signal
S,ux directly to the processor (PRO), which may or (generally) may not be configured to compensate for a hearing
impairment of the user,

[0174] FIG. 5C shows an exemplary block diagram of a hearing aid comprising a noise reduction system according
to an embodiment of the present disclosure including a voice control interface. The embodiment of FIG. 5C comprises
a forward path as the embodiment of FIG. 5B, except that the option of including an (e.g. wirelessly received) auxiliary
audio signal in the beamformed signal composed by the electric input signals from the input transducers is omitted in
the embodiment of FIG. 5C. In another embodiment, the embodiments of FIG. 5B and 5C may be mixed so that the
hearing aid of FIG. 5C additionally comprises the auxiliary input from another device and the option of transmitting the
own voice signal to the other device (to implement a communication mode) may be implemented as well. The initiation
(or termination) of the communication mode (e.g. telephone mode) may e.g. be provided via the voice interface, e.g.
voice control signal Vctr. In the embodiment of FIG. 5C, the estimate of the user’s own voice Sov provided by the first
noise reduction system (NRS1) is used as input to the voice control interface (VCI). The voice control interface (VCI)
may e.g. be activated in dependence of the detection of a wake-word (spoken by the user and extracted from the
estimate S, of the user’s voice). When the voice control interface is activated, a command word among a number of
predefined command words may be extracted, and a control signal (VCtr, xXVCtr) may be generated in dependence
thereof. Functionality of the hearing aid (e.g. implemented by the processor (PRO) may be controlled via the voice
interface (VCI), cf. signal Vctr. Extracted wake-words (e.g. 'Hey Siri’, 'Hey Google’ or 'OK Google’, 'Alexa’, ’X Oticon’,
etc.) and/or command words may be transmitted to another device (e.g. to a smartphone or other voice-controllable
devices), cf. control signal xvctr that is transmitted to another device via (optional synthesis filter bank, FBS) and
antenna and transmitter circuitry (Tx).

Example 1

[0175] In the present application, a maximum likelihood estimator of the noise CPSD matrix that overcomes the
limitation of the method presented [1,4] (e.g. when a prominent interference is present in the acoustic environment) is
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disclosed. It is proposed to extend the noise CPSD matrix model. In the following, the signal model of the noisy
observations in the acoustic scene is presented. Based on the signal model, the proposed ML estimator of the
interference-plus-noise CPSD matrix is derived, and the proposed method is exemplified by application to own voice
retrieval.

[0176] The acoustic scene consists of a user equipped with hearing aids or a headset with access to at least M > 2
microphones. The microphones pick up the sound from the environment and the noisy signal is sampled into a

discrete sequence Xm(t) € R; t € Ny forallm = 1,..., M microphones. As illustrated in FIG. 6, the user is active
in the acoustic scene, and the desired clean speech signal produced by the user, which we refer to the own voice, is
defined as the discrete sequence s(t). The interference is modelled as a point source referred to as v(t) and the noise
in the acoustic environment is v, (t). The noisy signal picked up by the microphones is then a sum of all three
components i.e.

T () = 5o(t) * do oy (t) + ve(t) * dpm (t. 02) + Ve m(t), (1)

where * denotes the convolution, d, ,(t) is the relative impulse response between the m’'th microphone and the own-
voice source, d,(t, 8,) is the relative impulse response between m’th microphone and the interference arriving from
direction 6, € ®, where we without loss of generality assume that © is a discrete set of directions ® = {-180°,..., 180}
with | elements. An illustration of the acoustic scene is shown in FIG. 7. The objective of the noise reduction system is
then to retrieve s(t) from the noisy observation x,(t).

[0177] We apply the short-time Fourier transform (STFT) on x,(t) to transform the noisy signal into the time-
frequency (TF) domain with frame length T, decimation factor D, and analysis window wy(t) such that

=1 j2mkt
Tm(k,n) = Z wa(t)x(t —nD)exp (_'] T > , (2)

t=0

is the TF domain representation of the noisy signal where j = ¥ —1 | k is the frequency bin index, and n is the
frame index. The signal model for the noisy observation in the TF domain then becomes

Tm(k,n) =s,(k, n)do m(k,n) + ve(k,n)dm (k,n,0,)

+ Ve,m(k, 1), 3)

and for convenience, we vectorize the noisy observation such that x(k, n) = [x4(k, n),..., xy(k, )T and

x(k,n) = so(k,n)d,(k, n)
+ ve(k,n)d(k,n,6c) + ve(k,n). 4)
V(n,k)

[0178] We further assume that the relative transfer function (RTF) vectors (i.e. d,(k, n) and d(k, n, 6;)) remain

identical over time so we may define do(k) £ do(k, n) ang d(k, 6c) = d(k, n, 6c) . |n practice, it is often the case
that s,(k, n), v.(k, n), and v(k, n) are uncorrelated random

Co(k, 1) = Ag(k, n)d,(k)dZ (k)
+ Ac(k,n)d(k, 0.)dT (k,6,) + Ae(k,n)Te(k,n), (5)

S

Cy (n.k)

processes meaning that the CPSD matrix of the noisy observations, i.e. Cx(k, n) = E{x(k, n)x"(k, n)} | is given
as

where Ag4(k, n), A; (k, n), and A, (k, n) are power spectral densities (PSDs) of the own-voice, interference, and noise
respectively. I'y(k, n) is the normalized noise CPSD matrix with 1 at the reference microphone index and we assume
that 'y (k, n) is @ known matrix, but can for approximately isotropic noise fields be modelled as
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I
Te(k,n) = > d(k,6;)d" (k,6;). (6)
=1

[0179] We assume that the own voice RTF vector d(k) is known, as it can be measured in advance before deploy-
ment. The parameters that remain to be estimated are A.(k, n), A;(k, n), and 8. and the proposed ML estimators of
these parameters will in the following section be presented.

[0180] To estimate the interference-plus-noise PSDs A(k, n) and A4(k, n) and the interference direction 6., we first
apply an own voice cancelling beamformer to obtain an interference-plus-noise-only signal (e.g. the signals from the
own voice and from a competing speaker). The own voice cancelling beamformer is implemented using an own voice
blocking matrix By(k). A common approach to find the own voice blocking matrix, is to first find the orthogonal
projection matrix of d,(k) and then select the first M-1 column vectors of the projection matrix. More explicitly, let ly; . p
be an M X M identity matrix then Iy, . \1.1 is the first M - 1 column vectors of I, « - The own voice blocking matrix is
then given as

do(k)d (k)
~ af(k)do (k)

where B, (k) € CM X M1 The own voice blocked signal, z(k, n), can be expressed as
. _pH/. .
z(k,n) = B, (k)x(k,n)
= sc(k,n) BE(k)d.(k,6c) + BE (k)ve(k,n), (8)

d(k,8:) Ve(k,n)

(]”) - (IMX ) IMXM—I, (7)

and the own voice blocked CPSD matrix is

C,(k, ) =Ao(k, n)A(K, 0)A" (k. 02) + Ae(k, n)Te(k, 1).
)

[0181] Before presenting the ML estimators of (K, n), A4(k, n), and 6., we introduce the own voice-plus-interference
blocking matrix B(d;).

[0182] This step is necessary as the ML estimator of the noise PSD, A4(k, n), further requires that the interference is
removed from the own voice blocked signal z(k, n). Forming the own-voice-plus-interference blocking matrix follows
similar procedure as forming the own voice blocking matrix. The own voice-plus-interference blocking matrix can be
found as

B(6;) =
(1 BHd(k.6;)a" (k. 9,-)30>
M-1xM-1 (l”(l\f,ﬁi)BoBgl(l(k,Hi) M-1xM-2

(10)

where E’(Qi) e CM=1XM=2 e un voice-plus-interference blocking matrix B(H,-) is a function of direction, as the
direction of the interference is generally unknown. The own voice-plus-interference blocked signal is then

q{n, k) = ( $)z(k,n)

= so(k,m)B" (B)A(k,n,0.) + B (9:)%e(k, n)

B (0)Ve(k.n).  if6; = 6o,
(rn
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and the blocked own voice-plus-interference CPSD matrix is

Cy(k.n) = B" (8;)C. (k, n)B(6:)

Tu _ (12)
= (k. )B” (8)Te(k, n)B(6:),

only if 6, = 6,
[0183] It is common to assume that the own-voice, interference, and noise are temporally uncorrelated [6]. Under
this assumption, the blocked own voice-plus-interference signal is distributed according to a circular symmetric com-

plex Gaussian distribution i.e. z(k, n) ~ N¢ (0, C,(k, n)), meaning that the likelihood function for N observations of z(k,
n)with Z(k,n)=[z(k, n- N+ 1),..., z(k, n)] € €' xN is given as
FZ(k,0)|0;, Ac(k,n) A (k,m)) =

exp (—Ntr( Sk, n)C (R, 6; ))) (13)
7MN|C, (k,n,0;)|N ’

where tr(-) denotes the trace operator and éz(k, n) = % Z(k, n)ZH(k, n) is the sample estimate of the own voice

blocked CPSD matrix. ML estimators of the interference-plus-noise PSDs 2., (k, n) and A (k, n) have been derived in
[1,4]. The ML estimator of A4(k, n) is given as

» (14)
tr (éq(k,n:ef) (f;”( 0;)Te (k. n)B(6 )) )

with éq (kn) = %E”(ei)Z(k, n)ZH(k, n)ﬁ(ei) being the sample covariance of the own voice-plus-interference

blocked signal and the ML estimator of the interference PSD is then given as [7]

Ae(k,n,6;) =
~H(a,-)( (K, n) — (e, m, 6T (K, n)) Ww(,).

where w(6;) is the MVDR beamformer constructed from the blocked own voice CPSD matrix i.e.

(15)

f_l(/\' n)d, (k)
a ()T, (k. n)do (k)

\i’(ﬁi) (]6)

[0184] Inserting the ML estimates Xe(k, n, 6;) and ic(k, n, 6;) into the likelihood function, we obtain the concentrated
likelihood function f(Z(k, n)|e;, Xc(k, n, 6)), ie (k, n, 8,)) which we simplify to AZ(k, n)|6;). It is common to maximize the
log-likelihood function by applying the natural logarithmic function to the concentrated likelihood function. It can then
be shown that the concentrated log-likelihood function is proportional to [8,9]

',Oi)a(k ()) + A (k,n,0;)T c(k,n)|.
(17)
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[0185] Under the assumptions that only one single interference is present in the acoustic environment and that the
noisy observations across frequency bins are uncorrelated, then a wideband concentrated log-likelihood function can
be derived as

K
In f(Z(1.n),....Z(K.n)|6;) = Z In f(Z(k,n)|6.), (18)
k=1

where K is the total number of frequency bins of the one-sided spectrum. To obtain the ML estimate of the interference
direction, we maximize the function

fe = arg max In f(Z(1.n), ... Z(K. n)|6;).  (19)
[/ N={C]

[0186] As 6, belongs to a discrete set of directions, the ML estimate of 6 is obtained through an exhaustive search
over 6;. Finally, to obtain an estimate of the interference-plus-noise CPSD matrix we insert the ML estimates into the
interference-plus-noise CPSD model i.e.

~

. > ) H Y )
L':Tl'sf)c)(l(]“vﬁc)(l (IL790) (20)
k.n,0c)Te(k,n).

Cu(k,n) = A(

+ Ae(

[0187] For own voice retrieval, we implement the MWF beamformer. It is well-known that the MWF can be decom-
posed into an MVDR beamformer and a single channel post Wiener filter [10]. The MVDR beamformer is given as

A—1
C, (k.n)d,(k)
~—1
A (1YC, (k, n)d, (k)

; (21

WMVDR(I\'-- 71) =
and the single-channel post Wiener filter is

g(k, 71) _ 1— “"Ifd{VDR(k‘ 71.)(A:v(]\" 71)“’MVDR(II'». 71)

\VﬁVDR(I{, n )Cz(k. 71)“’[\4\/[)1((/\77 71)

(22)

[0188] The MWF beamformer coefficients are then found as

wuwe(k, n) = wyypr(k, n) - g(k, n). (23)

[0189] Finally, the own voice signal can be estimated as a linear combination of the noisy observations using the
beamformer weights i.e.

y(k,n) = whoc(k, n)x(k.n). (24)

[0190] The enhanced TF domain signal, y(k, n) is then transformed back into the time domain using the inversion
STFT, such that y(t) is the retrieved own voice time domain signal.

ltems:
[0191]

1. A hearing device adapted for being located at or in an ear of a user, or for being fully or partially implanted in the
head of a user, the hearing device comprising
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e an input unit for providing at least one electric input signal representing sound in an environment of the user,
said electric input signal comprising a target speech signal from a target sound source and additional signal
components, termed noise signal components, from one or more other sound sources,

e a noise reduction system for providing an estimate of said target speech signal, wherein said noise signal
components are at least partially attenuated, and

e an own voice detector for repeatedly estimating whether or not, or with what probability, said at least one
electric input signal, or a signal derived therefrom, comprises speech originating from the voice of the user,

wherein

said noise signal components are identified during time segments wherein said own voice detector indicates that
the at least one electric input signal, or a signal derived therefrom, originates from the voice of the user, or
originates from the voice of the user with a probability above an own voice presence probability (OVPP) threshold
value.

2. A hearing device according to item 1, wherein the input unit comprises a microphone, e.g. at least two micro-
phones, such as three or more microphones, each microphone providing an electric input signal comprising said
target speech signal and said noise signal components.

3. A hearing device according to item 1 or 2 comprising a voice activity detector for repeatedly estimating whether
or not, or with what probability, said at least one electric input signal, or a signal derived therefrom, comprises
speech.

4. A hearing device according to any one of the preceding items comprising one or more beamformers, and
wherein the input unit is configured to provide at least two electric input signals connected to the one or more
beamformers, and wherein the one or more beamformers are configured to provide at least one beamformed
signal.

5. A hearing device according to item 4, wherein the one or more beamformers comprises one or more own voice
cancelling beamformers configured to attenuate signal components originating from the user’s mouth, while signal
components from all other directions are left unchanged or attenuated less.

6. A hearing device according to any one of the preceding items, wherein said noise signal components are
additionally identified during time segments wherein said voice activity detector indicates an absence of speech
in the at least one electric input signal, or a signal derived therefrom, or a presence of speech with a probability
below a speech presence probability (SPP) threshold value.

7. A hearing device according to any one of the preceding items comprising a voice interface for voice-control of
the hearing device or other devices or systems.

8. A hearing device according to any one of the preceding items, wherein the target speech signal from the target
sound source comprises an own voice speech signal from the hearing device user.

9. A hearing device according to any one of the items 1-7, wherein the target sound source comprises an external
speaker in the environment of the hearing device user.

10. A hearing device according to any one of the preceding items being constituted by or comprising a hearing aid,
a headset, an active ear protection device or a combination thereof.

11. A hearing device according to any one of the preceding items, wherein the hearing device further comprises a
timer configured to determine a time segment of overlap between the own voice speech signal and a further
speech signal.

12. A hearing device according to item 11, wherein the hearing device is configured to determine whether said
time segment exceeds a time limit, and if so to label the further speech signal as part of the noise signal

component.

13. A method of operating a hearing device adapted for being located at or in an ear of a user, or for being fully or
partially implanted in the head of a user, the method comprising
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e providing at least one electric input signal representing sound in an environment of the user, said electric input
signal comprising a target speech signal from a target sound source and additional signal components,
termed noise signal components, from one or more other sound sources,

e providing an estimate of said target speech signal, wherein said noise signal components are at least partially
attenuated, and

* repeatedly estimating whether or not, or with what probability, said at least one electric input signal, or a signal
derived therefrom, comprises speech originating from the voice of the user,

¢ identifying said noise signal components during time segments wherein said own voice detector indicates that
the at least one electric input signal, or a signal derived therefrom, originates from the voice of the user, or
originates from the voice of the user with a probability above an own voice presence probability (OVPP)
threshold value.

14. A binaural hearing system comprising a first and a second hearing device as disclosed in any one of items
1-12, the binaural hearing system being configured to allow an exchange of data between the first and the second
hearing devices, e.g. via an intermediate auxiliary device.

15. A computer program comprising instructions which, when the program is executed by a computer, cause the
computer to carry out the method of item 13.

[0192] It is intended that the structural features of the devices described above, either in the detailed description
and/or in the claims, may be combined with steps of the method, when appropriately substituted by a corresponding
process.

[0193] As used, 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 but an intervening element may also 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
disclosed method is not limited to the exact order stated herein, unless expressly stated otherwise.

[0194] It should be appreciated that reference throughout this specification to "one embodiment" or "an embodi-
ment" or "an aspect" or features included as "may" means that a particular feature, structure or characteristic de-
scribed in connection with the embodiment is included in at least one embodiment of the disclosure. Furthermore, the
particular features, structures or characteristics may be combined as suitable in one or more embodiments of the
disclosure. The previous description is provided to enable any person skilled in the art to practice the various aspects
described herein. Various modifications to these aspects will be readily apparent to those skilled in the art, and the
generic principles defined herein may be applied to other aspects.

[0195] The claims are not intended to be limited to the aspects shown herein but are to be accorded the full scope
consistent with the language of the claims, wherein reference to an element in the singular is not intended to mean
"one and only one" unless specifically so stated, but rather "one or more." Unless specifically stated otherwise, the
term "some" refers to one or more.

[0196] Accordingly, the scope should be judged in terms of the claims that follow.
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Claims

A hearing aid adapted for being located at or in an ear of a user, or for being fully or partially implanted in the head
of a user (1), the hearing aid comprising

- an input unit (IU) for providing at least one electric input signal (S;-S);) representing sound in an environ-
ment of the user (1), said electric input signal (S4-Sy;) comprising a target speech signal from a target sound
source and noise signal components,

- a noise reduction system for providing an estimate of said target speech signal, wherein said noise signal
components are at least partially attenuated, and

- an own voice detector (OVAD) for repeatedly estimating whether or not, or with what probability, said at least
one electric input signal (S4-Sy,), or a signal derived therefrom, comprises speech originating from the voice of
the user,

- wherein said hearing aid is configured to localize an interference during time segments where said own
voice detector (OVAD) indicates that the at least one electric input signal (S4-Sy,), or a signal derived there-
from, originates from the voice of the user (1), and

- wherein the noise signal components are determined based on the determined localized interference.

A hearing aid according to claim 1, wherein the hearing aid is configured to localize the interference based on a
maximum likelihood (ML) estimate by an ML estimator.

A hearing aid according to any of the preceding claims, wherein the hearing aid is configured to localize the
interference based on a discrete set of directions.

A hearing aid according to any of the preceding claims, wherein the input unit (IU) comprises a microphone (4, 5,
6, 7), e.g. at least two microphones, such as three or more microphones each microphone (4, 5, 6, 7), providing
an electric input signal (S, - S),) comprising said target speech signal and said noise signal components (3).

A hearing aid according to any one of the preceding claims comprising one or more beamformers (BF), and
wherein the input unit (IU) is configured to provide at least two electric input signals (S, - S);) connected to the
one or more beamformers (BF) and wherein the one or more beamformers (BF) are configured to provide at least
one beamformed signal S(k,n).

A hearing aid according to claim 5, wherein the one or more beamformers (BF) comprises one or more own voice

cancelling beamformers (UPD-C,,isc) configured to attenuate signal components originating from the user’s (1)
mouth, while signal components from all other directions are left unchanged or attenuated less.
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A hearing device according to any of the preceding claims comprising a voice activity detector (VAD) for repeat-
edly estimating whether or not, or with what probability, said at least one electric input signal, or a signal derived
therefrom, comprises speech.

A hearing aid according to claim 7, wherein said noise signal components (3) are additionally identified during time
segments wherein said voice activity detector (VAD) indicates an absence of speech in the at least one electric
input signal (S4 - S,) or a signal derived therefrom, or a presence of speech with a probability below a speech
presence probability (SPP) threshold value.

A hearing aid according to any one of the preceding claims comprising a voice interface (VCI) for voice-control of
the hearing aid or other devices or systems.

A hearing aid according to any one of the preceding claims, wherein the hearing aid further comprises a timer
configured to determine a time segment of overlap between the own voice speech signal and a further speech
signal.

A hearing aid according to claim 10, wherein the hearing aid is configured to determine whether said time
segment exceeds a time limit, and if so to label the further speech signal as part of the noise signal component (3).

A hearing device according to any one of the preceding claims, wherein the target speech signal from the target
sound source comprises an own voice speech signal from the hearing aid user.

A method of operating a hearing aid adapted for being located at or in an ear of a user, or for being fully or partially
implanted in the head of a user, the method comprising

* providing at least one electric input signal representing sound in an environment of the user, said electric
input signal comprising a target speech signal from a target sound source and noise signal components,
 providing an estimate of said target speech signal, wherein said noise signal components are at least
partially attenuated,

* repeatedly estimating whether or not, or with what probability, said at least one electric input signal, or a
signal derived therefrom, comprises speech originating from the voice of the user, and

* localizing an interference during time segments where said own voice detector (OVAD) indicates that the at
least one electric input signal (S1-SM), or a signal derived therefrom, originates from the voice of the user (1),
» wherein the noise signal components are determined based on the determined localized interference.

14. A binaural hearing system comprising a first and a second hearing aid as claimed in any one of claims 1-12, the

binaural hearing system being configured to allow an exchange of data between the first and the second hearing
aids, e.g. via an intermediate auxiliary device.
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FIG. 2A

Own voice

Competing speaker

—— Noise
P
/1 I\ TN /
/ / N\ /
7 \ /
/ \ /
\ Vi N\ /
N N
> Time
[ 1,

27



EP 4 827 119 A2

H:I:H Own voice VAD
E VAD

VAD

A2

Time

\ 4

N

Noise update

Own voice VAD

A\ 4

Time

4

FIG. 2D

28



VA

EP 4 827 119 A2

Own voice

Target sound source

Noise

\\\ Competing speaker

29



EP 4 827 119 A2

H:I:H Own voice VAD

— vap

VAD

N\

A\ 4

Time

FIG. 3C

N

Noise update

Own voice VAD

A\ 4

Time

A4

30



EP 4 827 119 A2

Vv DIA

A

(u™)s

p
SAN Al
[ ]
2SIoU o
M-Ad(l [ T O0-Ad[] [ AVA | e
wﬁ@:Q <> o
[ ]
AI
A
(N X N N J
M s NEE
: [ e B
< o a1V |
(NS 11 s [
s sl
[
a4 . . \
B it
- ® o— SIEAAL e A ) —
Aﬁvﬁvﬁm “ | Is
IIIIIIIIIIII | punos§
ﬁ_m hﬁbﬂ

31



EP 4 827 119 A2

m@ dv OIAd

SUN ni
A0 dvAO .
M-ddl (= *ID-ddN
om_o—_o -t  J
DETN avA (XX )
A
\ XXX X) n |\.2DH
L 2 A I A ettt .J.- — /
- W -
- @J%«m vdd |- LI 4“. e \ p
° T T T T T e _ |
- 44 ot °
s - T . . \ \
. o~ Ve [ LI | \
(u's ! g ptmos
|||||||||||| ndug
ﬁ.m h ﬁbm

aPon %

32



EP 4 827 119 A2

-
mog
punos
ndmo
PAAIIID]

VS DId

no

L1010

Odd

(TS

SUN

o}

Nl

/
dH [
A-sm-_ _
\ \
\
punos

mmdug

33



EP 4 827 119 A2

d¢ OIA

mdur
opny
ND<DH
AN
/
[ ¢
SN T |
\ \
\
punos
mduy

dH

@%Om xne
mdinp S
/
[ NME
_,_,ﬂm.-.. 10 [ SEd (<= O¥d [*wrs] S Au ISUN
\ 9pON H (usp)ANdg

\7 XL METH Sdd [« (@05 [SAN

orpne

9010A UM()

34



EP 4 827 119 A2

DS DId

punos
mdino
\\ dH
/
L 0
| | €--4 10 |« sg1 =— 0Oud 7SUN 3]s
o mno LNO :
\ " ST
\ Eé&_m
\ DDA )
fH
\7 XL o SdAd AH% IDA (@DAog ISUN | ¢
A|
[ONU0D

IJI0A

U:ZDH

35



EP 4 827 119 A2

FIG. 6
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