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(54) Diffuse noise listening

(67) A hearing aid is provided, comprising:

a first microphone system configured for conversion of
sound emitted by a sound source into a first audio signal,
a first matched filter configured for filtering the first audio
signal into a first filtered audio signal, the first matched
filter having a first matching transfer function that match-
es a first transfer function of a first sound propagation

path of sound propagating from the sound source to the
first microphone system providing the first audio signal,
when a user wears the hearing aid, and

a hearing loss processor configured to provide a hearing
loss compensated output signal that compensates for a
hearing loss of the user based at least in part on the first
filtered audio signal.
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Description
Technical Field
[0001] A new hearing aid is provided with improved reduction of diffuse noise with preserved spatial awareness.
Background Art

[0002] Hearing aid users have been reported to have poorer ability to localize sound sources when wearing their
hearing aids than without their hearing aids. This represents a serious problem for the mild-to-moderate hearing impaired
population.

[0003] Furthermore, hearing aids typically reproduce sound in such a way that the user perceives sound sources to
be localized inside the head. The sound is said to be internalized rather than being externalized. A common complaint
for hearing aid users when referring to the "hearing speech in noise problem" is that it is very hard to follow anything
that is being said even though the signal to noise ratio (SNR) should be sufficient to provide the required speech
intelligibility. A significant contributor to this fact is that the hearing aid reproduces an internalized sound field. This adds
to the cognitive loading of the hearing aid user and may result in listening fatigue and ultimately that the user removes
the hearing aid(s).

[0004] Recently, new hearing aids have been disclosed with improved localization of sound sources, i.e. the new
hearing aids preserve information of the directions of respective sound sources in the sound environment with relation
to the orientation of the head of the wearer of the hearing aid, see EP 2750410 A1,EP 2750411 A1,andEP 2750412 A1.
[0005] Improved sound source localization enables hearing aid users to utilize the cocktail party effect, i.e. the user
is able to focus the auditory attention on a selected sound source while suppressing all other sounds, e.g. to focus on
a single conversation in a noisy room at a party.

[0006] However, in complex listening situations with adverse signal to noise ratios (SNR) some hearing impaired
people cannot use spatial cues to segregate between different sound sources and focus on a selected sound source
and suppress everything else. Other solutions have to be developed for this situation and/or for this subpopulation.
[0007] One known way of alleviating this problem is to apply SNR enhancing techniques, such as directionality.
Directional systems operate to suppress signal energy from all other directions than a target direction. This requires that
interfering sound has a directional nature; however, in complex listening situations, such as in a restaurant, the hearing
aid user experiences interference from diffuse noise. Diffuse noise is, or approximately is, spatially white, i.e. the signal
recorded in the noise field is uncorrelated with any other signal record at a different location. The number of microphones
in a hearing aid system is typically not sufficient to efficiently suppress diffuse noise. Therefore, directional systems have
limited effect for these types of listening situations.

[0008] Another complaint when applying directionality is that the listener loose environmental awareness.

Summary

[0009] Thus, there is a need for a diffuse noise reduction technique which preserves spatial awareness.

[0010] A new method of increasing a signal to noise ratio of a sound signal received in an environment with diffuse
noise is provided, comprising converting sound into an audio signal using a microphone system, and filtering the audio
signal with a matched filter having a matching transfer function that matches or substantially matches a transfer function
of a sound propagation path of the acoustic sound from a sound source to the microphone system, when the microphone
system is worn by a user.

[0011] The transfer function preferably includes the transfer function of the microphone system.

[0012] Throughout the present disclosure, a matched filter is said to have a matching transfer function that matches
or substantially matches another transfer function when the matching transfer function is equal to, or substantially equal
to, a complex conjugate, possibly multiplied by a complex scalar, of the other transfer function, wherein the value of the
complex scalar may be selected so that the matched filter is a causal filter.

[0013] The matched filter may have an impulse response that is equal to, or substantially equal to, the time reversed
and time shifted impulse response, possibly time shifted to ensure that the matched filter is a causal filter, of a sound
propagation path from the sound source to the microphone system, when the microphone system is worn by a user.
[0014] The matched filter may perform equalisation of the amplitude spectrum of the filtered audio signal to compensate
for the changes of the amplitude spectrum caused by the transfer function.

[0015] The new method may further comprise adding a plurality of filtered audio signals into a sum audio signal for
further improvement of the signal to noise ratio.

[0016] Further, a new hearing aid is provided, comprising
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a first microphone system configured for conversion of sound emitted by a sound source into a first audio signal,

a first matched filter configured for filtering the first audio signal into a first filtered audio signal, the first matched
filter having a first matching transfer function that matches or substantially matches a first transfer function of a first
sound propagation path of the sound propagating from the sound source to the first microphone system providing
the first audio signal, when a user wears the hearing aid, and

a hearing loss processor configured to provide a hearing loss compensated output signal that compensates for a
hearing loss of the user based at least in part on the first filtered audio signal.

[0017] The hearing aid may further comprise
a second microphone system configured for conversion of sound into a second audio signal, and

a second matched filter configured for filtering the second audio signal into a second filtered audio signal, the second
matched filter having a second matching transfer that matches or substantially matches a second transfer function
of a second sound propagation path of the sound propagating from the sound source to the second microphone
system providing the second audio signal, when the user wears the hearing aid,

a first adder configured for adding the first filtered audio signal and the second filtered audio signal to obtain a sum
audio signal,

wherein the hearing loss processor is configured to process the sum audio signal to provide the hearing loss
compensated output signal.

[0018] The first matched filter may be connected to an output of a microphone of the first microphone system for
filtering the audio signal provided at the output of the microphone into a filtered audio signal.

[0019] The first matched filter may be connected to a combined output of a plurality of microphones of the first micro-
phone system for filtering the audio signal provided at the combined output of the plurality of microphones into a filtered
audio signal.

[0020] The first matched filter may have an impulse response that is equal to, or substantially equal to, a time reversed
and possibly time shifted impulse response, possibly time shifted to ensure that the first matched filter is a causal filter,
of a first sound propagation path from the sound source to the first microphone system, when the first microphone system
is worn by a user.

[0021] The first matched filter may perform equalisation of the amplitude spectrum of the first filtered audio signal to
compensate for changes of the amplitude spectrum caused by the first transfer function.

[0022] The second matched filter may be connected to an output of a microphone of the second microphone system
for filtering the audio signal provided at the output of the microphone into a filtered audio signal.

[0023] The second matched filter may be connected to a combined output of a plurality of microphones of the second
microphone system for filtering the audio signal provided at the combined output of the plurality of microphones into a
filtered audio signal.

[0024] The second matched filter may have an impulse response that is equal to, or substantially equal to, a time
reversed and possibly time shifted impulse response, possibly time shifted to ensure that the second matched filter is
a causal filter, of a second sound propagation path from the sound source to the second microphone system, when the
second microphone system is worn by a user.

[0025] The second matched filter may perform equalisation of the amplitude spectrum of the second filtered audio
signal to compensate for changes of the amplitude spectrum caused by the second transfer function.

[0026] The first and second matching transfer functions may substantially equalize a phase of the first filtered audio
signal and a phase of the second filtered audio signal, so that the first adder can add the first and second filtered audio
signals in-phase.

[0027] Inthe following, a transfer function of a sound propagation path from the sound source to a microphone system
providing an audio signal, when the hearing aid is worn by a user, is termed a microphone related transfer function.
[0028] The microphone related transfer function preferably includes the transfer function of the microphone system.
[0029] Preferably, the hearing aid also comprises an output transducer for conversion of the hearing loss compensated
output signal to an auditory output signal, such as an acoustic output signal, or an implanted transducer signal, that can
be received by the human auditory system.

[0030] The new hearing aid may be of any type of hearing aid, such as a BTE, a RIE, an ITE, an ITC, a CIC, etc.,
hearing aid or combination of these.
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[0031] The new hearing aid may form part of a new binaural hearing aid system using data exchange between the
hearing aids to optimize performance.

[0032] The matched filter operates to improve the SNR of a signal emitted from a sound source in an environment
with significant diffuse acoustic noise, e.g. at a gathering with a lot of simultaneous conversation.

[0033] Similar to a Head-related transfer function (HRTF), the microphone related transfer function depends on the
direction and distance to the sound source with relation to the user of the hearing aid and the anatomy of the user, due
to diffraction around the head, reflections from shoulders, reflections by the pinna and in the ear canal, etc.

[0034] Thus, for optimum performance, one or more microphone related transfer functions of selected directions and
distances are determined for the individual user and matched or substantially matched by one or more respective matched
filters.

[0035] When a listener resides in the far field of a sound source, the microphone related transfer functions like the
HRTFs do not change with distance. Typically, the listener resides in the far field of a sound source, when the distance
to the sound source is larger than 1.5 m.

[0036] Thus, at least some of the determined microphone related transfer functions may be the far field microphone
related transfer functions of selected directions.

[0037] Approximate microphone related transfer functions may be used instead of the microphone related transfer
functions individually determined for the user. Approximate microphone related transfer functions may be determined
using an artificial head, such as a KEMAR head. In this way, approximations to the individual microphone related transfer
functions are provided that can be of sufficient accuracy for the hearing aid user to obtain an improved SNR in an
environment with diffuse noise.

[0038] The approximate microphone related transfer functions may also be determined as an average of previously
determined microphone related transfer functions for a group of people. This group may be selected to fit certain features
of the human for which the individual microphone related transfer functions are to be determined in order to obtain
approximate microphone related transfer functions that more closely match the respective corresponding individual
microphone related transfer functions. For example, the group may be selected according to age, race, gender, family,
ear size, etc., either alone or in any combination. The approximate microphone related transfer functions may also
include averages over a number of directions.

[0039] The approximate microphone related transfer functions may also be microphone related transfer functions
previously determined for the patient in question, e.g. during a previous fitting session at an earlier age.

[0040] The selected directions of the microphone related transfer functions matched or substantially matched by
matched filters in the hearing aid preferably include the forward looking direction of the user, but may comprise any
direction or a multitude of directions.

[0041] In the event that the hearing aid comprises a plurality of matched filters, the hearing aid also comprises an
adder configured for adding the filtered audio signals provided at the outputs of the matched filters, into a sum audio
signal that is input to the hearing loss processor for processing into the hearing loss compensated output signal.
[0042] Provided that the sound source is located in the assumed direction so that the sound source emits sound that
propagates along those propagation paths to the respective microphones, whose transfer functions are matched or
substantially matched by the respective matched filters, the matched filters equalize the phase component originating
from the propagation of the acoustic wave from the source to the microphone from the recorded signals so that subse-
quently, the adder adds the filtered signals in-phase to further improve the SNR of the output signal sum. This is due to
the fact that the diffuse noise is uncorrelated over both time and space so that the filtering leads to SNR improvement
and so does averaging over microphones.

[0043] Further microphones connected to respective matched filters may be added to the circuitry with further filtered
audio signals input to the adder for further improvement of the SNR of the sum audio signal.

[0044] The adder may form a weighted sum of the signals input to the adder.

[0045] The first microphone system may comprise a first microphone configured for conversion of sound into the first
audio signal, and the second microphone system may comprise a second microphone configured for conversion of
sound into the second audio signal.

[0046] The new hearing aid may form part of a new binaural hearing aid system, comprising a left ear hearing aid and
a right ear hearing aid, and wherein one of the left ear hearing aid and the right ear hearing aid is the new hearing aid.
[0047] In the new binaural hearing aid system, one of the left ear hearing aid and the right ear hearing aid may have
at least one matched filter configured to filter an audio signal originating from a microphone of the other one of the left
ear hearing aid and the right ear hearing aid.

[0048] The new binaural hearing aid system may comprise a first hearing aid and a second hearing aid, wherein each
of the first and second hearing aids comprises

a first microphone system configured for conversion of sound emitted by a sound source into a first audio signal,
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a first matched filter configured for filtering the first audio signal into a first filtered audio signal, the first matched
filter having a first matching transfer function that matches or substantially matches a first transfer function of a first
sound propagation path of the sound propagating from the sound source to the first microphone system providing
the first audio signal, when a user wears the hearing aid, and

a hearing loss processor configured to provide a hearing loss compensated output signal that compensates for a
hearing loss of the user based at least in part on the first filtered audio signal.

[0049] Each of the first and second hearing aids may further comprise
a second microphone system configured for conversion of sound into a second audio signal, and

a second matched filter configured for filtering the second audio signal into a second filtered audio signal, the second
matched filter having a second matching transfer that matches or substantially matches a second transfer function
of a second sound propagation path of the sound propagating from the sound source to the second microphone
system providing the second audio signal, when the user wears the hearing aid,

a first adder configured for adding the first filtered audio signal and the second filtered audio signal to obtain a sum
audio signal,

wherein the hearing loss processor is configured to process the sum audio signal to provide the hearing loss
compensated output signal.

[0050] Further, the hearing loss processor of one of the first and second hearing aids may have an input that is
connected to an output of the first adder of the other one of the first and second hearing aids, and wherein the processor
is configured for adding the outputs of the first adders of the left ear hearing aid and the right ear hearing aid.

[0051] The first hearing aid may have a second adder with a first input that is connected to an output of the first adder
of the first hearing aid and a second input that is connected to an output of the first adder of the second hearing aid, and
an output for provision of a binaural sum of the sum audio signal of the first hearing aid and the sum audio signal of the
second hearing aid, and wherein the hearing loss processor is configured to process the binaural sum audio signal to
provide the hearing loss compensated output signal.

[0052] Signals may be communicated wired or wirelessly between the left ear hearing aid and the right ear hearing
aid as is well-known in the art of hearing aids.

[0053] In the following, one transfer function of the matched filter is derived.

[0054] Inahearing aid, e.g. a binaural hearing aid system, having n microphones, it is assumed that the nt" microphone
receives a noisy version of a sound signal, e.g. speech; the user desires to listen to. The nth microphone outputs an
audio signal s(t) with spectrum S,(»), o is the angular frequency, in accordance with:

Sn(w) = Hn(w)X(w) + Va(w)

[0055] Where X(w) is the speech signal spectrum, H,(») the nth microphone related transfer function describing the
sound propagation from the sound source to the nth microphone, V, (o) is the corresponding masker signal spectrum.
We further assume that

E W (e)Vp(w)] = 0,n = m

E W w)] = 0,n# m

E [Vu(w)X* ()] = 0,¥ n
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[0056] where Eis the expectancy operator and * denotes complex conjugate. Further, we also assume that the masker
has a Gaussian distribution. Writing the received signal spectrum on vector form results in

/S (w)y  sHy(w) Vi(w)
I P K w)+L
Sp(w)/  \Hy(w)/ w(w)/
E bl n't Wi}

[0057] The conditional probability of measuring s(w) given X(®) is proportional to

— |
P{s(w) X{m)jw&w{m g(ﬁ({@;} o h(m)ﬂm})”

Ry, (S(m} - Mm}ﬁf{m})}

where R, 1 is the inverse of the auto covariance matrix of the masker. Taking the natural logarithm of this expression
and removing constant terms results in

In P( s(w)} X(w)) ~ ~ (s{w) — h(w)X {m})HR;;% (s(w) ~ h{w)X(w))

[0058] Differentiating and setting to zero gives

M%ﬂ P(s(w)| X(w)) =0

~h* ()R (s(@) - h(w)X(w)) = 0

R (@) = P @RS (@)
ML A )Rl h(w)

[0059] using the fact that the masker is spatially white, this reduces to

[0060] where the exponential function with argument T is included only so that the corresponding time domain imple-
mentation is causal. In the time domain:
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X
2 (6) = 9OB| D ho(T ~ 85, (0

sl

[0061] where ® is the convolution operator, i.e. f;®f, means the convolution of functions f; and f,, and h,(t) is the
inverse Fourier transform of H,(®), sn(t) is the nth measured microphone signal, and

26 = w{———?———————}
gL h (w)h(w).

is a filter describing the amplitude equalization across frequency to compensate for the filtering operation, wherein F-1(-)
is the inverse Fourier transform of (-).

[0062] The new hearing aid may be a multi-channel hearing aid, in which audio signals to be processed are divided
into a plurality of signal components for being processed individually in a plurality of frequency channels, respectively.
[0063] One of, some of; or, all of the matched filters may also be divided into the plurality of frequency channels; or,
may still operate in the entire frequency range of the hearing aid; or, may be divided into other frequency channels,
typically fewer frequency channels, than other parts of the hearing aid circuitry are divided into.

[0064] Inthe new hearing aid, one of, some of; or, all of the matched filters may operate in respective selected frequency
bands.

[0065] Each of the selected frequency bands may comprise one or more of the frequency channels, or all of the
frequency channels. The selected frequency band may be fragmented, i.e. the selected frequency band need not comprise
consecutive frequency channels.

[0066] The plurality of frequency channels may include warped frequency channels, for example all of the frequency
channels may be warped frequency channels.

[0067] Outside the selected frequency band, the audio signals may be processed for hearing loss compensation in a
conventional way.

[0068] In this way, matched filtering may be avoided in frequency channels in which no diffuse noise is present.
[0069] As used herein, the terms "substantially" and "approximately" account for fluctuations and inaccuracies expe-
rienced within the field of electrical engineering and are intended to mean that deviations from absolute are included
within the scope of the term or expression so modified. For example, they can refer to deviations that are less than or
equal to = 10%, such as less than or equal to = 5%, such as less than or equal to = 2%, such as less than or equal to
* 1 %, such as less than or equal to = 0.5%, such as less than or equal to = 0.2%, such as less than orequal to = 0.1%.
[0070] Signal processing, including filtering, in the new hearing aid may be performed by dedicated hardware or may
be performed in a signal processor, or performed in a combination of dedicated hardware and one or more signal
processors.

[0071] As used herein, the terms "processor", "signal processor", "controller”, "system", etc., are intended to refer to
CPU-related entities, either hardware, a combination of hardware and software, software, or software in execution. The
term processor may also refer to any integrated circuit that includes some hardware, which may or may not be a CPU-
related entity. For example, in some embodiments, a processor may include a filter.

[0072] For example, a "processor", "signal processor", "controller", "system", etc., may be, but is not limited to being,
a process running on a processor, a processor, an object, an executable file, a thread of execution, and/or a program.

[0073] By way of illustration, the terms "processor”, "signal processor", "controller", "system", etc., designate both an

application running on a processor and a hardware processor. One or more "processors", "signal processors", "control-

lers", "systems" and the like, or any combination hereof, may reside within a process and/or thread of execution, and
one or more "processors", "signal processors", "controllers”, "systems", etc., or any combination hereof, may be localized
on one hardware processor, possibly in combination with other hardware circuitry, and/or distributed between two or
more hardware processors, possibly in combination with other hardware circuitry.

[0074] Also, a processor (or similar terms) may be any component or any combination of components that is capable
of performing signal processing. For examples, the signal processor may be an ASIC processor, a FPGA processor, a
general purpose processor, a microprocessor, a circuit component, or an integrated circuit.

[0075] Other features and advantages will be described below in the detailed description.
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Brief description of drawings

[0076] Below, the new method and hearing aid are explained in more detail with reference to the drawings in which
various examples are shown. In the drawings:

Fig. 1  schematically illustrates a user wearing a hearing aid with two microphones in a listening situation,

Fig. 2  schematically illustrates the new hearing aid with two microphones and two matched filters,

Fig. 3  schematically illustrates a user wearing a new binaural hearing aid system with a plurality of microphones
accommodated in each of the hearing aids,

Fig. 4  schematically illustrates one exemplary circuitry of a new binaural hearing aid system,

Fig. schematically illustrates another exemplary circuitry of a new binaural hearing aid system, and

Fig. 6 shows a plot of the directional characteristic of a conventional omni-directional microphone system and of the
new optimized omni-directional microphone system.

o

Description

[0077] The drawings illustrate the design and utility of embodiments, in which similar elements are referred to by
common reference numerals. Like elements may, thus, not be described in detail with respect to the description of each
figure. In order to better appreciate how the above-recited and other advantages and objects are obtained, a more
particular description of the embodiments will be rendered, which are illustrated in the accompanying drawings. It should
be noted that the figures are only intended to facilitate the description of the features. They are not intended as an
exhaustive description of the claimed invention or as a limitation on the scope of the claimed invention. In addition, an
illustrated feature needs not have all the aspects or advantages shown. An aspect or an advantage described in con-
junction with a particular feature is not necessarily limited to that feature and can be practiced in any other features even
if not so illustrated or explicitly described.

[0078] The new hearing aid according to the appended claims may be embodied in different forms not shown in the
accompanying drawings and should not be construed as limited to the examples set forth herein.

[0079] Fig. 1 schematically illustrates a user 100 wearing a BTE hearing aid (only the microphones of the hearing aid
are shown) on the user’s right ear. The BTE hearing aid 10 has two microphones 12, 24 accommodated in the BTE
hearing aid housing in such a way that a line through centres of the microphones extends in parallel with a forward
looking direction of the user. In Fig. 1, the user 100 desires to listen to speaker 110; however, the user and listener 100
and the speaker 110 are surrounded by a number of other people (not shown) also engaged in various conversations.
As a result, the user 100 is exposed to a diffuse noise field and as a result the hearing impaired user cannot focus the
auditory attention on the selected sound source, i.e. the conversation partner 110, while suppressing speech from other
talkers and other sounds.

[0080] Fig. 2 shows a blocked schematic of the BTE hearing aid 10 worn by the user 100 in Fig. 1.

[0081] The illustrated BTE hearing aid 10 has a front microphone 12 that converts acoustic sound into a front audio
signal 14. The front audio signal 14 is pre-processed in a first pre-processing filter 16 into a pre-processed front audio
signal 18. The pre-processing may include, without excluding any form of processing, adaptive and/or static feedback
suppression and/or adaptive and/or fixed beamforming and/or pre-filtering. A first matched filter 20 is connected to the
output of the first pre-processing filter 16 and operates to filter the pre-processed front audio signal 18 into a front filtered
audio signal 22. A sound source 110, see Fig. 1, resides in the forward looking direction of the user 100 and emits sound
to the microphone 12 when worn by the user 100 of the hearing aid 10.

[0082] The front microphone 12 has the far field microphone related transfer function H4(w) of the front looking direction,
and the first matched filter 20 has a matching transfer function that is a equal to the complex conjugate of the far field
microphone related transfer function H,*(w) multiplied by the complex scalar ei®T to ensure that the impulse response
h4(T-t) of the first matched filter 20 is causal.

[0083] Similarly, the illustrated BTE hearing aid 10 also has a rear microphone 24 that converts acoustic sound into
arear audio signal 26. The rear audio signal 26 is pre-processed in a second pre-processing filter 28 into a pre-processed
rear audio signal 30. The pre-processing may include, without excluding any form of processing, adaptive and/or static
feedback suppression and/or adaptive and/or fixed beamforming and/or pre-filtering. A second matched filter 32 is
connected to the output of the second pre-processing filter 28 and operates to filter the pre-processed rear audio signal
30 into a rear filtered audio signal 34. The rear microphone 24 has the far field microphone related transfer function
Hy(w) of the front looking direction, and the second matched filter 32 has a matching transfer function that is equal or
substantially equal to the complex conjugate of the far field microphone related transfer function Hy*(®) multiplied by
the complex scalar eJ®T to ensure that the impulse response h,(T-t) of the second matched filter 32 is causal.

[0084] Other embodiments of the hearing aid 10 may have a number of microphones that is larger than two.

[0085] The matched filters 20, 32 operate to improve the SNR of the audio signals 14, 26 that originate from a sound
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source 110 in an environment with significant diffuse acoustic noise, e.g. at a gathering with a lot of simultaneous
conversation.

[0086] The front and rear audio signals 22, 34 are input to an adder 36 that adds the front and rear audio signals 22,
34 into the sum audio signal 38.

[0087] The matched filters 20, 32 remove the phase from their respective input signals 18, 30 so that subsequently,
the adder 36 adds the filtered signals 22, 34 in-phase to further improve the SNR of the sum audio signal 38.

[0088] The adder 36 may form a weighted sum of the signals 22, 34 input to the adder 36.

[0089] The sum audio signal 38 is input to a hearing loss processor 40 configured to process the sum audio signal 38
into a hearing loss compensated output signal 42 that is compensated for the hearing loss of the user in a way well-
known in the art of hearing aids, possibly in accordance with a number of selectable hearing programmes stored in a
memory (not shown) of the hearing aid 10.

[0090] Finally, the hearing loss compensated output signal 42 is input to an output transducer 44 in the form of a
receiver 44 for conversion of the hearing loss compensated output signal 42 into an acoustic output signal that is
transmitted towards an eardrum of the user 100 wearing the hearing aid 10.

[0091] For optimum performance, the microphone related transfer functions Hq(®), Ho(w) of the respective acoustic
propagation paths 120, 130 from the sound source 110 in the forward looking direction of the user 100 to the respective
microphones 12, 24 are determined for the individual user 100 and matched by the respective matched filters 20, 32.
[0092] However, approximate microphone related transfer functions H,’(©), Hy'(@) may be used instead. H4'(0), Hy'(®)
may be determined using an artificial head, such as a KEMAR head, whereby approximated microphone related transfer
functions H'(w), Hy'(w) are provided of sufficient accuracy for the hearing aid user 100 to obtain an improved SNR of
the sum audio signal 38 in an environment with diffuse noise.

[0093] The approximate microphone related transfer functions H;'(®), Hy'(w) may also be determined as an average
of previously determined microphone related transfer functions for a group of humans. The group of humans may be
selected to fit certain features of the human for which the individual microphone related transfer functions are to be
determined in order to obtain approximate microphone related transfer functions that more closely match the respective
corresponding individual microphone related transfer functions. For example, the group of humans may be selected
according to age, race, gender, family, ear size, etc., either alone or in any combination. Averaging may also be performed
over a number of directions.

[0094] The approximate microphone related transfer functions may also be microphone related transfer functions
previously determined for the user in question, e.g. during a previous fitting session at an earlier age.

[0095] The sum audio signal 38 is provided in accordance with the equation:

2, (8) = 9OB( D (T = D®5, (0

Seppa

[0096] where ® is the convolution operator, i.e. f1®f2 means the convolution of functions f1 and f2, and where n is
a microphone index, i.e. n = 1 for the front microphone 12 and n = 2 for the rear microphone 24, h,(t) is the inverse
Fourier transform of H,(w), sn(t) is the nth pre-filtered microphone signal 18, 30, and

‘ 1 :
gl)=F zh” (,’,m}h(mj*}

is a filter describing the amplitude equalization across frequency to compensate for the filtering operation.

[0097] Alternatively, the summation is performed in the adder 36 while multiplication by g(t) is performed by the
processor 40.

[0098] The hearing aid 10 shown in Fig. 2 may be a multi-channel hearing aid in which audio sound signals 14, 26 to
be processed are divided into a plurality of frequency channels, and wherein audio signals are processed individually
in each of the frequency channels, possibly apart from the matched filters 20, 32 that may still operate in the entire
frequency range of the hearing aid 10, or, may be divided into other frequency channels, typically fewer frequency
channels than the remaining illustrated circuitry.

[0099] Fora multi-channel hearing aid 10, Fig. 2 may illustrate the circuitry and signal processing in a single frequency
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channel of the audio signals 14, 26.

[0100] The illustrated circuitry and signal processing may be duplicated in a plurality of the frequency channels, e.g.
in all of the frequency channels.

[0101] For example, the signal processing illustrated in Fig. 2 may be performed in a selected frequency band.
[0102] The selected frequency band may comprise one or more of the frequency channels, or all of the frequency
channels. The selected frequency band may be fragmented, i.e. the selected frequency band need not comprise con-
secutive frequency channels.

[0103] The plurality of frequency channels may include warped frequency channels, for example all of the frequency
channels may be warped frequency channels.

[0104] Outside the selected frequency band, the audio signals may be processed for hearing loss compensation
without matched filtering 20, 32.

[0105] In this way, matched filtering may be avoided in frequency channels in which no diffuse noise is present.
[0106] Fig. 3 schematically illustrates a user 100 wearing a binaural hearing aid system with a left ear BTE hearing
aid accommodating microphones 12B, 24B and a right ear BTE hearing aid accommodating microphones 12A, 24A.
[0107] Signals may be communicated wired or wirelessly between the left ear hearing aid and the right ear hearing
aid in a way well-known in the art of signal transmission.

[0108] With respect to the filtering of the received acoustic signals, each of the left ear BTE hearing aid and the right
ear BTE hearing aid of the binaural hearing aid system, operates in the same way as the hearing aid 10 with the blocked
schematic shown in Fig. 2 apart from the fact that the filtered audio signal of each hearing aid is transmitted to the other
hearing aid and added to the filtered audio signal of the other hearing aid as shown in Fig. 4.

[0109] Fig. 4 shows a blocked schematic of a binaural hearing aid system 10 comprising a right ear hearing aid 10A
and a left ear hearing aid 10B, each of which operates in the same way as the hearing aid 10 shown in Fig. 2 apart from
the fact that the sum audio signal 38A, 38B, respectively, of each of the right ear hearing aid 10A and left ear hearing
aid 10B, is transmitted to the other hearing aid 10B, 10A and added to the sum audio signal 38B, 38A of the other hearing
aid 10B, 10A in the respective processor 40B, 40A. The required wired or wireless interface circuitry is not shown.
[0110] Further, one or more microphones with pre-filters connected to respective matched filters may be added to the
circuitry of the hearing aids 10A, 10B as indicated by the vertical lines of dots, generating filtered output audio signals
input to the adder 36A, 36B for further improvement of the SNR of the sum audio signal 38A, 38B.

[0111] The number of microphones in the right ear hearing aid 10A and the left ear hearing aid 10B is preferably, but
need not be, the same.

[0112] For example, the binaural hearing aid system 10 may comprise four microphones, namely a front microphone
12A, 12B and a rear microphone 24A, 24B, in each of the right ear hearing aid 10A and the left ear hearing aid 10B of
the binaural hearing aid system 10.

[0113] Each of the hearing aids 10A, 10B shown in Fig. 4 may be a multi-channel hearing aid in which audio sound
signals 14A, 26A, 14B, 26B to be processed are divided into a plurality of frequency channels, and wherein audio signals
are processed individually in each of the frequency channels, possibly apart from the matched filters 20A, 32A, 20B,
32B that may still operate in the entire frequency range of the respective hearing aid 10A, 10B; or, may be divided into
other frequency channels, typically fewer frequency channels than the remaining illustrated circuitry.

[0114] For multi-channel hearing aids 10A, 10B, Fig. 4 may illustrate the circuitry and signal processing in a single
frequency channel of the audio signals 14A, 26A, 1B, 26B.

[0115] The illustrated circuitry and signal processing may be duplicated in a plurality of the frequency channels, e.g.
in all of the frequency channels.

[0116] For example, the signal processing illustrated in Fig. 4 may be performed in a selected frequency band.
[0117] The selected frequency band may comprise one or more of the frequency channels, or all of the frequency
channels. The selected frequency band may be fragmented, i.e. the selected frequency band need not comprise con-
secutive frequency channels.

[0118] The plurality of frequency channels may include warped frequency channels, for example all of the frequency
channels may be warped frequency channels.

[0119] Outside the selected frequency band, the audio signals may be processed for hearing loss compensation
without matched filtering 20A, 32A, 20B, 32B.

[0120] In this way, matched filtering may be avoided in frequency channels in which no diffuse noise is present.
[0121] The circuitry of the right ear hearing aid 10A and left ear hearing aid 10B may be identical as shown in Fig. 4.
However, in other embodiments the circuit components may be distributed in arbitrary ways between the two hearing
aid housings in accordance with design choices well-known in the art of hearing aids.

[0122] For example, as shown in Fig. 5, one of the hearing aids 10A may comprise all of the required matched filters
20A, 32A, 20B, 32B, and the processor 40A, while the other one of the hearing aids 10B does not comprise matched
filters and a processor. Instead, microphone output signals, possibly pre-processed, 18B, 30B are transmitted to the
hearing aid comprising the respective matched filters 20B, 32B, and wherein the processor 40A is configured to output
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the hearing loss compensated output signals 42A, 42B for both ears of the user. The hearing loss compensated output
signal 42B for the other ear is then transmitted to the hearing aid 10B without matched filters and input to the output
transducer 44B of the hearing aid 10B.

[0123] The required wired or wireless interface circuitry for signal transfer between the hearing aids 10A, 10B is not
shown.

[0124] Fig. 6 shows adirectionality plot 50 of the sum audio signal 38 of the hearing aid 10 shown in Fig. 2 in comparison
with a directionality plot 60 of conventional omni-directional processing in the form the directionality 60 of the front
microphone audio signal 14. It is noteworthy that the directionalities are very similar and thus, loss of environmental
awareness is avoided with the matched filters.

[0125] Mutually uncorrelated white noise sequences have been applied to the microphones 12, 20, and a resulting
SNR of - 1.28 dB has been calculated for the front microphone audio signal 14 (conventional omni response). The
corresponding SNR value for the sum audio signal 38 is equal to 5.92 dB. Thus, the SNR improvement for this example
amounts to approximately 7 dB and without sacrificing the environmental awareness.

[0126] The disclosed method can also be used to suppress microphone noise.

[0127] Asusedinthis specification, the term "substantially matches", or any of other similar terms, such as "substantially
equal”, refers to two items that do not vary by more than 10%. For example, a description regarding an impulse response
being "substantially equal" to another impulse response refers to the two impulse responses having at least one char-
acteristic that does not vary by more than 10%. Similarly, a description regarding a matching transfer function of a
matched filter that "substantially matches" a transfer function of a sound propagation path refers to the matching transfer
function and the transfer function of the sound propagation path having at least one characteristic that does not vary by
more than 10%.

[0128] Although particular features have been shown and described, it will be understood that they are not intended
to limit the claimed invention, and it will be made obvious to those skilled in the art that various changes and modifications
may be made without departing from the spirit and scope of the claimed invention. The specification and drawings are,
accordingly to be regarded in an illustrative rather than restrictive sense. The claimed invention is intended to cover all
alternatives, modifications and equivalents.

Claims
1. A hearing aid comprising:

a first microphone system configured for conversion of sound emitted by a sound source into a first audio signal,
a first matched filter configured for filtering the first audio signal into a first filtered audio signal, the first matched
filter having a first matching transfer function that substantially matches a first transfer function of a first sound
propagation path of sound propagating from the sound source to the first microphone system providing the first
audio signal, when a user wears the hearing aid, and

a hearing loss processor configured to provide a hearing loss compensated output signal that compensates for
a hearing loss of the user based at least in part on the first filtered audio signal.

2. Ahearing aid according to claim 1, further comprising:

a second microphone system configured for conversion of sound into a second audio signal, and

a second matched filter configured for filtering the second audio signal into a second filtered audio signal, the
second matched filter having a second matching transfer function that substantially matches a second transfer
function of a second sound propagation path of the sound propagating from the sound source to the second
microphone system providing the second audio signal, when the user wears the hearing aid,

a first adder configured for adding the first filtered audio signal and the second filtered audio signal to obtain a
sum audio signal,

wherein the hearing loss processor is configured to process the sum audio signal to provide the hearing loss
compensated output signal.

3. Ahearing aid according to claim 1 or 2, wherein the sound source resides in a forward looking direction of the user.
4. A hearing aid according to any of the preceding claims, wherein the first matched filter has an impulse response

that is substantially equal to a time reversed and time shifted impulse response of the first sound propagation path
of the sound propagating from the sound source to the first microphone system, when the user wears the hearing aid.
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A hearing aid according to any of the preceding claims, wherein the first and second matching transfer functions
substantially equalize a phase of the first filtered audio signal and a phase of the second filtered audio signal, so
that the first adder can add the first and second filtered audio signals in-phase.

A hearing aid according to any of the preceding claims, wherein the first and second matching transfer functions
substantially equalize an amplitude spectrum of the first filtered audio signal and an amplitude spectrum of the
second filtered audio signal, respectively, to the amplitude spectrum of the sound emitted by the sound source.

A hearing aid according to any of the preceding claims, wherein the hearing aid is a multi-channel hearing aid in
which the first audio signal is divided into a plurality of signal components for being processed individually in a
plurality of frequency channels, respectively.

A hearing aid according to claim 7, wherein the first matched filter is configured to perform filtering in a selected
frequency band.

A hearing aid according to claim 7 or 8, wherein the plurality of frequency channels includes warped frequency
channels.

A binaural hearing aid system comprising a first hearing aid and a second hearing aid, wherein the first hearing aid
is a hearing aid according to any of the preceding claims.

A binaural hearing aid system according to claim 10, wherein each of the first and second hearing aids is a hearing
aid according to any of claims 1 - 9.

A binaural hearing aid system according to claim 11, wherein

the first hearing aid has a second adder with a first input that is connected to an output of the first adder of the first
hearing aid and a second input that is connected to an output of the first adder of the second hearing aid and an
output for provision of a binaural sum audio signal of the sum audio signal of the first hearing aid and the sum audio
signal of the second hearing aid,

wherein the hearing loss processor is configured to process the binaural sum audio signal to provide the hearing
loss compensated output signal.

A method of increasing a signal to noise ratio of a sound signal received in an environment with diffuse noise,
comprising:

converting acoustic sound into an audio signal using a microphone system, and

filtering the audio signal with a matched filter having a matching transfer function that is substantially matches
a transfer function of a sound propagation path of the acoustic sound from a sound source to the microphone
system, when the microphone system is worn by a user.

The method according to claim 13, further comprising adding a plurality of the filtered audio signals to obtain a sum

audio signal for improvement of the signal to noise ratio, wherein one of the filtered audio signals is resulted from
the act of filtering the audio signal.
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