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DESCRIPTION

[0001] The invention refers to a hearing aid device comprising an environment sound input, a 
wireless sound input, an output transducer, a dedicated beamformer-noise-reduction-system 
and electric circuitry, wherein the hearing aid device is configured to be connected to a 
communication device for receiving wireless sound signals and transmitting sound signals 
representing environment sound.

[0002] Hearing devices, such as hearing aids can be directly connected to other 
communication devices, e.g., a mobile phone. Hearing aids are typically worn in or at the ear 
(or partially implanted in the head) of a user and typically comprise a microphone, a speaker 
(receiver), an amplifier, a power source and electric circuitry. The hearing aids, which can 
directly connect to other communication devices, typically contain a transceiver unit, e.g., a 
Bluetooth transceiver or other wireless transceiver to directly connect the hearing aid with, e.g., 
a mobile phone. When making a phone call with the mobile phone the user holds the mobile 
phone in front of the mouth to use the microphone of the mobile phone (e.g. a SmartPhone), 
while the sound from the mobile phone is transmitted wirelessly to the hearing aid of the user.

[0003] In US 6,001,131 a method and system for noise reduction are disclosed. Ambient noise 
immediately following speech is captured and the sample is used as basis for noise 
cancellation of the speech signal in a post-processing or real time processing mode. The 
method comprises the steps of classifying input frames as speech or noise, identifying a 
preselected number of frames of noise following speech, and disabling the use of subsequent 
frames for cancellation purposes. The preselected number of frames are utilized for estimating 
for cancellation on previously stored speech frames.

[0004] US 2010/0070266 A1 discloses a system comprising a voice activity detector (VAD), a 
memory, and a voice activity analyzer. The voice activity detector is configured to detect voice 
activity on at least one of a receive and a transmit channel in a communications system. The 
memory is configured to store outputs from the voice activity detector. The voice activity 
analyzer is in communication with the memory and configured to generate a performance 
metric comprising a duration of voice activity based on the voice activity detector outputs 
stored in the memory.

[0005] US2011137649A1 deals with gain adaptation in a hearing aid when you have a wireless 
signal as well as a 'microphone' signal. The general idea is to increase the signal to noise ratio 
of the combined acoustic and electric input signal of a listening instrument without necessarily 
turning the microphone(s) of the listening instrument off, based on varying the volume of either 
the microphone signal, or the electrical input, or both, according to a predefined scheme (such 
scheme being e.g. determined or influenced by the current acoustic environment). In an 
embodiment, the listening instrument is adapted to estimate a NOISE input level during periods 
where the user's own voice is NOT detected.
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[0006] It is an object of the invention to provide an improved hearing aid device.

[0007] This object is achieved by a hearing aid device configured to be worn in or at an ear of 
a user comprising at least one environment sound input, a wireless sound input, an output 
transducer, electric circuitry, a transmitter unit, and a dedicated beamformer-noise-reduction- 
system. The electric circuitry is - at least in specific modes of operation of the hearing device - 
operationally coupled to the at least one environment sound input, to the wireless sound input, 
to the output transducer, to the transmitter unit, and to the dedicated beamformer-noise- 
reduction-system. The at least one environment sound input is configured to receive sound 
and to generate an electrical sound signal representing sound. The wireless sound input is 
configured to receive wireless sound signals. The output transducer is configured to stimulate 
hearing of the hearing aid device user. The transmitter unit is configured to transmit signals 
representing sound and/or voice. The dedicated beamformer-noise-reduction-system is 
configured to retrieve a user voice signal representing the voice of the user from the electrical 
sound signal. The wireless sound input is configured to be wirelessly connected to a 
communication device and to receive wireless sound signals from the communication device. 
The transmitter unit is configured to be wirelessly connected to the communication device and 
to transmit the user voice signal to the communication device.

[0008] Generally, the term "user" - when used without reference to other devices - is taken to 
mean the 'user of the hearing aid device'. Other 'users' may be referred to in relevant 
application scenarios according to the present disclosure, e.g. a far-end talker of a telephone 
conversation with the user of the hearing aid device, i.e. 'the person at the other end'.

[0009] The 'environment sound input' generates in the hearing aid device 'an electrical sound 
signal representing sound', i.e. a signal representing sounds from the environment of the 
hearing aid user, be it noise, voice (e.g. the user's own voice and/or other voices), music, etc., 
or mixtures thereof.

[0010] The 'wireless sound input' receives 'wireless sound signals' in the hearing aid device. 
The 'wireless sound signals' can e.g. represent music from a music player, voice (or other 
sound) signals from a remote microphone, voice (or other sound) signals from a remote end of 
a telephone connection, etc.

[0011] The term 'beamformer-noise-reduction-system' is taken to mean a system that 
combines or provides the features of (spatial) directionality and noise reduction, e.g. in the 
form of a multi-input (e.g. a multi-microphone) beamformer providing a weighted combination 
of the input signals in the form of a beamformed signal (e.g. an omni-directional or a directional 
or signal) followed by a single-channel noise reduction unit for further reducing noise in the 
beamformed signal, the weights applied to the input signals being termed the 'beamformer 
weights'.

[0012] Preferably, the at least one environment sound input of the hearing device comprises 
two or more environment inputs, such as three or more. In an embodiment, one or more of the
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signals providing environment inputs of the hearing aid device is/are received (e.g. wired or 
wirelessly) from respective input transducers located separately from the hearing device, e.g. 
more than 0.05 m, such as more than 0.15 m away from the hearing device (e.g. from a 
housing of the hearing device), e.g. in another device, e.g. in a hearing device located at an 
opposite ear, or in an auxiliary device.

[0013] The electrical sound signals representing sound can also be transformed into, e.g., light 
signals or other means for data transmission during the processing of the sound signals. The 
light signals or other means for data transmission can for example be transmitted in the 
hearing aid device using glass fibres. In one embodiment the environment sound input is 
configured to transform acoustic sound waves received from the environment in light signals or 
other means for data transmission. Preferably, the environment sound input is configured to 
transform acoustic sound waves received from the environment in electrical sound signals. The 
output transducer is preferably configured to stimulate the hearing of a hearing impaired user 
and can for example be a speaker, a multi-electrode array of a cochlear implant, or any other 
output transducer with the ability to stimulate the hearing of a hearing impaired user (e.g. a 
vibrator of a hearing device attached to bones of the skull).

[0014] One aspect of the invention is that a communication device, e.g., a mobile phone, 
connected to a hearing aid device, e.g., a hearing aid, can be kept in a pocket or bag when 
making a phone call using the mobile phone, without the need of using one or both hands of a 
user to hold it in front of the mouth of the user to use the microphone of the mobile phone. 
Similarly, if communication between a hearing aid device and a mobile phone is conducted via 
an (auxiliary) intermediate device (e.g. for conversion from one transmission technology to 
another), the intermediate device does not need to be close to the mouth of the hearing aid 
device user, because microphone(s) of the intermediate device need not be used for picking 
up the user's voice. Another aspect is that the dedicated beamformernoise-reduction-system 
allows to use the environment sound inputs, e.g., microphones, of the hearing aid device 
without significant loss of communication quality. Without the beam-former-noise-reduction- 
system the speech signal would be noisy, leading to poor communication quality, as the 
microphone or microphones of the hearing aid device are placed at a distance to the sound 
source, e.g., a mouth of the user of hearing aid device.

[0015] In an embodiment, the auxiliary or intermediate device is or comprises an audio 
gateway device adapted for receiving a multitude of audio signals (e.g. from an entertainment 
device, e.g. a TV or a music player, a telephone apparatus, e.g. a mobile telephone or a 
computer, e.g. a PC) and adapted for allowing the selection and/or combiniation of an 
appropriate one of the received audio signals (or combination of signals) for transmission to 
the hearing aid device(s). In an embodiment, the auxiliary or intermediate device is or 
comprises a remote control for controlling functionality and operation of the hearing aid 
device(s). In an embodiment, the function of a remote control is implemented in a SmartPhone, 
the SmartPhone possibly running an APP allowing to control the functionality of the hearing aid 
device(s) via the SmartPhone (the hearing aid device(s) comprising an appropriate wireless 
interface to the SmartPhone, e.g. based on Bluetooth or some other standardized or
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proprietary scheme).

[0016] In an embodiment, a distance between the sound source of the user's own voice and 
the environment sound input (input transducer, e.g. microphone) is larger than 5 cm, such as 
larger than 10 cm, such as larger than 15 cm. In an embodiment, a distance between the 
sound source of the user's own voice and the environment sound input (input transducer, e.g. 
microphone) is smaller than 25 cm, such as smaller than 20 cm.

[0017] Preferably, the hearing aid device is configured to be operated in various modes of 
operation, e.g., a communication mode, a wireless sound receiving mode, a telephony mode, a 
silent environment mode, a noisy environment mode, a normal listening mode, a user speaking 
mode, or another mode. The modes of operation are preferably controlled by algorithms, 
which are executable on the electric circuitry of the hearing aid device. The various modes may 
additionally or alternatively be controlled by the user via a user interface. The different modes 
preferably involve different values for the parameters used by the hearing aid device to 
process electrical sound signals, e.g., increasing and/or decreasing gain, applying noise 
reduction means, using beamforming means for spatial direction filtering or other functions. 
The different modes can also perform other functionalities, e.g., connecting to external 
devices, activating and/or deactivating parts or the whole hearing aid device, controlling the 
hearing aid device or further functionalities. The hearing aid device can also be configured to 
operate in two or more modes at the same time, e.g., by operating the two or more modes in 
parallel. Preferably, the communication mode causes the hearing aid device to establish a 
wireless connection between the hearing aid device and the communication device. A hearing 
aid device operating in the communication mode can further be configured to process sound 
received from the environment by, e.g., decreasing the overall sound level of the sound in the 
electrical sound signals, suppressing noise in the electrical sound signals or processing the 
electrical sound signals by other means. The hearing aid device operating in the 
communication mode is preferably configured to transmit the electrical sound signals and/or 
the user voice signal to the communication device and/or to provide electrical sound signals to 
the output transducer to stimulate the hearing of the user. The hearing aid device operating in 
the communication mode can also be configured to deactivate the transmitter unit and process 
the electrical sound signals in combination with a wirelessly received wireless sound signal in a 
way optimized for communication quality while still maintaining danger awareness of the user, 
e.g., by suppressing (or attenuating) disturbing background noise but maintaining selected 
sounds, e.g., alarms, police or fire-fighter car sound, human yells, or other sounds implying 
danger.

[0018] The modes of operation are preferably automatically activated in dependence of 
outputs of the hearing aid device, e.g., when a wireless sound signal is received by the 
wireless sound input, when a sound is received by the environment sound input, or when 
another 'mode of operation trigger event' occurs in the hearing aid device. The modes of 
operation are also preferably deactivated in dependence of mode of operation trigger events. 
The modes of operation can also be manually activated and/or deactivated by the user of the 
hearing aid device (e.g. via a user interface, e.g. a remote control, e.g. via an APP of a
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SmartPhone).

[0019] In an embodiment, the hearing aid device comprise(s) a TF-conversion unit for 
providing a time-frequency representation of an input signal (e.g. forming part of or inserted 
after input transducer(s), e.g. input transducers 14, 14' in FIG. 1). In an embodiment, the time- 
frequency representation comprises an array or map of corresponding complex or real values 
of the signal in question in a particular time and frequency range. In an embodiment, the TF 
conversion unit comprises a filter bank for filtering a (time varying) input signal and providing a 
number of (time varying) output signals each comprising a distinct frequency range of the input 
signal. In an embodiment, the TF conversion unit comprises a Fourier transformation unit for 
converting a time variant input signal to a (time variant) signal in the frequency domain. In an 
embodiment, the frequency range considered by the hearing aid device from a minimum 
frequency fmjn to a maximum frequency fmax comprises a part of the typical human audible 

frequency range from 20 Hz to 20 kHz, e.g. a part of the range from 20 Hz to 12 kHz. In an 
embodiment, a signal of the forward and/or analysis path of the hearing aid device is split into 
a number Nl of frequency bands, where Nl is e.g. larger than 5, such as larger than 10, such 
as larger than 50, such as larger than 100, such as larger than 500, at least some of which are 
processed individually. In an embodiment, the hearing aid device is/are adapted to process a 
signal of the forward and/or analysis path in a number NP of different frequency channels (NP 
< Nl). The frequency channels may be uniform or non-uniform in width (e.g. increasing in width 
with frequency), overlapping or non-overlapping.

[0020] In an embodiment, the hearing aid device comprises a time-frequency to time 
conversion unit (e.g. a synthesis filter bank) to provide an output signal in the time domain from 
a number of band split input signals.

[0021] In a preferred embodiment the hearing aid device comprises a voice activity detection 
unit. The voice activity detection unit preferably comprises an own voice detector configured to 
detect if a voice signal of the user is present in the electrical sound signal. In an embodiment, 
voice-activity detection (VAD) is implemented as a binary indication: either voice present or 
absent. In an alternative embodiment, voice activity detection is indicated by a speech 
presence probability, i.e., a number between 0 and 1. This advantageously allows the use of 
"soft-decisions" rather than binary decisions. Voice detection may be based on an analysis of a 
full-band representation of the sound signal in question. Alternatively, voice detection may be 
based on an analysis of a split band representation of the sound signal (e.g. of all or selected 
frequency bands of the sound signal).

[0022] The hearing aid device is configured to activate the wireless sound receiving mode 
when the wireless sound input is receiving wireless sound signals and when the voice activity 
detection unit detects an absence of a user voice signal in the electrical sound signal with a 
higher probability (e.g. more than 50%, or more than 80%) or with certainty. It is likely that the 
user will listen to the received wireless sound signal and will not generate user voice signals 
during times where a voice signal is present in the wireless sound signal. Preferably the 
hearing aid device operating in the wireless sound receiving mode is configured to transmit
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electrical sound signals using the transmitter unit to the communication device with a 
decreased probability, e.g., by increasing a sound level threshold and/or signal-to-noise ratio 
threshold which needs to be overcome to transmit an electrical sound signal and/or user voice 
signal. The hearing aid device operating in the wireless sound receiving mode can also be 
configured to process the electrical sound signals by the electric circuitry by suppressing (or 
attenuating) sound from the environment received by the environment sound input and/or by 
optimizing communication quality, e.g., decreasing sound level of the sound from the 
environment, possibly while still maintaining danger awareness of the user. The use of a 
wireless sound receiving mode can allow to reduce the computational demands and therefore 
the energy consumption of the hearing aid device. Preferably the wireless sound receiving 
mode is only activated when the sound level and/or signal-to-noise ratio of the wirelessly 
received wireless sound signal is above a predetermined threshold. The voice activity detection 
unit can be a unit of the electric circuitry or a voice activity detection (VAD) algorithm 
executable on the electric circuitry.

[0023] In one embodiment the dedicated beamformer-noise-reduction-system comprises a 
beamformer. The beamformer is preferably configured to process the electrical sound signals 
by suppressing predetermined spatial directions of the electrical sound signals (e.g. using a 
look vector) generating a spatial sound signal (or beamformed signal). The spatial sound 
signal has an improved signal-to-noise ratio, as noise from other spatial directions than from 
the direction of a target sound source (defined by the look vector) is suppressed by the 
beamformer. In one embodiment, the hearing aid device comprises a memory configured to 
store data, e.g., predetermined spatial direction parameters adapted to cause a beamformer to 
suppress sound from other spatial directions than the spatial directions determined by values 
of the predetermined spatial direction parameters, such as the look vector, an inter­
environment sound input noise covariance matrix for the current acoustic environment, a 
beamformer weight vector, a target sound covariance matrix, or further predetermined spatial 
direction parameters. The beamformer is preferably configured to use the values of the 
predetermined spatial direction parameters to adapt the predetermined spatial directions of the 
electrical sound signal, which are suppressed by the beamformer when the beamformer 
processes the electrical sound signals.

[0024] Initial predetermined spatial direction parameters are preferably determined in a 
beamformer dummy head model system. The beamformer dummy head model system 
preferably comprises a dummy head with a dummy target sound source (e.g. located at the 
mouth of the dummy head). The location of the dummy target sound source is preferably fixed 
relative to the at least one environment sound input of the hearing aid device. The location 
coordinates of the fixed location of the target sound source or spatial direction parameters 
corresponding to the location of the target sound source are preferably stored in the memory. 
The dummy target sound source is preferably configured to produce training voice signals 
representing a predetermined voice and/or other training signals, e.g., a white noise signal 
having frequency content between a minimum frequency, preferably above 20 Hz and a 
maximum frequency, preferably below 20 kHz, which allow to determine the spatial direction of 
the dummy target sound source (e.g. located at the mouth of the dummy head) to at least one
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environment sound input of the hearing aid device and/or the location of the dummy target 
sound source relative to at least one environment sound input of the hearing aid device 
mounted on the dummy head.

[0025] In an embodiment, the acoustic transfer function from dummy head sound source (i.e. 
mouth) to each environment sound input (e.g. microphone) of the hearing aid device is 
measured/estimated. From the transfer function, the direction of the source may be 
determined, but this is not necessary. From the estimated transfer functions, and an estimate 
of the inter-microphone covariance matrix for the noise (see more below), one is able to 
determine the optimal (in a Minimum Mean Square Error (mmse) sense) beamformer weights. 
The beamformer is preferably configured to suppress sound signals from all spatial directions 
except the spatial direction of the training voice signals and/or training signals, i.e., the location 
of the dummy target sound source. The beamformer can be a unit of the electric circuitry or a 
beamformer algorithm executable on the electric circuitry.

[0026] The memory is preferably further configured to store modes of operation and/or 
algorithms which can be executed on the electric circuitry.

[0027] In a preferred embodiment the electric circuitry is configured to estimate a noise power 
spectral density (psd) of a disturbing background noise from sound received with the at least 
one environment sound input. Preferably the electric circuitry is configured to estimate the 
noise power spectral density of a disturbing background noise from sound received with the at 
least one environment sound input when the voice activity detection unit detects an absence of 
a voice signal of the user in the electrical sound signals (or detects such absence with a high 
probability, e.g. > 50% or > 60%, e.g. on a frequency band level). Preferably the values of the 
predetermined spatial direction parameters are determined in dependence of or by the noise 
power spectral density of the disturbing background noise. When voice is absent, i.e., a noise- 
only situation, the inter-microphone noise covariance matrix is measured/estimated. This may 
be seen as a "finger-print" of the noise situation. This measurement is independent of the look- 
vector/the transfer function from target source to the microphone(s). When combining the 
estimated noise covariance matrix with the pre-determined target inter-microphone transfer 
function (look vector), the optimal (in an mmse sense) settings (e.g., beamformer weights) for 
a multi-mic noise reduction system can be determined.

[0028] In a preferred embodiment, the beamformer-noise-reduction-system comprises a single 
channel noise reduction unit. The single channel noise reduction unit is preferably configured 
to reduce noise in the electrical sound signals. In an embodiment, the single channel noise 
reduction unit is configured to reduce noise in the spatial sound signal and to provide a noise 
reduced spatial sound signal, here the 'user voice signal'. Preferably the single channel noise 
reduction unit is configured to use a predetermined noise signal representing disturbing 
background noise from sound received with the at least one environment sound input to 
reduce the noise in the electrical sound signals. The noise reduction can for example be 
performed by subtracting the predetermined noise signal from the electrical sound signal. 
Preferably a predetermined noise signal is determined by sound received by the at least one
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environment sound input when the voice activity detection unit detects an absence of a hearing 
aid device user voice signal in the electrical sound signals (or detects the user's voice with a 
low probability). In an embodiment, the single channel noise reduction unit comprises an 
algorithm configured to track the noise power spectrum during speech presence (in which case 
the noise psd is not "pre-determined", but adapts according to the noise environment). 
Preferably, the memory is configured to store predetermined noise signals and to provide them 
to the single channel noise reduction unit. The single channel noise reduction unit can be a unit 
of the electric circuitry or a single channel noise reduction algorithm executable on the electric 
circuitry.

[0029] In one embodiment the hearing aid device comprises a switch configured to establish a 
wireless connection between the hearing aid device and the communication device. Preferably 
the switch is adapted to be activated by a user. In one embodiment the switch is configured to 
activate the communication mode. Preferably the communication mode causes the hearing aid 
device to establish a wireless connection between the hearing aid device and the 
communication device. The switch can also be configured to activate other modes, e.g., the 
wireless sound receiving mode, the silent environment mode, the noisy environment mode, the 
user speaking mode or other modes.

[0030] In a preferred embodiment the hearing aid device is configured to be connected to a 
mobile phone. The mobile phone preferably comprises at least a receiver unit, a wireless 
interface to the public telephone network, and a transmitter unit. The receiver unit is preferably 
configured to receive sound signals from the hearing aid device. The wireless interface to the 
public telephone network is preferably configured to transmit sound signals to other telephones 
or devices which are part of the public telephone network, e.g., landline telephones, mobile 
phones, laptop computers, tablet computers, personal computers, or other devices that have 
an interface to the public telephone network. The public telephone network can include the 
public switched telephone network (PSTN), including the public cellular network. The 
transmitter unit of the mobile phone is preferably configured to transmit wireless sound signals 
received by the wireless interface to the public telephone network via an antenna to the 
wireless sound input of the hearing aid device. The transmitter unit and receiver unit of the 
mobile phone can also be one transceiver unit, e.g., a transceiver, such as a Bluetooth 
transceiver, an infrared transceiver, a wireless transceiver, or similar device. The transmitter 
unit and receiver unit of the mobile phone are preferably configured to be used for local 
communication. The interface to the public telephone network is preferably configured to be 
used for communication with base stations of the public telephone network to allow 
communication within the public telephone network.

[0031] In one embodiment, the hearing aid device is configured to determine a location of a 
target sound source of the user voice signal, e.g., a mouth of a user, relative to the at least one 
environment sound input of the hearing aid device and to determine spatial direction 
parameters corresponding to the location of the target sound source relative to the at least one 
environment sound input. In an embodiment, the memory is configured to store the 
coordinates of the location and the values of the spatial direction parameters. The memory can
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be configured to fix the location of the target sound source, e.g., preventing the change of the 
coordinates of the location of the target sound source or allowing only a limited change of the 
coordinates of the location of the target sound source when a new location is determined. In an 
embodiment, the memory is configured to fix the initial location of the dummy target sound 
source, which can be selected by a user as an alternative to the location of the target sound 
source of the user voice signal determined by the hearing aid device. The memory can also be 
configured to store a location of the target sound source relative to the at least one 
environment sound input each time the location is determined or if a determination of the 
location of the target sound source relative to the at least one environment sound input is 
manually initiated by the user. The values of the predetermined spatial direction parameters 
are preferably determined in correspondence to the location of the target sound source relative 
to the at least one environment sound input of the hearing aid device. The hearing aid device 
is preferably configured to use the values of the initial predetermined spatial direction 
parameters determined using the dummy head model system instead of the values of the 
predetermined spatial direction parameters determined for the target sound source of the user 
voice signal, when the relative deviation of the coordinates between the determined location of 
the target sound source relative to the at least one environment sound input is unrealistically 
large compared to the location of the target sound source relative to the at least one 
environment sound input determined by the hearing aid device. The deviation between the 
initial location and a location determined by the hearing aid device is expected to be in the 
range of up to 5 cm, preferably 3 cm, most preferably 1 cm for all coordinate axes. The 
coordinate system here describes the relative locations of the target sound source to the 
environment sound input or environment sound inputs of the hearing aid device or hearing aid 
devices.

[0032] Preferably, however, the hearing aid is configured to store the (relative) acoustic 
transfer function(s) from a target sound source to the environment sound input(s) 
(microphone(s)), and "distances" (e.g. as given by a mathematical or statistical distance 
measure) between filter weights or look vectors of the pre-determined and the newly estimated 
target sound source.

[0033] In a preferred embodiment of the hearing aid device, the beamformer is configured to 
provide a spatial sound signal corresponding to the location of the target sound source relative 
to the environment sound input to the voice activity detection unit. The voice activity detection 
unit is configured to detect whether (or with which probability) a voice of the user, i.e., a user 
voice signal, is present in the spatial sound signal and/or to detect the points in time when the 
voice of the user is present in the spatial sound signal, meaning points in time where the user 
speaks (with a high probability). The hearing aid device is preferably configured to determine a 
mode of operation, e.g., the normal listening mode or the user speaking mode, in dependence 
of the output of the voice activity detection unit. The hearing aid device operating in the normal 
listening mode is preferably configured to receive sound from the environment using the at 
least one environment sound input and to provide a processed electrical sound signal to the 
output transducer to stimulate the hearing of the user. The electrical sound signal in the normal 
listening mode is preferably processed by the electric circuitry in a way to optimize the listening
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experience of the user, e.g., by reducing noise and increasing signal-to-noise ratio and/or 
sound level of the electrical sound signal. The hearing aid device operating in the user 
speaking mode is preferably configured to suppress (attenuate) the user voice signal of the 
user in the electrical sound signal of the hearing aid device used to stimulate the hearing of the 
user.

[0034] The hearing aid device operating in the user speaking mode can further be configured 
to determine the location (the acoustic transfer function) of the target sound source using an 
adaptive beamformer. The adaptive beamformer is preferably configured to determine a look 
vector, i.e., the (relative) acoustic transfer function from sound source to each microphone, 
while the hearing aid device is in operation and preferably while a voice signal is present or 
dominant (present with a high probability, e.g. > 70%) in the spatial sound signal. The electric 
circuitry is preferably configured to estimate user voice inter-environment sound input (e.g. 
microphone) covariance matrices and to determine an eigenvector corresponding to a 
dominant eigenvalue of the covariance matrix, when the voice of the user is detected. The 
eigenvector corresponding to the dominant eigenvalue of the covariance matrix is the look 
vector d. The look vector depends on the relative location of a user's mouth to his ears (where 
the hearing aid device is located), i.e., the location of the target sound source relative to the 
environment sound inputs, meaning that the look vector is user dependent and does not 
depend on the acoustic environment. The look vector therefore represents an estimate of the 
transfer function from the target sound source to the environment sound inputs (each 
microphone). In the present context, the look vector is typically relatively constant over time, as 
the location of the user's mouth to the user's ears (hearing aid devices) is typically relatively 
fixed. Only the movement of the hearing aid device in an ear of the user can lead to a slightly 
changed location of the mouth of the user relative to the environment sound inputs. The initial 
predetermined spatial direction parameters were determined in a dummy head model system, 
with a dummy head, which corresponds to an average male human, female human or human 
head. Therefore the initial predetermined spatial direction parameters (transfer functions) will 
only slightly change from one user to another user, as heads of users typically differ only in a 
relatively small range, e.g. inducing changes in the transfer functions corresponding to a 
difference range of up to 5 cm, preferably 3 cm, most preferably 1 cm deviation in all three 
location coordinates of the target sound source relative to the environment sound input(s) of 
the hearing aid device. The hearing aid device is preferably configured to determine a new 
look vector at points in time, when the electrical sound signals are dominated by the user's 
voice, e.g., when at least one of the electrical sound signals and/or the spatial sound signal has 
a signal-to-noise ratio and/or sound level of voice of the user above a predetermined 
threshold. The adjustments of the look vector preferably improve the adaptive beamformer 
while the hearing aid

[0035] The disclosure further provides a method for processing sound from the environment 
and a wireless sound signal in a hearing aid device configured to be worn in or at an ear of a 
user comprising the steps:

• Providing at least one environment sound input for receiving sound and generating an
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electrical sound signal representing sound,
• Providing a wireless sound input for receiving wireless sound signals,
• Providing an output transducer configured to stimulate hearing of the hearing aid device 

user,
• Providing electric circuitry,
• Providing a transmitter unit configured to transmit signals representing sound (34) 

and/or voice, and
• Providing a dedicated beamformer-noise-reduction-system configured to retrieve a user 

voice signal representing the voice of a user from the electrical sound signal,
• Configuring the wireless sound input to be wirelessly connected to a communication 

device and to receive wireless sound signals from the communication device, and
• Configuring the transmitter unit to be wirelessly connected to the communication device 

and to transmit the user voice signal to the communication device.

[0036] It is intended that some or all of the structural features of the hearing device described 
above, in the detailed description of embodiments below 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 
hearing devices.

[0037] In an embodiment, the method comprises a step of providing that the hearing aid 
device is configured to be operated in various modes of operation, including one or more of a 
communication mode, a wireless sound receiving mode, a telephony mode, a silent 
environment mode, a noisy environment mode, a normal listening mode, a user speaking 
mode, or another mode.

[0038] The invention further resides in a method for using a hearing aid device. The method 
can also be performed independent of the hearing aid device, e.g., for processing sound from 
the environment and a wireless sound signal. The method comprises the following steps. 
Receive a sound and generate electrical sound signals representing sound, e.g., by using at 
least two environment sound inputs (e.g. microphones). Optionally (or in a specific 
communication mode) establish a wireless connection, e.g., to a communication device. 
Determine if a wireless sound signal is received. Activate a first processing scheme if a 
wireless sound signal is received and activate a second processing scheme if no wireless 
sound signal is received. The first processing scheme preferably comprises the steps of using 
the electrical sound signals (preferably when the voice of the user of the hearing aid device is 
not detected (or has a low probability) in the electrical sound signal) to update a noise signal 
representing noise used for noise reduction and using the noise signal to update values of 
predetermined spatial direction parameters. The second processing scheme preferably 
comprises the steps of determining if the electrical sound signals comprise a voice signal 
representing voice, e.g., of a user (of the hearing aid device). Preferably the second 
processing scheme comprises a step of activating the first processing scheme if a voice signal
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of the user is absent (or detected with a low probability) in the electrical sound signals and 
activating a noise reduction scheme if the electrical sound signals comprise a voice signal (with 
a high probability), e.g., of the user. The noise reduction scheme preferably comprises the 
steps of using the electrical sound signals to update the values of the predetermined spatial 
direction parameters (acoustic transfer functions), retrieving a user voice signal representing 
the user voice from the electrical sound signals, e.g., using the dedicated beamformer-noise- 
reduction-system, and optionally transmitting the user voice signal, e.g., to the communication 
device. A spatial sound signal representing spatial sound is preferably generated from the 
electrical sound signals using the predetermined spatial direction parameters and a user voice 
signal is preferably generated from the spatial sound signal using the noise signal to reduce 
noise in the spatial sound signal. In the above mentioned embodiment of the method the case 
is considered, that no voice of a user is received by the environment sound input if a wireless 
sound signal is received. It is also possible that the first processing scheme is only activated 
when the wireless sound signal overcomes a predetermined signal-to-noise ratio threshold 
and/or sound level threshold. Alternatively or additionally the first processing scheme can be 
activated when the presence of a voice is detected in the wireless sound signal, e.g., by the 
voice activity detection unit.

[0039] An alternative embodiment of a method uses the hearing aid device as an own-voice 
detector. The method can also be applied on other devices to use them as own-voice 
detectors. The method comprises the following steps. Receive a sound from the environment 
in the environment sound inputs. Generate electrical sound signals representing the sound 
from the environment. Use of the beamformer to process the electrical sound signals, which 
generates a spatial sound signal in dependence of predetermined spatial direction parameters, 
i.e., in dependence of the look vector. An optional step can be to use the single channel noise 
reduction unit to reduce noise in the spatial sound signal to increase the signal-to-noise ratio of 
the spatial sound signal, e.g., by subtracting a predetermined spatial noise signal from the 
spatial sound signal. A predetermined spatial noise signal can be determined by determining a 
spatial sound signal when a voice signal is absent in the spatial sound signal, meaning when 
the user is not speaking. One step is preferably the use of the voice activity detection unit to 
detect whether a user voice signal of a user is present in the spatial sound signal. Alternatively, 
the voice activity detection unit can also be used to determine whether the user voice signal of 
a user overcomes a predetermined signal-to-noise ratio threshold and/or sound signal level 
threshold. Activate a mode of operation in dependence of the outcome of the voice activity 
detection, i.e., activating the normal listening mode, if no voice signal is present in the spatial 
sound signal and activating the user speaking mode, if a voice signal is present in the spatial 
sound signal. If a wireless sound signal is received additionally to the voice signal in the spatial 
sound signal the method is preferably adapted to activate the communication mode and/or the 
user speaking mode.

[0040] Additionally the beamformer can be an adaptive beamformer. A preferred embodiment 
of the alternative embodiment of the method is to train the hearing aid device as an own-voice 
detector. The method can also be used on other devices to train the devices as own-voice 
detectors. In this case the alternative embodiment of the method further comprises the
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following steps. If a voice signal is present in the spatial sound signal, determine an estimate of 
the user voice inter-environment sound input (e.g. inter-microphone) covariance matrices and 
the eigenvector corresponding to the dominant eigenvalue of the covariance matrix. This 
eigenvector is the look vector. This procedure of finding the dominant eigenvector of the target 
covariance matrix should only be seen as an example. Other, computationally cheaper, 
methods exist: e.g. to simply use one column of the target covariance matrix. The look vector 
is then combined with an estimate of the noise-only inter-microphone covariance matrix to 
update the characteristics of the optimal adaptive beamformer. The beamformer can be an 
algorithm performed on the electric circuitry or a unit in the hearing aid device. The spatial 
direction of the adaptive beamformer is preferably continuously and/or iteratively improved 
when the method is in use.

[0041] In a preferred embodiment the methods are used in the hearing aid device. Preferably 
at least some of the steps of one of the methods are used to train the hearing aid device to be 
used as an own-voice detector.

[0042] A further aspect of the invention is that the invention can be used to train the hearing 
aid device to detect the voice of the user, allowing the use of the invention as an improved 
own-voice detection unit. The invention can also be used for designing a trained, user-specific, 
and improved own-voice detection algorithm, which can be used in hearing aids for various 
purposes. The method detects the voice of the user and adapts the beamformer to improve 
the signal-to-noise ratio of the user voice signal while the method is in use.

[0043] In one embodiment of the hearing aid device the electric circuitry comprises a jawbone 
movement detection unit. The jawbone movement detection unit is preferably configured to 
detect a jawbone movement of a user resembling a jawbone movement for a generation of 
sound and/or voice by the user. Preferably the electric circuitry is configured to activate the 
transmitter unit only when a jawbone movement of the user resembling a jawbone movement 
for a generation of sound by the user is detected by the jawbone movement detection unit. 
Alternatively or additionally, the hearing aid device can comprise a physiological sensor. The 
physiological sensor is preferably configured to detect voice signals transmitted by bone 
conduction to determine whether the user of the hearing aid device speaks.

[0044] In the present context, a 'hearing aid device' refers to a device, such as e.g. a hearing 
instrument or an active ear-protection device or other audio processing device, which is 
adapted to improve, augment and/or protect the hearing capability of a user by receiving 
acoustic signals from the user's surroundings, generating corresponding audio signals, 
possibly modifying the audio signals and providing the possibly modified audio signals as 
audible signals to at least one of the user's ears. A 'hearing aid device' further refers to a 
device such as an earphone or a headset adapted to receive audio signals electronically, 
possibly modifying the audio signals and providing the possibly modified audio signals as 
audible signals to at least one of the user's ears.

[0045] Such audible signals may e.g. be provided in the form of acoustic signals radiated into
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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.

[0046] The hearing aid device may be configured to be worn in any known way, e.g. as a unit 
arranged behind the ear with a tube leading radiated acoustic signals into the ear canal or with 
a loudspeaker arranged close to or in the ear canal, as a unit entirely or partly arranged in the 
pinna and/or in the ear canal, as a unit attached to a fixture implanted into the skull bone, as 
an entirely or partly implanted unit, etc. The hearing aid device may comprise a single unit or 
several units communicating (e.g. optically and/or electronically) with each other. In an 
embodiment, the input transducer(s) (e.g. microphone(s)) and a (substantial) part of the 
processing (e.g. the beamforming-noise reduction) takes place in separate units of the hearing 
aid device, in which case communication links of appropriate bandwidth between the different 
parts of the hearing aid device should be available.

[0047] More generally, a hearing aid device comprises an input transducer for receiving an 
acoustic signal from a user's surroundings and for providing a corresponding input audio signal 
and/or a receiver for electronically (i.e. wired or wirelessly) receiving an input audio signal, a 
signal processing circuit for processing the input audio signal and an output unit for providing 
an audible signal to the user in dependence on the processed audio signal. In some hearing 
aid devices, an amplifier may constitute the signal processing circuit. In some hearing aid 
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 aid devices, the output unit may comprise one or more 
output electrodes for providing electric signals.

[0048] In some hearing aid devices, the vibrator may be adapted to provide a structure-borne 
acoustic signal transcutaneously or percutaneously to the skull bone. In some hearing aid 
devices, the vibrator may be implanted in the middle ear and/or in the inner ear. In some 
hearing aid 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 aid 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 aid devices, the output electrodes may be implanted in the cochlea or 
on the inside of the skull bone and may be adapted to provide the electric signals to the hair 
cells of the cochlea, to one or more hearing nerves, to the auditory cortex and/or to other parts 
of the cerebral cortex.

[0049] A 'hearing aid system' refers to a system comprising one or two hearing aid devices, 
and a 'binaural hearing aid system' refers to a system comprising one or two hearing aid 
devices and being adapted to cooperatively provide audible signals to both of the user's ears 
via a first communication link. Hearing aid systems or binaural hearing aid systems may further 
comprise 'auxiliary devices', which communicate with the hearing aid devices via a second 
communication link, and affect and/or benefit from the function of the hearing aid devices. 
Auxiliary devices may be e.g. remote controls, audio gateway devices, mobile phones (e.g.
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SmartPhones), public-address systems, car audio systems or music players. Hearing aid 
devices, hearing aid systems or binaural hearing aid 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.

[0050] In an embodiment, a separate auxiliary device forms part of the hearing aid device, in 
the sense that part of the processing takes place in the auxiliary device (e.g. the beamforming- 
noise reduction). In such case, a communication link of appropriate bandwidth between the 
different parts of the hearing aid device should be available.

[0051] In an embodiment, the first communication link between the hearing aid devices is an 
inductive link. An inductive link is e.g. based on mutual inductive coupling between respective 
inductor coils of the first and second hearing aid devices. In an embodiment, the frequencies 
used to establish the first communication link between the first and hearing aid devices are 
relatively low, e.g. below 100 MHz, e.g. located in a range from 1 MHz to 50 MHz, e.g. below 
10 MHz. In an embodiment, the first communication link is based on a standardized or 
proprietary technology. In an embodiment, the first communication link is based on NFC or 
RuBee. In an embodiment, the first communication link is based on a proprietary protocol, e.g. 
as defined by US 2005/0255843 A1.

[0052] In an embodiment, the second communication link between a hearing aid device and 
an auxiliary device is based on radiated fields. In an embodiment, the second communication 
link is based on a standardized or proprietary technology. In an embodiment, the second 
communication link is based on Bluetooth technology (e.g. Bluetooth Low-Energy technology). 
In an embodiment, the communication protocol or standard of the second communication link 
is configurable, e.g. between a Bluetooth SIG Specification and one or more other standard or 
proprietary protocols (e.g. a modified version of Bluetooth, e.g. Bluetooth Low Energy modified 
to comprise an audio layer). In an embodiment, the communication protocol or standard of the 
second communication link of the hearing aid device is classic Bluetooth as specified by the 
Bluetooth Special Interest Group (SIG). In an embodiment, the communication protocol or 
standard of the second communication link of the hearing aid device is another standard or 
proprietary protocol (e.g. a modified version of Bluetooth, e.g. Bluetooth Low Energy modified 
to comprise an audio layer).

[0053] The present invention will be more fully understood from the following detailed 
description of embodiments thereof, taken together with the drawings in which:

FIG.1 shows a schematic illustration of a first embodiment of a hearing aid device wirelessly 
connected to a mobile phone;

FIG. 2shows a schematic illustration of the first embodiment of a hearing aid device worn by a 
user and wirelessly connected to a mobile phone;

FIG. 3shows a schematic illustration of a portion of a second embodiment of a hearing aid
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device;

FIG. 4 shows a schematic illustration of a first embodiment of a hearing aid device worn by a 
dummy head in a beamformer dummy head model system;

FIG. 5 shows a block diagram of a first embodiment of a method for using a hearing aid device 
connectable to a communication device; and

FIG. 6 shows a block diagram of a second embodiment of a method for using a hearing aid 
device.

[0054] FIG. 1 shows a hearing aid device 10 wirelessly connected to a mobile phone 12. The 
hearing aid device 10 comprises a first microphone 14, a second microphone 14', electric 
circuitry 16, a wireless sound input 18, a transmitter unit 20, an antenna 22, and a 
(loud)speaker 24. The mobile phone 12 comprises an antenna 26, a transmitter unit 28, a 
receiver unit 30, and an interface to a public telephone network 32. The hearing aid device 10 
can run several modes of operation, e.g., a communication mode, a wireless sound receiving 
mode, a silent environment mode, a noisy environment mode, a normal listening mode, a user 
speaking mode or another mode. The hearing aid device 10 can also comprise further 
processing units common in hearing aid devices 10, e.g., a spectral filter bank for dividing 
electrical sound signals in frequency bands, e.g. an analysis filter bank, amplifiers, analog-to- 
digital converters, digital-to-analog converters, a synthesis filter bank, an electrical sound 
signals combination unit or other common processing units used in hearing aid devices (e.g. a 
feedback estimation/reduction unit, not shown).

[0055] Incoming sound 34 is received by the microphones 14 and 14' of the hearing aid device 
10. The microphones 14 and 14' generate electrical sound signals 35 representing the 
incoming sound 34. The electrical sound signals 35 can be divided in frequency bands by the 
spectral filterbank (not shown) (in which case the subsequent analysis and/or processing of the 
band split signal is performed for each (or selected) frequency subband. For example, a VAD 
decision could then be a local per-frequency band decision). The electrical sound signals 35 
are provided to the electric circuitry 16. The electric circuitry 16 comprises a dedicated 
beamformer-noise-reduction-system 36, which comprises a beamformer (Beamformer) 38 and 
a single channel noise reduction unit (Single-Channel Noise Reduction) 40, and which is 
connected to a voice activity detection unit 42. The electrical sound signals 35 are processed in 
the electric circuitry 16, which generates a user voice signal 44, if a voice of a user 46 (see 
FIG. 2) is present in at least one of the electrical sound signals 35 (or according to a 
predefined scheme, if working on a band split signal, e.g. if a user's voice is detected in a 
majority of the analysed frequency bands). When in the communication mode, the user voice 
signal 44 is provided to the transmitter unit 20, which uses the antenna 22 to wirelessly 
connect to the antenna 26 of the mobile phone 12 and to transmit the user voice signal 44 to 
the mobile phone 12. The receiver unit 28 of the mobile phone 12 receives the user voice 
signal 44 and provides it to the interface to the public telephone network 32, which is
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connected to another communication device, e.g., a base station of the public telephone 
network, another mobile phone, a telephone, a personal computer, a tablet, or any other 
device, which is part of the public telephone network. The hearing aid device 10 can also be 
configured to transmit electrical sound signals 35, if a voice of the user 46 is absent in the 
electrical sound signals 35, e.g., transmitting music or other non-speech sound (e.g. in an 
environment monitoring mode, where a current environment sound signal picked up by the 
hearing aid device is transmitted to another device, e.g. the mobile phone 12 and/or to another 
device via the public telephone network).

[0056] The processing of the electrical sound signals 35 in the electric circuitry 16 is performed 
as follows. The electrical sound signals 35 are first analysed in the voice activity detection unit 
42, which is further connected to the wireless sound input 18. If a wireless sound signal 19 is 
received by the wireless sound input 18 the communication mode is activated. In the 
communication mode the voice activity detection unit 42 is configured to detect an absence of 
a voice signal in the electrical sound signal 35. It is assumed in this embodiment of the 
communication mode, that receiving a wireless sound signal 19 corresponds to the user 46 
listening during communication. The voice activity detection unit 42 can also be configured to 
detect an absence of a voice signal in the electrical sound signal 35 with a higher probability if 
the wireless sound input 18 receives a wireless sound signal 19. Receiving a wireless sound 
signal 19 here means, that a wireless sound signal 19 is received, which has a signal-to-noise 
ratio and/or sound level above a predetermined threshold. If no wireless sound signal 19 is 
received by the wireless sound input 18 the voice activity detection unit 42 detects whether a 
voice signal is present in the electrical sound signals 35. If the voice activity detection unit 42 
detects a voice signal of a user 46 (see FIG. 2) in the electrical sound signals 35, the user 
speaking mode can be activated in parallel to the communication mode. The voice detection is 
performed according to methods known in the art, e.g., by using means to detect whether 
harmonic structure and synchronous energy is present in the electrical sound signals 35, which 
indicates a voice signal, as vowels have unique characteristics consisting of a fundamental 
tone and a number of harmonics showing up synchronously in the frequencies above the 
fundamental tone. The voice activity detection unit 42 can be configured to especially detect 
the voice of the user, i.e., own-voice or user voice signal, e.g., by comparison to training voice 
patterns received by the user 46 of the hearing aid device 10.

[0057] The voice activity detection unit (VAD) 42 can further be configured to detect a voice 
signal only when the signal-to-noise ratio and/or the sound level of a detected voice are above 
a predetermined threshold. The voice activity detection unit 42 operating in the communication 
mode can also be configured to continuously detect whether a voice signal is present in the 
electrical sound signal 35, independent of the wireless sound input 18 receiving a wireless 
sound signal 19.

[0058] The voice activity detection unit (VAD) 42 indicates to the beamformer 38 if a voice 
signal is present in at least one of the electrical sound signals 35, i.e., in the user speaking 
mode (dashed arrow from VAD 42 to Beamformer 38 in FIG. 3). The beamformer 38 
suppresses spatial directions in dependence of predetermined spatial direction parameters,
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i.e., the look vector and generates a spatial sound signal 39 (see FIG. 3).

[0059] The spatial sound signal 39 is provided to the single channel noise reduction unit 
(Single-Channel Noise Reduction) 40. The single channel noise reduction unit 40 uses a 
predetermined noise signal to reduce the noise in the spatial sound signal 39, e.g., by 
subtracting the predetermined noise signal from the spatial sound signal 39. The 
predetermined noise signal is for example an electrical sound signal 35, a spatial sound signal 
39, or a processed combination thereof of a previous time period, in which a voice signal is 
absent in the respective sound signal or sound signals. The single channel noise reduction unit 
40 generates a user voice signal 44, which is then provided to the transmitter unit 20 (cf. FIG. 
1). Therefore the user 46 (cf. FIG. 2) can use the microphones 14 and 14' (cf. FIG. 1) of the 
hearing aid device 10 to communicate via the mobile phone 12 with another user on another 
mobile phone.

[0060] In other modes the hearing aid device 10 can for example be used as an ordinary 
hearing aid, e.g., in a normal listening mode, in which, e.g., the listening quality is optimized (cf. 
FIG. 1). The hearing aid device 10 in the normal listening mode receives incoming sound 34 by 
the microphones 14 and 14' which generate electrical sound signals 35. The electrical sound 
signals 35 are processed in the electric circuitry 16 by, e.g., amplification, noise reduction, 
spatial directionality selection, sound source localization, gain reduction/enhancement, 
frequency filtering, and/or other processing operations. An output sound signal is generated 
from the processed electrical sound signals, which is provided to the speaker 24, which 
generates an output sound 48. Instead of the speaker 24 the hearing aid device 10 can also 
comprise another form of output transducer, e.g., a vibrator of a bone anchored hearing aid 
device or electrodes of a cochlear implant hearing aid device which is configured to stimulate 
the hearing of the user 46.

[0061] The hearing aid device 10 further comprises a switch 50 to, e.g., select and control the 
modes of operation and a memory 52 to store data, such as the modes of operation, 
algorithms and other parameters, e.g., spatial direction parameters (cf. FIG. 1). The switch 50 
can for example be controlled via a user interface, e.g. a button, a touch sensitive display, an 
implant connected to the brain functions of a user, a voice interacting interface or other kind of 
interface (e.g. a remote control, e.g. implemented via a display of a SmartPhone) used for 
activating and/or deactivating the switch 50. The switch 50 can for example be activated and/or 
deactivated by a code word spoken by the user, a blinking sequence of the eyes of the user, or 
by clicking a button which activates the switch 50.

[0062] The algorithm as described estimates the clean voice signal of the user (wearer) of the 
hearing aid device as picked up by a (or one or more) chosen microphone(s). However, for the 
far-end listener, the speech signal would sound more natural, if it were picked up in front of the 
mouth of the speaker (here the user of the hearing device). This is, of course, not completely 
possible, since we don't have a microphone positioned there, but we can in fact make a 
compensation to the output of our algorithm to simulate how it would sound if it were picked up 
in front of the mouth. This may be done simply by passing the output of our algorithm through
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a time-invariant linear filter, simulating the transfer function from microphone to mouth. This 
linear filter could be found from the dummy head in a completely analogous way to what we 
have done so far. Hence, in an embodiment, the hearing aid device comprises an (optional) 
post-processing block (M2Mc, microphone-to-mouth compensation) between the output of the 
current algorithm (Beamformer, Single-Channel Noise Reduction unit (38, 40)) and the 
transmitter unit (20), cf. dashed unit M2Mc in FIG. 3.

[0063] FIG. 2 shows the hearing aid device 10 wirelessly connected to the mobile phone 12 
presented in FIG. 1 worn at the ear of the user 46 in the communication mode. The hearing 
aid device 10 is configured to transmit user voice signals 44 to the mobile phone 12 and to 
receive wireless sound signals 19 from the mobile phone 12. This allows a hands free 
communication of the user 46 using the hearing aid device 10, while the mobile phone 12 can 
be left in a pocket or bag when in use and wirelessly connected to the hearing aid device 10. It 
is also possible to wirelessly connect the mobile phone 12 with two hearing aid devices 10 (e.g. 
constituting a binaural hearing aid system), e.g., on a left and on a right ear of the user 46 (not 
shown). In the binaural hearing aid system case the two hearing aid devices 10 preferably also 
are connected wirelessly with each other (e.g. by an inductive link or a link based on radiated 
fields (RF), e.g. according to the Bluetooth specification or equivalent) to exchange data and 
sound signals. The binaural hearing aid system preferably has at least four microphones, two 
microphones on each of the hearing aid devices 10.

[0064] In the following, an exemplary communication scenario is presented. A phone call 
reaches the user 46. The phone call is accepted by the user 46, e.g., by activating the switch 
50 at the hearing aid device 10 (or via another user interface, e.g. a remote control, e.g. 
implemented in the user's mobile phone). The hearing aid device 10 activates the 
communication mode and connects wirelessly to the mobile phone 12. A wireless sound signal 
19 is wirelessly transmitted from the mobile phone 12 to the hearing aid device 10 using the 
transmitter unit 28 of the mobile phone 12 and the wireless sound input 18 of the hearing aid 
device 10. The wireless sound signal 19 is provided to the speaker 24 of the hearing aid device 
10, which generates an output sound 48 (see FIG. 1) to stimulate the hearing of the user 46. 
The user 46 responds by speaking. The user voice signal is picked up by the microphones 14 
and 14' of the hearing aid device 10. Due to the distance of the mouth of the user 46, i.e., the 
target sound source 58 (see also FIG. 4), to the microphones 14 and 14', additional 
background noise is also picked up by the microphones 14 and 14', resulting in noisy sound 
signals reaching the microphones 14 and 14'. The microphones 14 and 14' generate noisy 
electrical sound signals 35 from the noisy sound signals reaching the microphones 14 and 14'. 
Transmitting the noisy electrical sound signals 35 to another user using the mobile phone 12 
without further processing would typically lead to poor conversation quality due to the noise, so 
processing is most often necessary. The noisy electrical sound signals 35 are processed by 
retrieving the user voice signal, i.e., own voice, from the electrical sound signals 35 using the 
dedicated own voice beamformer38 (FIG. 1, 3). The output, i.e., spatial sound signal 39 of the 
beamformer 38 is further processed in the single chancel noise reduction unit 40. The resulting 
noise-reduced electrical sound signal 35, i.e., user voice signal 44, which ideally consists of 
mainly own voice, is transmitted to the mobile phone 12 and from the mobile phone 12 to
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another user using another mobile phone e.g. via a (public) switched (telephone and/or data) 
network.

[0065] The voice activity detection (VAD) algorithm or voice activity detection (VAD) unit 42 
allows for adapting the user voice, i.e., own voice, retrieval system. The VAD 42 task in this 
particular situation is rather simple as a user voice signal 44 is likely absent, when a wireless 
sound signal 19 (having a certain signal content) is received by the wireless sound input 18. 
When the VAD 42 detects no user voice, in the electrical sound signals 35, while the wireless 
sound input 18 receives a wireless sound signal 19, a noise power spectral density (PSD) used 
in the single channel noise reduction unit 40 for reducing noise in the electrical sound signal 35 
is updated (because it is assumed that the user is silent (while listening to a remote talker) and 
hence ambient sounds picked up the microphone(s) of the hearing aid device can be 
considered as noise (in the present situation)). The look vector in the beamforming algorithm 
or beamformer unit 38 can be updated as well. When the VAD 42 detects a user voice the 
beamformers spatial direction, i.e., the look vector is (or may be) updated. This allows the 
beamformer 38 to compensate for the variation (deviation) of the hearing aid users' head 
characteristics from a standard dummy head 56 (see FIG. 4), and to compensate for the 
variation of the exact mounting of the hearing aid device 10 on an ear from day to day. 
Beamformer designs exist and are known to the person skilled in the art which are 
independent of the exact microphone locations, in the sense that they aim at retrieving an own 
voice target sound signal, i.e., the user voice signal 44, in a minimum mean-square sense or in 
a minimum-variance distortionless response sense independent of the microphone geometry, 
see e.g. [Kjems & Jensen; 2012[(U. Kjems and J. Jensen, "Maximum Likelihood Based Noise 
Covariance Matrix Estimation for Multi-Microphone Speech Enhancement," Proc. Eusipco 
2012, pp. 295-299).

[0066] FIG. 3 shows a second embodiment of a portion of a hearing aid device 10'. The 
hearing aid device 10' has two microphones 14 and 14', a voice activity detection unit (VAD) 
42, and a dedicated beamformer-noise-reduction-system 36, comprising a beamformer 38 and 
a single-channel noise reduction unit 40.

[0067] The microphones 14 and 14' receive incoming sound 34 and generate electrical sound 
signals 35. The hearing aid device 10' has more than one signal transmission path to process 
the electrical sound signals 35 received by the microphones 14 and 14'. A first transmission 
path provides the electrical sound signals 35 as received by the microphones 14 and 14' to the 
voice activity detection unit 42, corresponding to the mode of operation presented in FIG. 1.

[0068] A second transmission path provides the electrical sound signals 35 as received by the 
microphones 14 and 14' to the beamformer 38. The beamformer 38 suppresses spatial 
directions in the electrical sound signals 35 using the predetermined spatial direction 
parameters, i.e., the look vector, to generate a spatial sound signal 39. The spatial sound 
signal 39 is provided to the voice activity detection unit 42 and the single channel noise 
reduction unit 40. The voice activity detection unit 42 determines whether a voice signal is 
present in the spatial sound signal 39. If a voice signal is present in the spatial sound signal 39
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the voice activity detection unit 42 transmits a voice detected signal to the single channel noise 
reduction unit 40 and if no voice signal is present in the spatial sound signal 39 the voice 
activity detection unit 42 transmits a no voice detected signal to the single channel noise 
reduction unit 40 (cf. dashed arrow from VAD 42 to Single-Channel Noise Reduction 40 in FIG. 
3. The single channel noise reduction unit 40 generates a user voice signal 44 when it receives 
a voice detected signal from the voice activity detection unit 42 by subtracting a predetermined 
noise signal from the spatial sound signal 39 received from the beamformer 38 or a (e.g. 
adaptively updated) noise signal corresponding to the spatial sound signal 39 when it receives 
a no voice detected signal. The predetermined noise signal corresponds e.g. to a spatial sound 
signal 39 without voice signal, which was received in an earlier time interval. The user voice 
signal 44 can be supplied to a transmitter unit 20 to be transmitted to a mobile phone 12 (not 
shown). As described in connection with FIG. 1, the hearing aid device may comprise an 
(optional) post-processing block (M2Mc, dashed outline) providing a microphone-to-mouth 
compensation, e.g. using a time-invariant linear filter, simulating the transfer function from an 
(imaginary centrally and frontally located) microphone to the mouth.

[0069] In a normal listening mode, the environment sound picked up by microphones 14, 14' 
may be processed by a beamformer and noise reduction system (but with other parameters, 
e.g. another look vector (not aiming at the user's mouth), e.g. an adaptively determined look 
vector depending on the current sound field around the user/hearing aid device) and further 
processed in a signal processing unit (electric circuitry 16) before being presented to the user 
via an output transducer (e.g. speaker 24 in FIG. 1).

[0070] In the following, the dedicated beamformer-noise-reduction-system 36 comprising the 
beamformer 38 and the single channel noise reduction unit 40 is described in more detail. The 
beamformer 38, the single channel noise reduction unit 40, and the voice activity detection unit 
42 are considered to be algorithms in the following which are stored in the memory 52 and 
executed on the electric circuitry 16 (cf. FIG. 1). The memory 52 is further configured to store 
the parameters used and described in the following, e.g., the predetermined spatial direction 
parameters (transfer functions) adapted to cause a beamformer 38 to suppress sound from 
other spatial directions than the spatial directions determined by values of the predetermined 
spatial direction parameters, such as the look vector, an inter-environment sound input noise 
covariance matrix for the current acoustic environment, a beamformer weight vector, a target 
sound covariance matrix, or further predetermined spatial direction parameters.

[0071] The beamformer 38 can for example be a generalized sidelobe canceller (GSC), a 
minimum variance distortionless response (MVDR) beamformer 38, a fixed look vector 
beamformer 38, a dynamic look vector beamformer 38, or any other beamformer type known 
to a person skilled in the art.

[0072] A so-called minimum variance distortionless response (MVDR) beamformer 38, see, 
e.g., [Kjems & Jensen; 2012] or [Haykin; 1996] (S. Haykin, "Adaptive Filter Theory," Third 
Edition, Prentice Hall International Inc., 1996), can generally be described by the MVDR 
beamformer weight vector WH, as follows
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where Rw(/r) is (an estimate of) the inter-microphone noise covariance matrix for the current 

acoustic environment, d(/r) is the estimated look vector (representing the inter-microphone 
transfer function for a target sound source at a given location), k is a frequency index and iref is 

an index of a reference microphone (‘denotes complex conjugate, and H denotes Hermitian 
transposition). It can be shown that this beamformer 38 minimizes the noise power in its 
output, i.e., the spatial sound signal 39, under the constraint that a target sound component, 
i.e., the voice of the user 46, is unchanged, see, e.g., [Haykin; 1996], The look vector d 
represents the ratio of transfer functions corresponding to the direct part, i.e., first 20 ms, of 
room impulse responses from the target sound source 58, e.g., the mouth of a user 46 (see 
FIG. 4, where 'user' 46 is dummy head 56), to each of M microphones, e.g., the two 
microphones 14 and 14' of the hearing aid device 10 located at an ear of the user 46. The look

vector is normalized so that dHd = 1, and is computed as the eigenvector corresponding to the 
largest eigenvalue of the covariance matrix Rss(/r), i.e., the inter-microphone target sound 

signal covariance matrix (s referring to microphone signal s).

[0073] A second embodiment of the beamformer 38 is a fixed look vector beamformer 38. A 
fixed look vector beamformer 38 from a user's mouth, i.e., target sound source 58, to the 
microphones 14 and 14' of the hearing aid device 10 can, e.g., be implemented by determining 
a fixed look vector d = d0 (e.g. using an artificial dummy head 56 (see FIG. 4), e.g., the Head 

and Torso Simulator (HATS) 4128C from Brüel & Kjær Sound & Vibration Measurement A/S), 
and using such fixed look vector do (defining the target sound source 58 to microphone 14, 14' 

configuration, which is relatively identical from one user 46 to another user) together with a 
dynamically determined inter-microphone noise covariance matrix for the current acoustic 
environment Rw(/r) (thereby taking into account a dynamically varying acoustic environment 

(different (noise) sources, different location of (noise) sources overtime)). A calibration sound, 
i.e., training voice signals 60 or training signals (see FIG. 4), preferably comprising all relevant 
frequencies, e.g., a white noise signal having frequency content between a minimum frequency 
of, e.g., above 20 Hz and a maximum frequency of, e.g., below 20 kHz is emitted from the 
target sound source 58 of the dummy head 56 (see FIG. 4), and signals sm(n,k) (n being a 

time index and ka frequency index) are picked up by the microphones 14 and 14' (m = 1,...,M , 
here, e.g., M = 2 microphones) of the hearing aid device 10' when located at or in an ear of the 
dummy head 56. The resulting inter-microphone covariance matrix Rss(k) is estimated for each 

frequency k based on the training signal

where s(n,k)=[s(n,k,V)s(n,k,2)]T and s(n,k,m) is the output of an analysis filter bank, for 
microphone m , at time frame n and frequency index k . For a true point sound source, the 
signal impinging on the microphones 14 and 14' or on a microphone array would be of the 
form s(n,k) = s(n, k)d(k) such that (assuming that signal s(n,k) is stationary) the theoretical 

target covariance matrix RSs(k) = E[s(n,k)sH (n,k)] would be of the form

Rss(k) = <j>ss(k)d(k)dH(k),
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where <Pss(k) is the power spectral density of the target sound signal, i.e., the voice of the user 

46 coming from the target sound source 58, meaning the user voice signal 44, observed at the 
reference microphone 14. Therefore, the eigenvector of Rss(k) corresponding to the non-zero 

eigenvalue is proportional to d(Aj. Hence, the look vector estimate d(A), e.g., the relative target 
sound source 58 to microphone 14, i.e., mouth to ear transfer function do(k), is defined as the 

eigenvector corresponding to the largest eigenvalue of the estimated target covariance matrix 
Rss(k)· In an embodiment, the look vector is normalized to unit length, that is:

7d»(fc)d(fc)
such that ||d||2 = 1. The look vector estimate d(Aj thus encodes the physical direction and 
distance of the target sound source 58, it is therefore also called the look direction.

[0074] The fixed, pre-determined look vector estimate do(k) can now be combined with an 

estimate of the inter-microphone noise covariance matrix Rw(k) to find MVDR beamformer 

weights (see above).

[0075] In a third embodiment, the look vector can be dynamically determined and updated by 
a dynamic look vector beamformer 38. This is desirable in order to take into account physical 
characteristics of the user 46 which differ from those of the dummy head 56, e.g., head form, 
head symmetry, or other physical characteristics of the user 46. Instead of using a fixed look 
vector do, as determined by using the artificial dummy head 56, e.g. HATS (see FIG. 4), the 

above described procedure for determining the fixed look vector can be used during time 
segments where the user's own voice, i.e., the user voice signal, is present (instead of the 
training voice signal 60) to dynamically determine a look vector d for the user's head and 
actual mouth to hearing aid device microphone(s) 14, 14' arrangement. To determine these 
own-voice dominated time-frequency regions, a voice activity detection (VAD) 42 algorithm can 
be run on the output of the own-voice beamformer 38, i.e., the spatial sound signal 39, and 
target speech inter-microphone covariance matrices estimated (as above) based on the spatial 
sound signal 39 generated by the beamformer 38. Finally, the dynamic look vector can be 
determined as the eigenvector corresponding to the dominant eigenvalue. As this procedure 
involves VAD decisions based on noisy signal regions, some classification errors can occur. To 
avoid that these influence algorithm performance, the estimated look vector can be compared 
to the predetermined look vector and/or predetermined spatial direction parameters estimated 
on the HATS. If the look vectors differ significantly, i.e., if their difference is not physically 
plausible, the predetermined look vector is preferably used instead of the look vector 
determined for the user 46. Clearly, many variations on the look vector selection mechanism 
can be envisioned, e.g., using a linear combination of the predetermined fixed look vector and 
the dynamically estimated look vector, or other combinations.

[0076] The beamformer 38 provides an enhanced target sound signal (here focusing on the 
user's own voice) comprising the clean target sound signal, i.e., the user voice signal 44, (e.g., 
because of the distortionless property of the MVDR beamformer 38), and additive residual 
noise, which the beamformer 38 was unable to completely suppress. This residual noise can
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be further suppressed in a single-channel post filtering step using the single channel noise 
reduction unit 40 or a single channel noise reduction algorithm executed on the electric 
circuitry 16. Most single channel noise reduction algorithms suppress time-frequency regions 
where the target sound signal-to-residual noise ratio (SNR) is low, while leaving high-SNR 
regions unchanged, hence an estimate of this SNR is needed. The power spectral density 
(PSD)

of the noise entering the single-channel noise reduction unit 40 can be expressed as
(k,m)Rn.w(k,rn)

[0077] Given this noise PSD estimate, the PSD of the target sound signal, i.e., user voice 
signal 44, can be estimated as
σ2 (k, m) = σ2 (k, m)6l (k, ni)

[0078] The ratio of
σ2 (£,/«)
and
σ2(£,«ϋ
forms an estimate of the SNR at a particular time-frequency point. This SNR estimate can be 
used to find the gain of the single channel reduction unit 40, e.g., a Wiener filter, an mmse-stsa 
optimal gain, or the like, see, e.g., P. C. Loizou, "Speech Enhancement: Theory and Practice," 
Second Edition, CRC Press, 2013 and the references therein.

[0079] The described own-voice beamformer estimates the clean own-voice signal as 
observed by one of the microphones. This sounds slightly strange, and the far-end listener 
may be more interested in the voice signal as measured at the mouth of the HA user. 
Obviously, we don't have a microphone located at the mouth, but since the acoustical transfer 
function from mouth to microphone is roughly stationary, it is possible to make a compensation 
(pass the current output signal through a linear time-invariant filter) which emulates the 
transfer function from microphone to mouth.

[0080] FIG. 4 shows a beamformer dummy head model system 54 with two hearing aid 
devices 10 mounted on a dummy head 56. The hearing aid devices 10 are mounted at the 
sides of the dummy head 56 at locations corresponding to ears of a user. The dummy head 56 
has a dummy target sound source 58 that produces training voice signals 60 and/or training 
signals. The dummy target sound source 58 is located at a location corresponding to a mouth 
of a user. The training voice signals 60 are received by the microphones 14 and 14' and can 
be used to determine the location of the target sound source 58 relative to the microphones 14 
and 14'. An adaptive beamformer 38 (referring now to FIG. 4: you need (at least) two mics 14 
and 14' to be able to make a beamformer in each hearing aid device or alternatively one 
microphone in each hearing aid device of a binaural hearing aid system (binaural 
beamformer)) in each of the hearing aid devices 10 is configured to determine the look vector,
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(i.e. a (relative) acoustic transfer function from source to microphone(s)) while the hearing aid 
device 10 is in operation and while a training voice signal 60 is present in the spatial sound 
signal 39. The electric circuitry 16 estimates training voice inter-microphone covariance 
matrices and determines an eigenvector corresponding to a dominant eigenvalue of the 
covariance matrix, when the training voice signal 60 is detected. The eigenvector 
corresponding to the dominant eigenvalue of the covariance matrix is the look vector d 
(eigenvector is one way). The look vector depends on the relative location of the dummy target 
sound source 58 relative to the microphones 14 and 14'. The look vector therefore represents 
an estimate of the transfer function from the dummy target sound source 58 to the 
microphones 14 and 14'. The dummy head 56 is chosen in correspondence to an average 
human head, taking into account female and male heads. The look vector can also be gender 
specifically determined by using a corresponding female and/or male (or child-specific) dummy 
head 56, corresponding to an average female or male (or child) head.

[0081] FIG. 5 shows a first embodiment of a method for using a hearing aid device 10 or 10' 
connected to a communication device, e.g., the mobile phone 12. The method comprises the 
steps:

100 receiving sound 34 and generating electrical sound signals 35 representing sound 34,

110 determining if a wireless sound signal 19 is received,

120 activating a first processing scheme 130 if a wireless sound signal 19 is received and 
activating a second processing scheme 160 if no wireless sound signal 19 is received.

[0082] The first processing scheme 130 comprises the steps 140 and 150.

[0083] 140 using the electrical sound signals 35 to update a noise signal representing noise 
used for noise reduction,

[0084] 150 using the noise signal to update values of predetermined spatial direction 
parameters.

[0085] (In an embodiment, steps 140 and 150 are combined to update an inter-microphone 
noise-only covariance matrix)

[0086] The second processing scheme 160 comprises the step 170.

[0087] 170 determining if the electrical sound signals 35 comprise a voice signal representing 
voice and activating the first processing scheme 130 if a voice signal is absent in the electrical 
sound signals 35 and activating a noise reduction scheme 180 if the electrical sound signals 35 
comprise a voice signal.
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[0088] The noise reduction scheme 180 comprises the steps 190 and 200.

[0089] 190 using the electrical sound signals 35 to update the values of the predetermined 
spatial direction parameters (if near-end speech is dominant, update estimate of own-voice 
inter-microphone covariance matrix and then find (e.g.) the dominant eigenvector = (relative) 
transfer function from source to microphone(s)),

[0090] 200 retrieving a user voice signal 44 representing the user voice from the electrical 
sound signals 35. Preferably a spatial sound signal 39 representing spatial sound is generated 
from the electrical sound signals 35 using the predetermined spatial direction parameters and 
a user voice signal 44 is generated from the spatial sound signal 39 using (e.g.) the noise 
signal to reduce noise in the spatial sound signal 39.

[0091] Optionally the user voice signal can be transmitted to, e.g., a communication device 
such as a mobile phone 12 wirelessly connected to the hearing aid device 10. The method can 
be performed continuously by starting again at step 100 after step 150 or step 200.

[0092] FIG. 6 shows a second embodiment of a method for using the hearing aid device 10. 
The method shown in FIG. 6 uses the hearing aid device 10 as an own-voice detector. The 
method presented in FIG. 6 comprises the following steps.

[0093] 210 Receive sound 34 from the environment in the microphones 14 and 14'.

[0094] 220 Generate electrical sound signals 35 representing the sound 34 from the 
environment.

[0095] 230 Use of the beamformer 38 to process the electrical sound signals 35, which 
generates a spatial sound signal 39 corresponding to predetermined spatial direction 
parameters, i.e., corresponding to the look vector d.

[0096] 240 An optional step (dashed outline in FIG. 6) can be to use the single channel noise 
reduction unit 40 to reduce noise in the spatial sound signal 39 to increase the signal-to-noise 
ratio of the spatial sound signal 39, e.g., by subtracting a predetermined spatial noise signal 
from the spatial sound signal 39. A predetermined spatial noise signal can be determined by 
determining a spatial sound signal 39 when a voice signal is absent in the spatial sound signal 
39, meaning when the user 46 is not speaking.

[0097] 250 Use of the voice activity detection unit 42 to detect whether a user voice signal 44 
of a user 46 is present in the spatial sound signal 39. Alternatively the voice activity detection 
unit 42 can also be used to determine whether the user voice signal 44 of the user 46 
overcomes a signal-to-noise ratio threshold and/or sound signal level threshold.

[0098] 260 Activate a mode of operation in dependence of the output of the voice activity 
detection unit 42, i.e., activating the normal listening mode, if no voice signal is present in the
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spatial sound signal 39 and activating the user speaking mode, if a voice signal is present in 
the spatial sound signal 39. If a wireless sound signal 19 is received additionally to the voice 
signal in the spatial sound signal 39 the method is preferably adapted to activate the 
communication mode and/or the user speaking mode.

[0099] Additionally the beamformer 38 can be an adaptive beamformer 38. In this case the 
method is used for training the hearing aid device 10 as an own-voice detector and the method 
further comprises the following steps.

[0100] 270 If a voice signal is present in the spatial sound signal 39, determine an estimate of 
the user voice inter-environment sound input covariance matrices and the eigenvector 
corresponding to the dominant eigenvalue of the covariance matrix. This eigenvector is the 
look vector. The look vector is then applied to the adaptive beamformer 38 to improve the 
spatial direction of the adaptive beamformer 38. The adaptive beamformer 38 is used to 
determine a new spatial sound signal 39. In this embodiment the sound 34 is obtained 
continuously. The electrical sound signal 35 can be sampled or supplied as a continuous 
electrical sound signal 35 to the beamformer 38.

[0101] The beamformer 38 can be an algorithm performed on the electric circuitry 16 or a unit 
in the hearing aid device 10. The method can also be performed independent of the hearing 
aid device 10 on any other suitable device. The method can be iteratively performed, e.g., by 
starting again at step 210 after performing step 270.

[0102] In the above examples, the hearing aid device(s) communicate(s) directly with a mobile 
phone. Other embodiments, where the hearing aid device(s) communicate(s) with the mobile 
phone VIA an intermediate device is also intended to be within the scope of the accompanying 
claims. The user advantage is that, whereas today the mobile phone or the intermediate 
device must be held in a hand or worn in a string around the neck so that its microphone is just 
below the mouth, with the proposed invention, the mobile phone and/or the intermediate 
device may be covered by clothes or carried in a pocket. This is convenient and has the benefit 
that the user does not need to flash that he wears a hearing aid device.

[0103] In the above examples, the processing (electric circuitry 16) of the input sound signals 
(from microphone(s) and wireless receiver) is generally assumed to be located in the hearing 
aid device. In case of sufficient available bandwidth for transmitting audio signals 'back and 
forth', such processing (e.g. including beamforming and noise reduction) may be located in an 
external device, e.g. an intermediate device or a mobile telephone device. Thereby power and 
space can be saved in the hearing aid device; such parameters typically both being limited in a 
state of the art hearing aid device.

Reference signs
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Patentkrav

1. Høreapparatsanordning (10, 10'), der er konfigureret til at blive båret i eller 

ved en brugers øre (46), der omfatter,

i det mindste en omgivelseslydindgang, der omfatter to eller flere 

omgivelsesindgange (14, 14'), hver til at modtage lyd og frembringe et elektrisk 

lydsignal (35), som repræsenterer lyd,

en trådløs lydindgang (18) til at modtage trådløse lydsignaler (19), 

en udgangstransducer (24), der er konfigureret til at stimulere hørelse for 

brugeren af høreapparatsanordningen (46),

et elektrisk kredsløb (16),

en senderenhed (20), der er konfigureret til at sende signaler, som 

repræsenterer lyd og/eller stemme, og

et dedikeret stråleformer-støj-reduktions-system (36), der omfatter en 

stråleformer (38), der er konfigureret til at behandle de elektriske lydsignaler 

(35) ved at undertrykke forudbestemte rumlige retninger af de elektriske 

lydsignaler (35), der frembringer et rumligt lydsignal,

hvor det elektriske kredsløb (16) - i det mindste i specifikke driftsmoduser af 

høreanordningen - er operationelt koblet til de to eller flere 

omgivelseslydindgange (14, 14'), til den trådløse lydindgang (18), til 

udgangstransduceren (24), til senderenheden (20) og til det dedikerede 

stråleformer-støj-reduktions-system (36), og

KENDETEGNET VED, AT

høreapparatanordningen omfatter en stemmeaktivitetsdetekteringsenhed 

(42), der er konfigureret til at detektere, om et stemmesignal fra brugeren (46) 

er til stede i det elektriske lydsignal (35),

høreapparatsanordningen er konfigureret til at aktivere en trådløs 

lydmodtagende modus, når den trådløse lydindgang (18) modtager trådløse 

lydsignaler, og når stemmeaktivitetsdetekteringsenheden (42) defekterer et 

fravær af et stemmesignal i de elektriske lydsignaler (35),

hvor stråleformer-støj-reduktions-systemet (36) er konfigureret til at hente et 

brugerstemmesignal, der repræsenterer en brugers (46) stemme, fra de 

elektriske lydsignaler (35),
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hvor den trådløse lydindgang (18) er konfigureret til at være trådløst forbundet 

til en kommunikationsanordning (12) og til at modtage trådløse lydsignaler fra 

kommunikationsanordningen (12), og

hvor senderenheden (20) er konfigureret til at være trådløst forbundet til 

kommunikationsanordningen (12) og til at sende brugerstemmesignalet til 

kommunikationsanordningen (12).

2. Høreapparatsanordning (10, 10') ifølge krav 1, der omfatter et høreredskab 

eller en aktiv ørebeskyttelsesanordning eller anden 

audiobehandlingsanordning, der er indrettet at forbedre, forøge og/eller 

beskytte høreevnen for en bruger (46) ved at modtage akustiske signaler fra 

brugerens omgivelser, der frembringer tilsvarende audiosignaler, eventuelt 

modificere audiosignalerne og tilvejebringe de eventuelle modificerede 

audiosignaler som hørbare signaler til i det mindste et af brugerens ører.

3. Høreapparatsanordning (10, 10') ifølge et hvilket som helst af kravene 1-2, 

hvor kommunikationsanordningen omfatter en mobiltelefon (12).

4. Høreapparatsanordning (10, 10') ifølge et hvilket som helst af kravene 1-3, 

hvor høreapparatsanordningen omfatter en hukommelse (52), der er 

konfigureret til at lagre data, og hvor stråleformeren (38) er konfigureret til at 

anvende værdier af forudbestemte rumlige retningsparametre, der 

repræsenterer en akustisk overføringsfunktion, der er lagret i hukommelsen 

(52), til at undertrykke de forudbestemte rumlige retninger af de elektriske 

lydsignaler (35).

5. Høreapparatsanordning (10, 10') ifølge krav 4, hvor første værdier af de 

forudbestemte rumlige retningsparametre blev bestemt i et dummy-hoved- 

modelsystem, der omfatter et dummy-hoved (56), hvor dummy-hovedet 

omfatter en dummy-hoved-lydkilde (58).

6. Høreapparatsanordning (10, 10') ifølge krav 5, hvor de første værdier af de 

forudbestemte rumlige retningsparametre repræsenterer den akustiske
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overføringsfunktion fra en mund af dummy-hoved-lydkilden (58) til den i det 

mindste ene omgivelseslydindgang (14, 14') afhøreapparatsanordningen (10, 

10').

7. Høreapparatsanordning (10, 10') ifølge et hvilket som helst af kravene 1-6,

hvor det elektriske kredsløb er konfigureret til at estimere en spektral 

støjeffektdensitet af en forstyrrende baggrundsstøj fra lyd, der er modtaget af 

den i det mindste ene omgivelseslydindgang (14, 14'), når

stemmeaktivitetsdetekteringsenheden (42) defekterer et fravær af et 

stemmesignal fra brugeren (46) i det elektriske lydsignal (35).

8. Høreapparatsanordning ifølge et hvilket som helst af kravene 1-6, der 

omfatter en hukommelse, der er konfigureret til at lagre data, som indbefatter 

forudbestemte rumlige retningsparametre, såsom en søgevektor, en mellem- 

omgivelseslydindgang-støjkovariansmatrix for den aktuelle akustiske 

omgivelse, en stråleformer-vægtningsvektor, en mållydkovariansmatrix eller 

yderligere forudbestemte rumlige retningsparametre, og hvor stråleformeren 

er konfigureret til at anvende værdierne af de forudbestemte rumlige 

retningsparametre til at indstille de forudbestemte rumlige retninger af det 

elektriske lydsignal.

9. Høreapparatsanordning (10, 10') ifølge et hvilket som helst af kravene 1-8,

der er konfigureret til at opdatere rumlige retningsparametre, benævnt 

søgevektoren, af stråleformeren (38), når

stemmeaktivitetsdetekteringsenheden (42) defekterer en tilstedeværelse af et 

stemmesignal fra brugeren (46) i det elektriske lydsignal (35).

10. Høreapparatsanordning (10, 10') ifølge et hvilket som helst af kravene 1- 

9, hvor stråleformer-støj-reduktions-systemet (36) omfatter en enkeltkanals­

støjreduktionsenhed (40), og hvor enkeltkanals-støjreduktionsenheden (40) er 

konfigureret til at reducere støj i de elektriske lydsignaler (35).
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11. Høreapparatsanordning (10, 10')) ifølge krav 10, hvor enkeltkanals­

støjreduktionsenheden (40) er konfigureret til at anvende et forudbestemt 

støjsignal, der repræsenterer forstyrrende baggrundsstøj af lyd, der er 

modtaget af den i det mindste ene omgivelseslydindgang (14, 14'), til at fjerne 

støjen i de elektriske lydsignaler (35).

12. Høreapparatsanordning (10, 10') ifølge krav 11, hvor det forudbestemte 

støjsignal, der er anvendt til at fjerne støjen i de elektriske lydsignaler (35), er 

bestemt af lyd, der er modtaget af den i det mindste ene omgivelseslydindgang 

(14, 14'), når stemmeaktivitetsdetekteringsenheden (42) defekterer et fravær 

af et stemmesignal fra brugeren (46) i lydsignalet (34).

13. Høreapparatsanordning (10, 10') ifølge et hvilket som helst af kravene 1-

12, der omfatter en styrbar kontakt (50), der er konfigureret til at etablere en 

trådløs forbindelse mellem høreapparatsanordningen og 

kommunikationsanordningen (12), og hvor kontakten (50) er indrettet til at blive 

aktiveret af en bruger (46).

14. Høreapparatsanordning (10, 10') ifølge et hvilket som helst af kravene 1-

13, der omfatter et høreredskab eller en aktiv ørebeskyttelsesanordning eller 

anden audiobehandlingsanordning, der er indrettet til at forbedre, forøge 

og/eller beskytte høreevnen for en bruger ved at modtage akustiske signaler 

fra brugerens omgivelser, frembringe tilsvarende audiosignaler, eventuelt 

modificere audiosignalerne og tilvejebringe de eventuelle modificerede 

audiosignaler som hørbare signaler til i det mindste et af brugerens ører.
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