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Description

FIELD OF THE INVENTION

[0001] The present invention pertains to a hearing aid system with the capability of

beamforming in general and to adaptive binaural beamforming in particular.
BACKGROUND OF THE INVENTION

[0002] One of the most important tasks for modern hearing aids is to provide
improvement in speech intelligibility in the presence of noise. For this purpose,
beamforming, especially adaptive beamforming, has been widely used in order to
suppress interfering noise. Traditionally, the user of a hearing aid is given the
possibility of changing between a directional and a omni-directional mode in the
hearing aid (e.g. the user simply changes processing modes by flipping a toggle switch
or pushing a button on the hearing aid to put the device in the preferred mode
according to the listening conditions encountered in a specific environment). Recently,
even automatic switching procedures for switching between directional and omni-

directional modes have been employed in hearing aids.

[0003] Both omni-directional and directional processing offer benefits relative the other
mode, depending upon the specific listening situation. For relatively quiet listening
situations, omni-directional processing is typically preferred over the directional mode.
This is due to the fact that in situations, where any background noise present is fairly
low in amplitude, the omni-directional mode should provide a greater access to the full
range of sounds in the surrounding environment, which may provide a greater feeling
of "connectedness” to the environment, i.e. being connected to the outside world. The
general preference for omni-directional processing when the signal source is to the
side or behind the listener is predictable. By providing greater access to sound sources
that the listener is not currently facing, omni-directional processing will improve
recognition for speech signals arriving from these locations (e.g., in a restaurant where
the server speaks from behind or from the side of the listener). This benefit of omni-
directional processing for target signals arriving from locations other than in front of the
listener will be present in both quiet and noisy listening situations. For noisy listening

conditions where the listener is facing the signal source (e.g., the talker of interest), the
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increased SNR provided by directional processing for signals coming from the front is
likely to make directional processing preferred. Each of the listening conditions just
mentioned (in quiet, in noise with the hearing aid user facing or not facing the talker)
occur frequently in the everyday experience of hearing-impaired listeners. Thus,
hearing aid users regularly encounter listening situations where directional processing

will be preferable to the omnidirectional mode, and vice versa.

[0004] A problem with the approach of manual switching between omni-directional and
directional modes of the hearing aid is that listeners may not be aware that a change in
mode could be beneficial in a given listening situation if they do not actively switch
modes. In addition, the most appropriate processing mode can change fairly frequently
in some listening environments and the listener may be unable to conveniently switch
modes manually to handle such dynamic listening conditions. Finally, many listeners
may find manual switching and active comparison of the two modes burdensome and
inconvenient. As a result, they may leave their devices in a default omni-directional

mode permanently.

[0005] However, whether directional microphones are chosen manually by the listener
or automatically by the hearing instrument, directional processing is performed by a
lossy coding of the sound. Basically directional processing consists of spatial filtering
where one sound source is enhanced (usually from 0 degrees) and all other sound
sources are attenuated. Consequently, the spatial cues are destroyed. Once this
information is removed, it is no longer available or retrievable by the hearing aid or the
listener. Thus, one of the major problems with such methods of manual or automatic
switching between directional and omni-directional modes is the elimination of
information, which occurs when the hearing instrument is switched to a directional

mode, which may be important to the listener.

[0006] Though the purpose of a directional mode is to provide a better signal-to- noise
ratio for the signal of interest, the decision of what is the signal of interest is ultimately
the listener's choice and cannot be decided upon by the hearing instrument. As the
signal of interest is assumed to occur in the look direction of the listener any signal that
occurs outside the look direction of the listener can and will be eliminated by the
directional processing. This is in compliance with clinical experience, which suggests

that automatic switching algorithms currently being marketed are not achieving wide
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acceptance. Patients generally prefer to switch modes manually rather than rely of the

decisions of these algorithms.

[0007] WO 2007/098768 discloses a method of automatic switching between
omnidirectional and directional microphone modes in a binaural hearing aid. The
binaural hearing aid comprises a first microphone system and a second microphone.
The first microphone system is adapted to be placed in or at a first ear of a user. The
second microphone system is adapted to be placed in or at a second ear of the user.
The method comprises a measurement step, where the spectral and temporal
modulations of the first and second microphone signals are monitored, an evaluation
step, where the spectral and temporal modulations of the first and second microphone
signal are evaluated by the calculation of an evaluation index of speech intelligibility for
each of the signals, and an operational step, where the microphone mode of the first
and the second microphone systems of the binaural hearing aid are selected in

dependence of the calculated evaluation indexes.

[0008] US 2004/252852 discloses a hearing system beamformer. The hearing system
beamformer picks up a voice or other sound signal and creates a higher voice-to-
background-noise ratio in the output signal so that a user enjoys higher intelligibility of
the voice signal. Beamforming techniques are used to provide signals to the user for
further increasing the understanding of speech in noisy environments and for reducing

user listening fatigue.

[0009] WO 2007/128825 discloses a hearing system and a method implementing
binaural noise reduction. The disclosed binaural hearing system comprises means for
providing at least one interaural transfer function; means for performing noise reduction
in dependence of the at least one interaural transfer function. The method of operating
a binaural hearing system comprises the steps of providing at least one interaural
transfer function; performing noise reduction in dependence of the at least one

interaural transfer function.
SUMMARY OF THE INVENTION

[0010] It is thus an object of the present invention to provide a hearing aid system by
which it is possible to give the user the benefits of both directional and omni-directional

modes simultaneously. To achieve this object, the present invention provides a hearing
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and system according to claim 1. Further embodiments are defined by the dependent

claims.

[0011] A first aspect useful for understanding the invention relates to a hearing aid
system comprising: a first and a second microphone for the provision of electrical input
signals, a beamformer for the provision of a first audio signal having a directional
spatial characteristic (a beam), based at least in part on the electrical input signals,
wherein the beamformer is further being configured to provide a second audio signal,
based at least in part on the electrical input signals, the second audio signal having
another spatial characteristic than the first audio signal, and wherein the hearing aid
system further comprises a mixer being configured for mixing the first and second

audio signals in order to provide an output signal to be heard by a user.

[0012] By mixing the directional audio signal with an audio signal having another
spatial characteristic in order to provide a mixed output signal to be heard by a user,
the user achieves the benefit of directional processing (e.g. a better intelligibility of the
signal of interest), while at the same time being able to hear sound from other
direction(s). Depending of the mixing ratio, i.e. how much of the second audio signal is
mixed with the first one, and depending on the spatial characteristic of the second
audio signal, the user will be provided with an output signal that has the benefit of
directional processing and at the same time feel more connected with the ambient

sound environment.

[0013] The hearing aid system may according to an example useful for understanding
the invention further comprise a processor that is being configured to process the
mixed signal according to a hearing impairment correction algorithm. Hereby it is
ensured that the mixed signal has a level and frequency characteristic that would be
heard by the user. Preferably an output transducer such as a speaker (also called a
receiver) is used in the hearing aid system in order to transduce the mixed audio signal

into a sound signal.

[0014] The hearing aid system according to the first aspect useful for understanding
the invention may, alternatively, further comprise a processor that is being configured
to process the first audio signal according to a hearing impairment correction algorithm
prior to mixing the first and second audio signals. Since, it usually is the first audio

signal having the directional characteristic that of primary interest to the user, it is
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achieved by this alternative example that at least the audio signal, which has the
greatest interest to the user, is processed according to the hearing impairment of said

user.

[0015] According to one example useful for understanding the invention, the
beamformer may have one preferred direction. For example defined by the "front look"
direction of the user of the hearing aid system, i.e. according to one embodiment useful
for understanding the invention, the directional characteristic of the first audio signal
may have a direction that is predefined to be in the "front look" direction. Thus, defining
a beam in the "front look" direction. While keeping the beam direction fixed the "width"
of the beam or shape of the spatial directional characteristic of the first audio signal

may according to an alternative embodiment be adaptable or at least adjustable.

[0016] The beamformer may preferably be adaptive, i.e. the beamformer optimizes the

signal to noise ratio in dependence of the specific situation.

[0017] By using an adaptable beamformer is achieved a very flexible solution, wherein
it is possible to focus on a moving sound source or to focus on a non-moving sound
source, while the user is moving of the hearing aid system is moving. Furthermore, it is
possible to better handle changes in the ambient noise conditions (e.g. appearance of
a new sound source, disappearance of a noise source or movement of the noise

sources relative to the user of the hearing aid system).

[0018] In a further preferred example according to a first aspect useful for
understanding the invention, the hearing aid system may comprise a user operated
interface that is operatively connected to the mixer for controlling the mixing of the first
and second audio signals. Hereby is achieved the great advantage that the user can
decide how much of the ambient sound field he/she may want to hear, and hence turn
up and down for how "connected"” to the surroundings he/she may want to feel. For
example if the user of the inventive hearing aid system is situated at a dinner party,
wherein he/she is having a conversation with a person sitting opposite to him/her, while
a number of the other participants are talking to each other, then the user will be
situated in a sound environment, which often is referred to as multi talker babble noise
or just babble noise. In such a situation the user of the inventive hearing aid system will
have the clear benefit of directional processing, but may feel left out of the rest of the

group of persons at the dinner party, but by using the interface to mix in some of the
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second audio signal it will enable the user to hear as much of the other conversations
that is going on as he/she may chose, while at the same time having the benefit of
directional processing with respect to the person with whom the user is presently

having a conversation with.

[0019] Alternatively or in addition to being user controlled, the mixing of the first and
second audio signals may be performed in dependence of a classification of the
ambient sound environment. This has the advantage that the audio signal processing
in the hearing aid system may be optimized to handle a certain sound or noise

environments.

[0020] Preferably, the user operated interface may be placed in a separate remote
control device, for example similar to a remote control device for controlling a TV, that

is operatively connected to the mixer via a wireless link.

[0021] Alternatively, the user operated interface may comprise a manually operable
switch that may be placed in or on a housing structure of the hearing aid system. The
switch may be a toggle switch or a switch that resembles a volume wheel of a hearing
aid known in the art. Alternatively, the switch may be embodied as a proximity sensor
that is able to register hand or finger movements in the proximity of said sensor. Such a
proximity sensor may for example be embodied as a capacitive sensor. In yet an
alternative embodiment the switch may be a magnetic switch, such as a reed switch,
magneto-resistive, giant magneto-resistive, anisotropic magneto-resistive or anisotropic

giant magneto-resistive switch.

[0022] While many hearing impaired persons are suffering from a hearing loss in both
ears and thus actually use two hearing aids, most of the binaural hearing aid systems
process data independently in each hearing aid without exchanging information.
However, in recent years, wireless communication has been introduced between the
hearing aids so that data can be transmitted from one hearing aid to the other. Thus,
according to a preferred embodiment of the invention, the hearing aid system may be a
binaural hearing aid system comprising a first and a second hearing aid that are
interconnected to each other via a communication link, and wherein the first
microphone is located in the first hearing aid and the second microphone is located in
the second hearing aid. Hereby is achieved a hearing aid system facilitating binaural

beamforming. This has among other things the advantage of increased spatial
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resolution of the beamformer, because the distance between the ears of an average
grown up person wearing the first and second hearing aids in or at the ears, is roughly
on the order of the wavelength of sound in the audible range. This will thus make it
possible to distinguish between spatially closely located sound sources. However,
apart from these advantages one concern with binaural beamforming is that the
beamformer only generates one signal, effectively destroying all binaural cues like the
Interaural Time Difference (ITD), and Interaural Level Difference (ILD) for thenoise.
These binaural cues are essential for enabling a person to localize sound sources
and/or distinguish between sound sources. However by mixing the first and second
audio signals the binaural cues may be preserved, while at the same time providing the
benefits of directional processing for the user. Simulations have shown that these
binaural cues are to a large extent preserved in a hearing aid system according to the
invention (see for example the section on simulation results). The binaural hearing aid
system or the user can determine the level of mixing or mixing ratio that would be

desirable for the given situation.

[0023] According to an exemplary binaural hearing aid system at least useful for
understanding the invention, each of the first and second hearing aids comprises an
additional microphone that is connected to the beamformer. Hereby is achieved a
binaural hearing aid system that will be able to handle several noise sources at one

time, and consequently achieve better noise suppression.

[0024] According to an exemplary binaural hearing aid at least useful for understanding
the invention, there is provided a manually operable switch for controlling the mixing of
the first and second audio signals, which may be placed in the first and/or second

hearing aid, for example in a housing structure of the first and/or second hearing aid.

[0025] According to yet another exemplary hearing aid system at least useful for
understanding the invention, according to the description of the present patent

specification, may be a single hearing aid forming part of a binaural hearing aid system.

[0026] According to an example at least useful for understanding the invention, the

spatial characteristic of the first and second audio signals, which are generated by the
beamformer, may be substantially complementary. However, while being substantially
complementary they may also be overlapping to a certain extent. A great advantage of

this embodiment is that when mixing an increasing part of the second audio signal with
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the first audio signal, the mixed signal will go from being a substantially directional
audio signal to a substantially omni-directional audio signal. Thus, in dependence of
the mixing ratio, the system or user may perform a transition (e.g. a soft switching)
between substantially directional and substantially omni-directional processing, and
thus depending of what may be desirable in any given situation have the benefit of
both.

[0027] Alternatively, the spatial characteristics of the second audio signal may be
substantially omni-directional. Hereby is achieved a system that is computationally
simple to implement, because the beamformer only needs to provide one audio signal

having a directional spatial characteristic.

[0028] According to an alternative example at least useful for understanding the
invention, the spatial characteristics of the first and second audio signals are generated
(by the beamformer) in such a way that the resulting spatial characteristic of the mixed
audio signal is substantially omni-directional, preferably when a suitably chosen mixing
ratio is being used, for example a mixing ratio of B = 1 (to be explained later under the
detailed description of the drawings), i.e. when the first and second audio signals are

mixed with equal weight.

[0029] The mixing itself may be performed in dependence of a hearing loss of a first
and/or a second ear of a user, or in dependence of a classification of the ambient

sound environment.

[0030] A second aspect useful for understanding the invention relates to a hearing aid
comprising: microphones for the provision of a directional audio signal and a omni-
directional audio signal, a processor operatively connected to the microphones, and
being configured for providing a hearing impairment corrected output signal to be heard
by a user, wherein the hearing aid further comprises a mixer for mixing the directional
audio signal and the omni-directional audio signal, thereby providing a mixed audio

signal.

[0031] An example according to the second aspect useful for understanding the
invention further relates to a hearing aid comprising a user operated interface

operatively connected to the mixer, whereby the mixing may be user controlled.
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[0032] The hearing impairment corrected output signal may, according to an example
of the second aspect useful for understanding the invention, be based on the mixed

audio signal or the directional audio signal or the omni-directional audio signal.

[0033] A hearing aid, according to an example of the second aspect useful for
understanding the invention, may be configured for forming part of a binaural hearing

aid system.

[0034] According to the present invention, the above-mentioned and other objects are
fulfilled by a third aspect relating to a binaural hearing aid system comprising: a first
hearing aid having a directional microphone system for the provision of a directional
audio signal and a processor for the provision of a first hearing impairment corrected
output signal, a second hearing aid having an omni-directional microphone system for
the provision of a omni-directional audio signal and a receiver for the provision of a
second hearing impairment corrected output signal, wherein the first hearing aid is
adapted to receive an audio signal based on the omni-directional audio signal and the
second hearing aid is adapted to receive an audio signal based on the directional audio
signal via a bi-directional communication link between the first and second hearing
aids, wherein the first hearing aid further comprises a first mixer for mixing signals
based on the omni-directional and the directional audio signals in order to provide a
first mixed signal, and wherein the second hearing aid further comprises a second
mixer for mixing signals based on the omni-directional and the directional audio signals

in order to provide a second mixed signal.

[0035] In an embodiment according to the third aspect in accordance with the invention
the mixing performed by the first and/or second mixer may be based on a classification
of a signal derived from the omni-directional microphone system and/or the directional

microphone system.

[0036] In another embodiment according to the third aspect in accordance with the
invention the mixing may be performed in dependence of a target signal-to-noise ratio
(SNR) and/or a signal pressure level (SPL) of a signal derived from the omni-directional

microphone system and/or the directional microphone system.

[0037] The binaural hearing aid system according to the third aspect in accordance
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with the invention may further comprise a user operated interface that is operatively

connected to the first and/or second mixer.

[0038] According to yet another embodiment of the binaural hearing aid system
according to the third aspect in accordance with the invention, the first hearing
impairment corrected output signal may at least in part be based on the first mixed
signal. In addition to this or alternatively, the second hearing impairment corrected

output signal may at least in part be based on the second mixed signal.

[0039] The first and second mixed signals may according to an embodiment of the third
aspect in accordance with the invention be substantially identical or the mixing may be

performed according to an identical mixing ratio.

[0040] In a preferred embodiment according to the third aspect in accordance with the
invention, the first hearing impairment corrected output signal may be generated in
dependence of a hearing loss associated with a first ear of a user, and the second
hearing impairment corrected output signal may be generated in dependence of a

hearing loss associated with a second ear of a user.

[0041] According to an embodiment of the second or third aspect, the mixing may be

performed in dependence of a hearing loss of a first and/or a second ear of a user.

[0042] While several embodiments of three aspects has been described above, it is to
be understood that any feature from an embodiment of one of the three aspects may
be comprised in embodiments of one or both of the other two aspects, and when it in
the present patent specification is referred to "an embodiment” it is understood that it

can be an embodiment according to any one of the three aspects.

BRIEF DESCRIPTION OF THE DRAWINGS

[0043] In the following, preferred embodiments of the invention is explained in more
detail with reference to the drawing, wherein
Fig. 1

shows an embodiment of a hearing aid system according to an aspect useful for

understanding the invention,
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shows an alternative embodiment of the hearing aid system according to an

aspect useful for understanding the invention,

shows yet an alternative embodiment of a hearing aid system according to an

aspect useful for understanding the invention,

shows a binaural hearing aid system according to an aspect useful for

understanding the invention,

shows an alternative embodiment of a binaural hearing aid system according to

an aspect of the invention,

illustrates an alternative embodiment of a binaural hearing aid system to the

one shown in Fig. 4,

illustrates an alternative embodiment of a binaural hearing aid system to the

one shown in Fig. 5,

illustrates the mixing of a first audio signal having a directional spatial
characteristic with another audio signals having a spatial characteristic different

from the spatial characteristic of the first audio signal,

illustrates a frequency dependent performance of hearing aid systems
according to some aspects in simulations,

10
illustrates a angle dependent performance of hearing aid systems according to
some aspects in simulations,

11
illustrates an error in Interaural Time Difference for single and multiple noise
sources, respectively, as a function of incident angle, and

12

illustrates estimated Interaural Level Difference as a function of incident angle.
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DESCRIPTION OF PREFERRED EMBODIMENTS

[0044] The present invention will now be described more fully hereinafter with
reference to the accompanying drawings, in which exemplary embodiments of the
invention are shown. The invention may, however, be embodied in different forms and
should not be construed as limited to the embodiments set forth herein. Rather, these
embodiments are provided so that this disclosure will be thorough and complete, and
will fully convey the scope of the invention to those skilled in the art. Like reference
numerals refer to like elements throughout. Like elements will, thus, not be described in

detail with respect to the description of each figure.

[0045] Fig. 1 shows an embodiment of a hearing aid system according to an aspect
useful for understanding the invention. The illustrated hearing aid system is embodied
as a hearing aid 2, comprising two microphones 4 and 6, for the provision of the
electrical input signals 8 and 10, respectively. The illustrated hearing aid 2 also
comprises a beamformer 12 that is configured for providing a first audio signal 14
having a directional spatial characteristic (sometimes referred to as a beam). The first
audio signal 14 is based at least in part on the electrical input signals 8 and 10, and the
second audio signal 16 may also be based at least in part on the electrical input signals
8 and 10. The beamformer 12 is also configured for providing a second audio signal 16
having a spatial characteristic that is different from the spatial characteristic of the first
audio signal 14. The first and second audio signals 14 and 16 are mixed in a mixer 18
in order to provide a mixed audio signal 20. The hearing aid 2 further comprises a
compressor 22 that is configured for processing the mixed audio signal 20 according to
a hearing impairment correction algorithm. The hearing impairment corrected mixed
audio signal is subsequently transformed to a sound signal by the illustrated receiver
24. The beamformer 12, mixer 18 and compressor 22 are preferably comprised in a
signal processor such as a digital signal processor (DSP) 26. It is understood that any
or all of the units: Beamformer 12, mixer 18 or compressor 22 may be implemented in
software. Furthermore, some parts of the units 12, 18 and 22 may be implemented in
software, while other parts may be implemented in hardware, such as an ASIC. Since,
most hearing disabilities are frequency dependent, the compressor 22 may preferably
be configured to perform a frequency dependent processing of the mixed audio signal
20 according to a hearing impairment correction algorithm. This hearing impairment
correction algorithm is preferably chosen or generated in dependence of a specific

estimated or measured hearing impairment of a user of the hearing aid 2.
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[0046] Also shown in Fig. 1 is a (optional) user operated interface 28, which is
operatively connected to the mixer 18 via a control link 30. In one embodiment the
illustrated user operated interface 28 may comprise an actuator or sensor (not shown),
like a volume wheel, on a housing structure (not shown) of the hearing aid 2. This will
thus enable the user to control the mixing of the first and second audio signals 14 and
16, by manually activating the actuator or sensor with his/her hand or fingers. In
another embodiment the illustrated user interface 28 forms part of a remote control
device, from which remote control device a wireless control signal 30 may be sent to
and received at the hearing aid 2, in order to control the mixing of the first and second
audio signals 14 and 16 in the mixer 18. In this embodiment it is understood that the
hearing aid 2 is equipped with means for receiving a wireless control signal from the

remote control device, although these features are not explicitly shown in Fig. 1.

[0047] It is furthermore understood that the illustrated hearing aid 2 may be a behind
the ear type of hearing aid, a in the ear type of hearing aid, a completely in the canal
type of hearing aid or a receiver in the ear type of hearing aid (i.e. a type of hearing aid,
wherein all the features shown in Fig. 1 except the receiver 24 are placed in a housing
structure configured for being placed behind the ear of a user, and wherein the receiver
24 is placed in an earpiece, which for example can be an earmould, configured for

being placed in the ear canal or cavum concha of a user).

[0048] Figure 2 shows an alternative embodiment of the hearing aid system according
to an aspect useful for understanding the invention that is shown in Fig. 1. The only
difference between the embodiment shown in Fig. 1 and 2 is the classifier 32. By
including the classifier 32 it is possible to let the hearing aid 2 perform an automatic
mixing of the first and second audio signals 14 and 16, wherein the mixing may be
optimized for different listening situations. For example if the ambient sound
environment is quiet apart from possibly one sound source of interest for the user, then
the mixing may be performed in such a way that the resulting mixed audio signal 20 is

substantially omni-directional.

[0049] However, since it is impossible to a priori account for all possible listening
situations and therefore not possible to optimize a mixing that would be optimal for the

user in any possible listening situation, the user may overrule the automatic mixing
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controlled by the classifier 32. The user may do so by activating the user operated
interface 28.

[0050] In a more simplified embodiment of the hearing aid 2 shown in Fig. 2 the mixing
is only performed in dependence of a classification of the ambient sound environment
by the classifier 32. Such an embodiment does therefore not comprise a user operated
interface 28. In this simplified embodiment the user will, thus, not be able to overrule

the mixing controlled by the classifier 32.

[0051] Fig. 3 shows an alternative embodiment of a hearing aid system according to an
aspect useful for understanding the invention. The illustrated hearing aid system is
embodied as a hearing aid 2 and is in many ways similar to the embodiment illustrated
in Fig. 1 or 2. Thus only the differences to these embodiments will be described in
detail. In the illustrated embodiment the compressor 22 is configured for processing the
first audio signal 14 according to a hearing impairment correction algorithm in order to
provide a hearing impairment corrected output signal 34. This may be advantageous in
certain situations, because the beam formed audio signal 14 will usually be directed
toward the sound source of interest to the user. The user will therefore be interested to
hear that particular sound source as loud and clear as is convenient for him/her.
However, in order to make it possible for the user to hear sounds from other directions
as well and therefore to feel connected to the ambient sound environment, the signal
34 is mixed with the second audio signal 16 in order to provide a mixed output signal
36 that is converted to sound in a receiver 24. As illustrated the hearing aid system
may also comprise a (optional) user operated interface 28, by which the mixing may be

controlled by the user in a similar way as described above.

[0052] In an alternative embodiment useful for understanding the invention the hearing
aid 2 illustrated in any of the figures 1 - 3 may comprise one or two additional
microphones, so that it all in all may comprises 3 or 4 microphones, or even more

microphones than 4.

[0053] In another embodiment the hearing aid 2 as described with respect to any of the
embodiments shown in Fig. 1 - 3 may be configured for forming part of a binaural
hearing aid system comprising another hearing aid. The signal processing in the two
hearing aids forming part of the binaural hearing aid system may further be coordinated

with each other.
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[0054] Fig. 4 shows a hearing aid system according to another embodiment useful for
understanding the invention, wherein the hearing aid system is a binaural hearing aid
system, comprising a first hearing aid 2, with one microphone 4, and a second hearing
aid 38 comprising a second microphone 6. The second hearing aid 38 further
comprises a compressor 40 and a receiver 42. In the illustrated binaural hearing aid
system, the beamforming is only performed in the hearing aid 2. Thus, the electrical
input signal 10 provided by the second hearing aid 38 is transferred to the beamformer
12 in the first hearing aid 2, as indicated by the dashed arrow 44. The further
processing of the electrical input signals 8 and 10 in the hearing aid 2, including mixing
of the audio signals 14 and 16, is performed in a similar way as explained above with
respect to the embodiments shown in Fig. 1 - 3. An important difference is, however,
that the mixed output signal 20 is also transferred to the compressor 40 of the second
hearing aid 38, as indicated by the dashed arrow 46. The compressor 40 preferably
processes the mixed audio signal according to a hearing impairment correction
algorithm in order to compensate for a hearing impairment of a second ear of a user.
The output signal from the compressor 40 is then fed to a second receiver 42, which is
configured for converting the output signal of the compressor into a sound signal to be
heard by a user. Since, many people who suffer from a hearing handicap suffer from
hearing loss in both ears, and in many cases even a different hearing loss in the two
ears, the compressor 22 is preferably configured for processing the mixed audio signal
20 according to a hearing impairment correction algorithm in order to alleviate a
hearing loss of a first ear of a user, while the compressor 40 of the second hearing aid
38 is configured for processing the mixed audio signal 20 according to a hearing
impairment correction algorithm in order to alleviate a hearing loss of a second ear of a

user.

[0055] Although not explicitly illustrated, the input signal 10 may be subjected to

additional signal processing in the hearing aid 38.

[0056] The transferral of the signals 10 and 20, as indicated by the dashed arrows 44
and 46, between the two hearing aids 2 and 38, may be facilitated by a wired or

wireless link (e.g. bi-directional link), as known in the art.

[0057] Fig. 5 shows an alternative hearing aid system according to one aspect of the

invention, here embodied as a binaural hearing aid system, comprising a first hearing
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aid 2 and a second hearing aid 38. Each of the illustrated hearing aids 2, 38 comprises:
a microphone 4, 6, a beamformer 12, 48, a mixer 18, 50, a compressor and a receiver
24, 42. In the hearing aid 2, the beamformer 12, the mixer 18 and the compressor 22
are forming part of a signal processing unit, such as a digital signal processor (DSP)
26. Correspondingly, in the hearing aid 38, the beamformer 48, the mixer 50 and the
compressor 40 are forming part of a signal processing unit, such as a digital signal
processor (DSP) 54.

[0058] The microphone 4 of the first hearing aid 2, provides an electrical input signal 8,
which is fed to the beamformer 12 and also transferred to the beamformer 48 of the
second hearing aid 38 as indicated by the dashed arrow 62. Similarly, the microphone
6 of the second hearing aid 38, provides an electrical input signal 10, which is fed to
the beamformer 48 and also transferred to the beamformer 12 of the first hearing aid 2
as indicated by the dashed arrow 60. Thus each of the beamformers 12 and 48 receive
electrical signals provided by both of the microphones. The further processing of the
electrical input signals 8, 10 in each of the hearing aids 2, 38 is performed in a similar
manner as described above with respect to the embodiments shown in Fig. 1 - 3. The
transferral of the input signals 8, 10 between the hearing aids 2, 38 as indicated by the
dashed arrows 62, 60 may be facilitated by for example a bi-directional wired or

wireless link.

[0059] In one embodiment of the binaural hearing aid system illustrated in Fig. 5, the
beamformers 12, 48 of the first and second hearing aid 2, 38, may be configured to
perform a coordinated beamforming in such a way that the audio signals 14 and 56 are
substantially identical and/or that the audio signals 16 and 58 are substantially
identical. This way it is achieved that the input signals to the mixer 18, 50 in the two
hearing aids will be similar. As explained with respect to Fig. 4 above the compressors
22 and 40 are configured to process the mixed audio signals 20 and 64 according to

the hearing loss of a first and a second ear of a user, respectively.

[0060] Also shown in Fig. 5 is a (optional) user operated interface 28. The illustrated
user operated interface 28 is operatively connected to both the mixer 18 in the first
hearing aid 2, as indicated by the dashed arrow 30, and to the mixer 50 in the second
hearing aid 38, as indicated by the dashed arrow 52. In a preferred embodiment the
user operated interface 28 forms part of a remote control device, whereby the operative

connection between the user operated interface 28 and the hearing aids 2 and 38 may
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be facilitated by a wireless link by which control signals may be sent to each of the two
hearing aids 2 and 38. In a preferred embodiment the user can control the mixing in
each of the two hearing aids 2 and 38 independently of each other by a suitable
activation of the user operated interface 28. In another embodiment the user operated
interface 28 is configured for providing a coordinated and similar amount of mixing in
each of the two hearing aids 2 and 38. In yet an alternative embodiment, the user
operated interface 28 is comprised in a switching structure placed in a housing
structure (not shown) of one or both of the hearing aids 2 and 38. Said switching
structure may for example comprise a mechanical actuator or a proximity sensor or any
other type of switching structure as explained in the summary of the invention. In
another embodiment the user operated interface 28 may be comprised of two separate
parts, one for controlling the mixing in the hearing aid 2 and one for controlling the
mixing in the hearing aid 38. Here it is understood that the user operated interface 28
also may comprise two separate parts of a switching structure (not shown), each of
which may be placed in each of the two hearing aids 2 or 38. Thus, this way the mixing
in the hearing aid 2 may be controlled by a switch (not shown) in the hearing aid 2 and
the mixing in the hearing aid 38 may be controlled by a switch (not shown) in the

hearing aid 38.

[0061] Fig. 6 illustrates a binaural hearing aid system similar to the one shown in Fig.
4, but now wherein each of the hearing aids 2, 38 has been equipped with one
additional microphone 5 and 7 respectively. Hence, only the differences between the
embodiment shown in Fig. 6 and Fig. 4 will be described: The additional microphone 5
in the hearing aid 2 provides an electrical input signal 9, which is fed to the beamformer
12, and the additional microphone 7 in the hearing aid 38 provides an electrical input
signal 11, which is transferred to the beamformer 12 in the hearing aid 2 via a wired or
wireless link, illustrated by the dashed arrow 45. Hereby the beamformer 12 will have
four microphone signals to work on whereby a more accurate and precise beamforming

is possible (as will be explained below).

[0062] The transferral of the signals 10, 11 and 20, as indicated by the dashed arrows
44, 45 and 46, between the two hearing aids 2 and 38, may be facilitated by a wired or

wireless link (e.g. bi-directional link), as known in the art.

[0063] Similarly, Fig. 7 illustrates a binaural hearing aid system similar to the one

shown in Fig. 5, but now wherein each of the hearing aids 2, 38 has been equipped
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with one additional microphone 5 and 7 respectively. Hence, only the differences
between the embodiment shown in Fig. 7 and Fig. 5 will be described: The additional
microphone 5 in the hearing aid 2 provides an electrical input signal 9, which is fed to
the beamformer 12 and transferred to the hearing aid 38, preferably via a wired or
wireless link, as illustrated by the dashed arrow 61, wherein it (9) is fed to the
beamformer 48 in the hearing aid 38. Similarly, the additional microphone 7 in the
hearing aid 38 provides an electrical input signal 11, which is feed to the beamformer
48 and transferred to the beamformer 12 in the hearing aid 2 via a (preferably wireless)
link, illustrated by the dashed arrow 63. Hereby both the beamformer 12 and the
beamformer 48 will have four microphone signals work on whereby a more accurate
and precise beamforming is possible (as will be explained below). The beamforming
performed by the two beamformers 12 and 48 may furthermore be coordinated with

each other.

[0064] The transferral of the input signals 8, 9, 10 and 11 between the hearing aids 2,
38 as indicated by the dashed arrows 60, 61, 62 and 63 may be facilitated by for

example a bi-directional wired or wireless link.

[0065] It is understood that the beamformer 12, 48 shown in any of the figures 1 -7 is
preferably adaptive. Furthermore it is understood that each of the hearing aids 2, 38
illustrated in any of the figures 3 - 7 may comprise a classifier (not shown) as described

with respect to Fig. 2.

[0066] Fig. 8A - 8C illustrates the mixing of a first audio signal having a directional
spatial characteristic 66 with another audio signal having a spatial characteristic 68
different from the spatial characteristic 66 of the first audio signal in order to provide a

mixed signal.

[0067] The spatial characteristics illustrated in Fig. 8A - 8C, are given as polar plots
showing the amplification of the ambient sound field as a function of angle in a
substantially horizontal plane. The mixing illustrated in Fig. 8A shows a situation where
a talker of interest to the user is placed at the angle 0 degrees, and an interfering noise
source is placed at the angle 90 degrees. The spatial characteristic 66 is the speech
estimate provided by the beamformer, and the spatial characteristic 68 is the noise
estimate provided by the beamformer. The last column of spatial characteristics

illustrated in Fig. 8A shows the spatial characteristics of the resulting mixed signal for
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various values of the factor B (see e.g. equation (16) below for more details). The factor
B illustrates how much of the noise estimate is mixed with the speech estimate. Thus,
the value of B =1 corresponds to the situation, wherein all of the noise estimate is
mixed with the speech estimate, resulting in an omni-directional mixed signal, and the
other extreme situation, wherein the value of B = 0 corresponds to the situation,
wherein none of the noise estimate is mixed with the speech estimate, thus resulting in
a mixed signal having spatial characteristic that is equal to the one of the speech
estimate. Also illustrated in the last column of Fig. 8A are two intermediate situations
showing the spatial characteristic of a mixed signal for  =0.3and 3 =0.7.In a
preferred embodiment of the invention the mixing factor 8 is controllable by the user, so
that he/she may decide how much of the noise estimate he/she may want to hear ad

thereby control the "connectedness” to the ambient sound environment.

[0068] In Fig. 8B and 8C is illustrated a similar situation as described above with
reference to Fig. 8A, but with the difference that in Fig. 8B the interfering noise source
is placed at the angle 110 degrees, and that in Fig. 8C the interfering noise source is

placed at the angle 180 degrees.

[0069] The mixing illustrated in any of Fig. 8A - 8C only shows two simple examples of
the mixing that can be performed by the mixing units 18 or 50 illustrated in any of the
figures 1 - 7. Other kinds of mixing other than mere addition as illustrated in Fig. 8A -
8C, e.g. some suitable weighing and multiplication may be envisioned, and mixing of
other audio signals exhibiting different spatial characteristics is also possible. Thus,
depending on the mixing ratio used, i.e. how the first and second signals are weighted
relative to each other and on the generated spatial characteristic of the first and second

audio signals, any desired spatial characteristic of the mixed signal may be achieved.

[0070] Below an example of the method of beamforming performed by the any of the
beamformers 12 and/or 48 as illustrated in any of the figures 1 - 7, will be described

mathematically:

Considering an incident sound wave field at the time t described by

y(r, D=s(t-a-r)+w(r,i), (1)

where s(f) is the propagating plane wave of interest (i.e. representing the signal
of interest for the user) with slowness a (according to a preferred embodiment

of the invention slowness is defined as the direction of propagation divided by
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the speed of sound in the medium) and where w(r,t) represents an interfering
noise field. The inclusion of r and t in the arguments of the fields indicates that
they are dependent on space and time. The incident wave field is sampled at M
spatial locations (corresponding to M spatial microphone locations), thus

generating M time signals

y.(O)=s(t-a-r,)+w(r,1). (2)

[0071] The beamformer then aligns the measured responses so that the signal of
interest is in phase

Z, () =yt +a-r,)=s()+w, ), 3)

where wp(f) = w(r,,t+ a. ry). The corresponding sampled signal model can be written

as
z,(n)=s(n)+w,(n) (4)

[0072] Then M - 1 noise channels are generated
v, (n)=z,(n)-z, (n),m+0. (5)

[0073] The noise channels are written on vector form and filtered using a channel
specific filter with N taps and the output is subtracted from the delayed signal reference
(the first channel)

M=-1
e(n)=zy(n-N12)~ Y hlv_ (n), (6)

m=1

where (-)" is the transpose of () and

h, =(h,(0)...h (N -1)), (7)

vm(n)=(vm(0)...vm(n—N+l))T. 8)

[0074] Equation (6) can be written more compactly as

e(n) =zy(n - N/2)-h"v(n), (9)
where
h=(h"...h}, )", (10)
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v(n)=(v] (n)...vL,_ ()" (11)

[0075] The filters are chosen to minimize the mean squared error

h,,, = Efe(nf ). (12)

[0076] It is understood that this could be done online using an update scheme as the
LMS (Least Means Squared), or the filters could be calculated at a fitting situation and

fixed for a specific noise situation.

[0077] Assuming that the signal of interest is uncorrelated with the noise (which makes
sense in most situations, because the signal of interest is usually a speech signal that
has nothing to do with the interfering noise), an estimate of the noise process wy(n) is

generated in this way of choosing the filters:

Wo(n=N/2)=h"v(n), (13)
and from this result it follows that

§(n) = z,(n) = Wy(n), (14)
and

w, () =wy(n)-v, (n),m#0. (15)

[0078] If it is assumed that the noise process wy(n) can be estimated with sufficient

accuracy, the other four signals can also be extracted as shown in (14) and (15).

[0079] A modified estimate for the individual channels can now be found by
x,(n) = §(n) + B, (n). (16)
where f3,, is a parameter controlling the signal-to-interference ratio of the different

channels, i.e. how much of the noise estimate is mixed with the speech estimate.

SIMULATION RESULTS

[0080] The method has been tested in simulations, wherein a binaural hearing aid

system according to an aspect of the invention (hereafter called binaural beamformer)
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was compared to the unprocessed signal and a monaural adaptive beamformer
according to another aspect useful for understanding the invention. In the simulations a
free field model was used, and far field propagation was assumed, i.e. the acoustic
model was based on a farfield approximation. The array had four microphones with two
on either side of the head, i.e. corresponding to a binaural hearing aid system
according to an aspect of the invention comprising two hearing aids, each equipped
with two microphones, a front microphone and a rear microphone. The distance
between the microphones on the individual hearing aid was 1 cm and the distance
between the two front microphones was 14 cm whereas the distance between the two
rear microphones was 15 cm. The speed of sound was assumed to be 342 m/s and the
sampling frequency of the entire binaural hearing aid system was 16 kHz. The filters
associated with a specific noise channel h,, had 21 taps, resulting in a processing
delay of 10 samples of the target signal. A speech signal was played from 0 degrees.
The thermal noise was assumed to be spatially and temporally white with a Gaussian
distribution. The level of the noise was adjusted so that the SNR was 30 dB
(corresponding to a sound pressure level of 60 dB and a microphone noise level of 30
dB).

Frequency dependent performance:

[0081] In this simulation only one interfering source was used. The interfering source
was in this case a band limited directional noise component. The angle of incidence
was 90 degrees compared to the microphone array. The bandwidth of the noise
component was 1 kHz and was uncorrelated with the target signal coming from the
front. The center frequency of the noise component was varied from 500 Hz - 7.5 kHz.
The parameter 3 was in this case chosen to give maximum attenuation of the noise (B,
= 0). The result can be seen in Fig. 9. The curve 78 describes the unprocessed signals
on either of the (omnidirectional) microphones, the curve 80 shows the SNR for the
monaural hearing aid and the curve 82 is the result for the binaural hearing aid system.
The binaural hearing aid system outperforms the monaural hearing aid for low

frequencies whereas the discrepancy is less for the higher frequencies.
Angle dependent performance:

[0082] Also in this simulation only one interfering source was used. The interfering
source was in this case a band limited directional noise component. The center

frequency of the noise was 2 kHz and the bandwidth of the noise component was 1
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kHz and was uncorrelated with the target signal coming from the front. The angle of
incidence was varied from 0 - 90 degrees. The parameter 3 was also in this case
chosen to give maximum attenuation of the noise (3, = 0). The result can be seen in
Fig. 10. The curve 84 describes the unprocessed signals on either of the microphones,
the curve 86 shows the SNR for the monaural hearing aid and the curve 88 is the result
for the binaural hearing aid system. The binaural hearing aid has a much better
performance than the monaural hearing aid for angles between 0 and 90 degrees,

whereas the two systems show similar performance in the rear hemisphere.
Multiple noise sources:

[0083] One of the benefits from having more microphones is that the beamformer has
more degrees of freedom to work with. Thus a further simulation was performed in
order to show the difference in performance for multiple sources. For this simulation
three interfering sources were incident from 90, 120 and 180 degrees. The center
frequency for all noise sources chosen to be 2 kHz and the bandwidth was 1 kHz. The
noise sources were mutually uncorrelated and uncorrelated with the target signal. In
table 1, the SNR can be seen for the three test cases. Here the advantage of the
binaural hearing aid system is evident with a SNR gain of approximately 29 dB,
whereas the monaural hearing aid only gives a SNR increase of 8 dB.

Table 1

Method ............................................................................................................................................................................................................

Unprocessed

‘Monoaural

‘Binaural

Performance in diffuse noise:

[0084] Performance in diffuse noise is very interesting for hearing aid applications,
because such noise fields are often encountered in highly reverberant settings such as
in meeting rooms, restaurants or cafeterias. Thus, a simulation for diffuse noise was

also performed, wherein the diffuse noise field was simulated as
-1

d(r,)=) g(t)*p(t—a, r), (7
i=0

where g(f) is a linear phase low pass filter with a cut off frequency of 6 kHz convolved
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with a delayed version of p(t) which is a white stochastic time signal with zero mean
and Gaussian distribution. The variable q; is given by

o, =(sinB, cosb,) /c, (18)

where 8; is a stochastic angle of incidence with a uniform distribution across the interval
[0,211] and ¢ is the speed of sound. The number of waves was chosen to be /=2000.
The diffuse wave field was evaluated in the positions of the microphones and sampled
to generate the discrete time noise sequences. The result for the different test cases

can be seen in table 2.

Table 2
L S
Unprocessed-33dB .................................................................
Monoaural057dB ................................................................
BlnauraI30dB ...................................................................

[0085] It is noticeable that the performance gain is much less than for the directional
noise situation both for the binaural and the monaural hearing aid. The SNR gain for

the monaural hearing aid is about 4 dB and 6 dB for the binaural hearing aid system.

[0086] Important localisation cues are the Interaural Time Difference (ITD) and the
Interaural Level Difference (ILD). Hence, these binaural cues have also been

investigated through simulations:

Interaural Time Difference:

[0087] First the ability of reproducing the correct ITD of directional noise sources was
investigated by simulations. In a first simulation, a single noise component was present
in the wave field. The center frequency of the noise was chosen to be 2 kHz and the
bandwidth of the noise component was chosen to be 1 kHz and was uncorrelated with
the target signal coming from the front. The angle of incidence was varied from 10 -
350 degrees. The ITD between a channel on the right ear and the corresponding
channel on the left ear was calculated. This was achieved by finding the interpolated
peak in the cross-correlation function of the noise estimate of the two different
channels. This value was compared to the true ITD of the directional noise component.

The error in microseconds is shown as the curve 90 in Fig. 11. The error is symmetric
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around 0 and 180 degrees due to the linear array geometry of the two microphones

under investigation.

[0088] A corresponding simulation was carried out where two other uncorrelated
interfering sources were also active. The noise sources were incident from 90 and 180
degrees and had the same spectral characteristics as the noise source under
investigation. Again, the ITD error was calculated between the estimated ITD and the
true ITD of the source. The result is displayed as the curve 92 in Fig. 11. It can be seen
that the ITD error is larger for the multiple noise case compared to the single noise
source situation. However, the error is still very small compared to the true ITD

between the ears which is on the order of ms.

Interaural Level Difference:

[0089] The beamforming method was also tested with respect to ILD. A single noise
component was present in the wave field. The center frequency of the noise was
chosen to be 2 kHz and the bandwidth of the noise component was 1 kHz and was
uncorrelated with the target signal coming from the front. The angle of incidence was
varied from 10 - 350 degrees. Before the speech signals and the noise signals were
combined, the noise signals on the right side of the head were multiplied by a factor of
%2. The ILD was estimated by extracting the noise components on both sides of the
head and computing the ratio of the maximum of the respective auto-correlation
functions. In Fig. 12, the estimated ILD is given in by the curve 94 and the true ILD is
given by the straight curve 96. The simulations show that the beamforming method is

able to reproduce the correct ILD of the wave field.

[0090] In the present patent specification is described an adaptive beamforming
algorithm for hearing aids with a binaural coupling between the hearing aids on
opposite sides of the head. However, it should be understood that a non-adaptive
beamformning algorithm could be used as well. One of the key concerns when
designing binaural algorithms is that although the beamformer should suppress
unwanted directional interference, it should not destroy the binaural cues for the
interference which would be used for target location by the user of the hearing aid

system according to the invention.

[0091] The proposed algorithm generates an estimate for the signal incident from the

target direction (usually chosen to be fixed at 0 degrees) but also gives an estimate for
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the noise component on all microphones. The signal presented at the output (which is
then passed on for further processing in the hearing aid) is an appropriate mixing of
target signal and noise. The mixing ratio could either be adjusted by the user by a

remote control or decided by the hearing aid given the current acoustic environment.

[0092] Simulations as presented in the present patent specification are only relating to
the directional noise suppression performance, i.e. only target signal and no noise
mixing, and compared to that of a single hearing aid with adaptive beamforming. When
only one directional noise source was present, it was shown that the monoaural
hearing aid performed better than if no beamforming was applied, but also that the
binaural hearing aid system performed significantly better than the monaural hearing
aid for all angles and especially in the front hemisphere. The same applied to different
frequencies of the noise. Here, the performance gain was the largest in the low
frequencies. When three directional noise sources were present in the field, the
performance gain of the monaural hearing aid was 8 dB. This is a result of that the
small number of microphones in the array (only 2) cannot suppress this number of
sources properly. The binaural array (with 4 microphones), however, achieved a SNR
gain of 28 dB. Simulations were also carried out for a diffuse noise field. The
performance of the beamforming algorithms were, however, reduced, with a SNR gain
of 4 dB for the monaural hearing aid and 6 dB for the binaural hearing aid system,

respectively.

[0093] The ability of the proposed algorithm to reproduce ITD and ILD of the interfering
noise was also evaluated. It was shown that the error in the estimated ITD was on the
order of microseconds for both single interferer situations as well as for the case of
multiple interfering noise sources. This has to be considered as small since the true
ITD is in the millisecond range. It was also shown that the ILD was correctly
reproduced when a single interfering source generated different pressure levels on the

two sides of the head.

[0094] Also disclosed are hearing aid and hearing aid systems according to any of the

following items, which are useful for understanding the invention:

Item 1. A hearing aid system comprising:

a first and a second microphone for the provision electrical input signals,
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a beamformer for the provision of a first audio signal having a directional spatial
characteristic (a beam), based at least in part on the electrical input signals,
wherein the beamformer is further being configured to provide a second audio
signal, based at least in part on the electrical input signals, the second audio

signal having another spatial characteristic than the first audio signal,

the hearing aid system further comprising

a mixer being configured for mixing the first and second audio signals in order

to provide an output signal to be heard by a user.

Item 2. A hearing aid system according to item 1, further comprising a
processor that is being configured to process the mixed signal according to a

hearing impairment correction algorithm.

Item 3. A hearing aid system according to item 1, further comprising a
processor that is being configured to process the first audio signal according to
a hearing impairment correction algorithm prior to mixing the first and second

audio signals.

Item 4. A hearing aid system according to item 1, 2 or 3, wherein the

beamformer is adaptive.

Item 5. A hearing aid system according to any of items 1-4, wherein the hearing
aid system comprises a user operated interface operatively connected to the

mixer for controlling the mixing of the first and second audio signals.

Item 6. A hearing aid system according to item 5, wherein the user operated
interface is placed in a separate remote control device that is operatively

connected to the mixer via a wireless link.

Item 7. A hearing aid system according to item 5, wherein the user operated

interface comprises a manually operable switch.

Item 8. A hearing aid system according to any of items 1-7, wherein the hearing
aid system is a binaural hearing aid system comprising a first and a second
hearing aid that are interconnected to each other via a communication link, and
wherein the first microphone is located in the first hearing aid and the second

microphone is located in the second hearing aid.
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Item 9. A hearing aid system according to item 8, wherein each of the first and
second hearing aids comprises an additional microphone that is connected to

the beamformer.

Item 10. A hearing aid system according to item 8 or 9, when depending on
item 5, wherein the manually operable switch is placed in the first and/or

second hearing aid.

Item 11. A hearing aid system according to any of the items 1 - 7 forming part of

a binaural hearing aid system.

Item 12. A hearing aid system according to any of items 1-11, wherein the
spatial characteristic of the first and second audio signals are substantially

complementary.

Item 13. A hearing aid system according to any of the items 1 - 11, wherein the
spatial characteristics of the second audio signal is substantially omni-

directional.

ltem 14. A hearing aid system according to any of the items 1 - 11, wherein the
spatial characteristics of the first and second audio signals are generated in
such a way that the resulting spatial characteristic of the mixed audio signal is

substantially omni-directional.
Item 15. A hearing aid comprising:

microphones for the provision of a directional audio signal and a omni-
directional audio signal,

a processor operatively connected to the microphones, and being configured for
providing a hearing impairment corrected output signal to be heard by a user,
wherein the hearing aid further comprises a mixer for mixing the directional
audio signal and the omni-directional audio signal, thereby providing a mixed

audio signal.

[0095] Thus, as illustrated above, beamforming and mixing of audio signals is feasible
and advantageous to use in a hearing aid system. However, as will be understood by
those familiar in the art, the present invention may be embodied in other specific forms

than those described above and illustrated in the drawings and may utilize any of a
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variety of different algorithms without departing from the spirit or essential
characteristics thereof. For example the selection of an algorithm is typically application
specific, the selection depending upon a variety of factors including the expected
processing complexity and computational load. Accordingly, the disclosures and
descriptions herein are intended to be illustrative, but not limiting, of the scope of the

invention which is set forth in the appended claims.
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1. Binauralt hgreapparatsystem, omfattende:

o et farste hgreapparat (2) med et direktionelt mikrofonsystem til
tilvejebringelse af et direktionelt audiosignal og en processor (26) til
tilvejebringelse af et farste udgangssignal, der er korrigeret for
hgrenedseettelse,

o et andet hgreapparat (38) med et omnidirektionelt mikrofonsystem til
tilvejebringelse af et omnidirektionelt audiosignal og en modtager (42) til
tilvejebringelse af et andet udgangssignal, der er korrigeret for
hgrenedseettelse,

hvor det farste hgreapparat (2) er indrettet til at modtage et audiosignal baseret pa det
omnidirektionelle audiosignal, og det andet hgreapparat (2) er indrettet til at modtage et
audiosignal baseret pa det direktionelle audiosignal via en bidirektionel
kommunikationsforbindelse mellem det farste og andet hgreapparat (2, 38),

kendetegnet ved, at det fgrste hgreapparat (2) endvidere omfatter en fgrste mixer (18) il
at mixe signaler baseret pd det omnidirektionelle og det direktionelle audiosignal for at
tilvejebringe et forste mixet signal (20), og hvor det andet hgreapparat (38) endvidere
omfatter en anden mixer (50) til at mixe signaler baseret pa det omnidirektionelle og det

direktionelle audiosignal for at tilvejebringe et andet mixet signal (64).

2. Binauralt hgreapparatsystem ifglge krav 1, hvor mixingen, der udfgres af den farste
og/eller anden mixer (18, 50) er baseret pa en klassifikation af et signal, der er afledt af det

omnidirektionelle mikrofonsystem.

3. Binauralt hgreapparatsystem ifglge et af de foregdende krav, hvor mixingen, der
udferes af den farste og/eller anden mixer (18, 50) er baseret pa en klassifikation af et

signal, der er afledt af det direktionelle mikrofonsystem.

4, Binauralt hgreapparatsystem ifglge et af de foregdende krav, hvor mixingen
udferes afhaengigt af et mal-signal-til-stgjforhold (SNR, signal-to-noise) af et signal, der er

afledt af det omnidirektionelle mikrofonsystem og/eller det direktionelle mikrofonsystem.

5. Binauralt hgreapparatsystem ifglge et af de foregdende krav, hvor mixingen
udfgres aftheengigt af et mal-signal-tryk-niveau (SPL, signal pressure level) af et signal, der

er afledt af det omnidirektionelle mikrofonsystem og/eller det direktionelle mikrofonsystem.
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6. Binauralt hereapparatsystem ifglge et af de foregdende krav, omfattende en

brugerbetjent graenseflade (28), der er funktionsforbundet med den farste mixer (18).

7. Binauralt hgreapparatsystem ifglge et af de foregdende krav, omfattende en

brugerbetjent graeenseflade (28), der er funktionsforbundet med den anden mixer (50).

8. Binauralt hgreapparatsystem ifglge et af de foregadende krav, hvor det ferste
udgangssignal, der er korrigeret for hgrenedsaettelse, er i det mindste delvist baseret pa

det farste mixede signal (20).

9. Binauralt hgreapparatsystem ifglge et af de foregdende krav, hvor det andet
udgangssignal, der er korrigeret for hgrenedsaettelse, er i det mindste delvist baseret pa

det andet mixede signal (64).

10. Binauralt hgreapparatsystem ifglge et af de foregdende krav, hvor det fgrste og
andet mixede signal (20, 64) er i det vaesentlige identiske, eller hvor mixingen udfgres i

henhold til et identisk mixingforhold.

11. Binauralt hgreapparatsystem ifglge et af de foregdende krav, hvor det ferste
udgangssignal, der er korrigeret for hgrenedsaettelse, genereres afhaengigt af et hgretab,

der er knyttet til et fgrste gre af en bruger.

12. Binauralt hgreapparatsystem ifglge et af de foregaende krav, hvor det andet
udgangssignal, der er korrigeret for hgrenedsasttelse, genereres aftheengigt af et hgretab,

der er knyttet til et andet gre af en bruger.

13. Binauralt hgreapparatsystem ifglge et af de foregadende krav, hvor mixingen

udfgres afheengigt af et hgretab af et fgrste gre af en bruger.

14. Binauralt hgreapparatsystem ifglge et af de foregaende krav, hvor mixingen

udfgres afhaengigt af et hgretab af et andet gre af en bruger.
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Fig. 8A
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ITD error vs. angle
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