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DESCRIPTION

[0001] The invention relates to a method for operating a binaural hearing system, said binaural
hearing system comprising a first hearing aid and a second hearing aid, the method
comprising the sequence of steps defined in claim 1. The invention further relates to a binaural
hearing system, comprising a first hearing aid and a second hearing aid and a signal
processor, said signal processor being configured to perform such a method.

[0002] Current state of the art binaural beamformers can provide noise reduction and preserve
efficiently the binaural cues of the target speaker. Binaural cues enclosure all the acoustical
Information available to both ears of a listener for localizing a sound source. Now for an
application In a binaural beamformer In which noise reduction iIs performed via the
beamforming, the binaural cues of the target source are typically preserved, as the
beamforming enhances sound from this direction. However, the typical sound environment
does also comprise residual noise, which 1s to be reduced by the noise reduction, so that the
binaural cues of the residual noise may be distorted. In particular, this may happen
Independently of whether the residual noise of the sound environment being a directional noise
source or a superposition of few directional noise sources, or diffuse backround noise. The
distortion of the binaural cues of the residual noise causes a negative impact on the perception
of the resulting acoustic scene.

[0003] Current state of the art solutions to this problem typically require information which may
not be available neither measureable In real time applications. E. g., a solution based on the
multi-channel Wiener filter requires a knowledge of statistics of the noise signals, which due to
the presence of the target signals may not be available neither open to estimation. Likewise,
solutions employing the Interaural transfer functions assuming that for the type of noise
present, the interaural transfer function is available, which in dynamic acoustic environments
also 1s very often not the case. Another class of proposed solutions preserves the binaural
cues of the noise as well as the target by applying a single real valued scalar common gain to
each of the reference microphones on both sides of a hearing aid or a hearing system in order
to produce the binaural outputs. However, the noise reduction Is significantly reduced
compared to normal beamforming methods.

[0004] In "Advances In phase-aware signal processing In speech communication” by Pejman
Mowlee et al., Speech Communication, Elsevier Scienec Publishers, Amsterdam (ML), vol. 81,
pages 1-29, 09.05.2016, a communication method for speech content is disclosed which for
single-channel speech enhancement, from a speech signal affected by noise, both an
amplitude and a phase of a noise-free speech signal are estimated In individual frequency
channels, and transferred back into time domain. Estimating the phase of a noise-free signal
Instead of using the noise-affected phase on the estimated noise-free amplitude improves the
speech enhancement.

[0005] In "Microphone-Array Hearing Aids with Binaural Output-Part |l A Two-Microphone
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Adaptive System” by Daniel P. Welter et al., IEEE Transactions on Speech and Audio
Processing, New York, vol. 5, no. 6, 01.11.1977, a microphone array for a binaural hearing aid
IS shown In which low frequency parts of each side of the binaural hearing aid are delayed and
mixed with an adaptive binaural signal generated from the respective high frequency parts on
both sides.

[0006] It I1s therefore an object of the invention to find a method for operating a binaural
hearing system, which permits the performance of noise reduction while still preserving as
much as possible the binaural cues of the residual noise In the presence of a target sound
signal. The method shall preferably achieve said object with no restrictions on the acoustic
environment or on a signal-to-noise-ratio (SNR).

[0007] According to the invention the object is achieved by a method for operating a binaural
hearing system, said binaural hearing system comprising a first hearing aid and a second
hearing aid, the method comprising the sequence of steps defined in claim 1. Embodiments of
particular advantage are given in the dependent claims and the description following below.

[0008] The notion of a first reference microphone, or a second reference microphone,
respectively, shall comprise any type of sound transducer which 1s set up to and capable to
receive an acoustical wave pattern and to tranduce this acoustical wave pattern into an
electrical signal. The notion of a first binaural beamformer signal in particular shall comprise a
signal with non-trivial spatial sensitivity characteristics. |. e., for a given probe generating a
fixed sound pressure level and the probe reference sound source being located In a far field at
a fixed distance with respect to the distance between the first reference microphone and the
second reference microphone, the binaural beamformer signal may in particular show a
varying signal level for the probe reference sound generator varying its angular position with
respect to the assembly of the first reference microphone and the second reference
microphone. To this end, the first reference signal and the second reference signal in particular
may be combined as linear combinations with different gain factors and possibly a delay
between the two mentioned signals.

[0009] The spatial characteristics of the first binaural beamformer signal may vary over
different frequency bands of the binaural hearing system. The number of frequency bands, for
which the first reference signal is used to derive a first phase, said first phase entering in the
first output signal of each of the respective frequency bands, may depend on the implemented
frequency decomposition given by a particular filtering process which 1s applied to the first
reference signal and to the second reference signal, preferably in the same manner. The total
number and mutual overlap of frequency bands may depend on the particular decomposition
or filtering process employed.

[0010] Typically, the human hearing localizes a sound source mainly based on its binaural
cues, encoded mostly In the interaural time difference and the interaural level differences of
the sound signal which has propagated from the sound source to each of the two ears.
Interaural time differences are caused by the different propagation times of a sound wave from
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the source to both ears. Interaural level differences are mainly caused by the acoustic shadow
of the head. For example, from a sound source to the left, the sound wave will reach the left
ear sligthly before it reaches the right ear, resulting in a phase difference, while the sound
wave will arrive at the left ear with a slightly higher level then at the right ear due to the
shadowing effect of the head of the listener.

[0011] The beamforming process In generating the first binaural beamformer signal will
typically result in a loss of both the proper time relation and the proper level relation of the two
hearings with respect to a given sound signal, since a delay and different gain factors may be
applied to the first reference signal and the second reference signal for beamforming. For one
target sound signal, the beamformer iIs typically directed towards the location of the target
sound signal source, and thus the proper binaural cues may be reconstructed, at least in an
approximation. In order to reconstruct the binaural cues of a sound signal whose source Is not
located in the target direction of a beamformer, the invention as a first approximation and for
simplicity takes into account only the temporal information while neglecting information given in
the level difference of a sound signal arriving at the two hearings, since the latter information in
the context of binaural hearing systems may be more difficult to obtain.

[0012] In order to have a binaural hearing system which can react quickly on changing sound
conditions and may operate In real time as much as possible, the temporal information for
reconstructing the binaural cues of said non-target sound signals shall be taken from the
phase information of the sound signal at only one side of the binaural hearing system. To this
end, the frequency of the sound signal in particular may be approximated as static over a short
period of time, such the phase of the sound signal may be extracted directly from the
oscillations given In the first reference signal. Preferably, the first reference microphone
generating the first reference signal is located at that side of the binaural hearing system to
which the first output signal is supplied to. In an easy way, the temporal information of a non-
target sound signal which would normally be encoded in a time shift between the two hearings
IS approximated by a phase from the first reference signal and fed into the first output signal
along with the first binaural beamformer signal, such that the first phase may help restoring
binaural cues from the non-target sound signal, and the binaural beamformer signal showing
the desired noise reduction properties in its amplitudes.

[0013] According to the Invention, at least for a number of the frequency bands in which the
first reference signal is used to derive a first phase and the first output signal is derived from
the first binaural beamformer signal and the first phase, Is entirely below 2 kHz, most
preferably below 1.5 kHz. In general, most of the acoustic energy and thus, of first and the
second reference signals’' energy as well, iIs concentrated at lower frequencies of the human
acoustical spectrum. Therefore, it may be a reasonable assumption that the spatial perception
of an acoustical environment by a listener, especially in a complex situation as a multi-talker or
conversation hearing situation, might be dominated by the signal contributions Iin the lower

frequency range.

[0014] It Is a known fact In psychoacoustics that at low frequencies, In particular below 2 kHz,
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the interaural phase differences - 1.e., time shifts - are more relevant than interaural sound
signal level differences. Thus, the information loss when neglecting the information given in the
level differences can be considered small iIn comparison to the total relevant information gain
by applying the first phase In at least the proper frequency bands, and therefore does not
affect the restoring of the binaural cues In a critical way while still keeping the process
complexity as low as possible by neglecting the level differences.

[0015] According to the Invention, In saild number of frequency bands, the first binaural
beamformer signal iIs decomposed into its magnitude and phase components, and the first
output signal is derived using the magnitude component of the first binaural beamformer signal
and the first phase. This i1s a particularly efficient way to preserve the desired noise reduction
properties of the first binaural beamformer signal while restoring the binaural cues via the first
phase.

[0016] Hereby, iIn saild number of frequency bands, the magnitude component of the first
output signal is given by the magnitude component of the first binaural beamformer signal, and
the phase component of the first output signal is given by the first phase. This is a particularly
fast-to-calculate way to apply the temporal information encoded in the first phase to the first
binaural beamformer signal.

[0017] For a preferred embodiment, Iin the first hearing aid, a first supplementary signal is
generated from the sound signal by a first supplementary microphone. The notion of a first
supplementary microphone shall comprise any type of sound transducer which is set up to and
capable to receilve an acoustical wave pattern and to tranduce this acoustical wave pattern into
an electrical signal. In modern binaural hearing systems and In particular, binaural hearing
aids, for a better spatial sound perception more than just one microphone Iin a single hearing
ald may be employed. The use of more than one microphone at one side, in combination with
the microphone or microphones from the other side allows for a better beamforming, 1.e., a
narrower directionality If required or a better signal-to-noise-ratio in beamforming noise
reduction. In particular, the first supplementary microphone is located within the first hearing
ald slightly apart from the first reference microphone in order to be able to detect small time
shifts with respect to the first reference microphone when a propagating sound signal impinges
on the first hearing aid.

[0018] Preferably, the first reference signal and the first supplementary signal are used to
derive the first phase. In doing so, a higher amount of spatial information about the
propagating sound signal may be iIncluded in the first phase, as the use of both the first
reference signal and the first supplementary signal for deriving the first phase allow for an at
least implicit inference about a direction of the sound signal's source. This direction information
can be Included - at least, implicitly - in the first phase which helps to improve the preservation
or restoring of the binaural cues of non-target signals.

[0019] In yet another preferred embodiment, from the first reference signal and from the first
supplementary signal, a first pre-processed signal i1s derived, and in said number of frequency
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bands, the first phase Is given by the phase of the first pre-processed signal. The pre-
processing of the first reference signal and the first supplementary signal may comprise noise
reduction, which may be directional. In particular, the noise reduction present in the first pre-
processing may attenuate sounds from a back hemisphere of a user of the binaural hearing
system, such that sounds from a frontal hemisphere are enhanced in the first pre-processed
signal. This takes into account that in a typical conversation, the view of a speaker is directed
towards his interlocutor, and thus, the target source, so that diffuse babble as well as speakers
outside the view angle are attenuated in the first output signal.

[0020] Hereby it 1s of particular advantage to use the first pre-processed signal in order to
obtain the first binaural beamformer signal. In case the first pre-processed signal is taken to be
the main signal component from the first hearing aid to enter the first binaural beamformer
signal, 1.e., If the binaural beamforming for obtaining the first binaural beamformer signal
receives only the first pre-processed signal as an input but neither the first reference signal nor
the first supplementary signal as its individual components, then a good phase reference from
the first hearing aid to restore binaural cues is given by the phase of the first pre-processed
signal. Furthermore, In order preserve the phase Information contained in both the first
reference signal and the first supplementary signal, when applying a monaural noise reduction,
taking the first phase as the phase of the first pre-processed signal i1s especially useful, as
noise to be reduced in the pre-processing for the first pre-processed signal - such as the
mentioned talk contributions from speakers in the back hemisphere of the user of diffuse
babble in the back hemisphere - are not taken into account for the first phase.

[0021] Preferably, in the second hearing aid, a second supplementary signal is generated from
the sound signal by a second supplementary microphone. The notion of a second
supplementary microphone shall comprise any type of sound transducer which is set up to and
capable to receilve an acoustical wave pattern and to tranduce this acoustical wave pattern into
an electrical signal. The presence of a second supplementary signal allows for a more
symmetrical treatment of the two hearing aids. In particular, the first output signal may be
supplied to one hearing via a first loudspeaker or, more generally, by a first sound generator of
any kind, while a second output signal may be supplied to the other hearing by a second
loudspeaker or a second sound generator. Hereby, the first output signal is generated in the
way described above from the first binaural beamformer signal, which in turn 1s generated
employing at least the first supplementary signal, while the second output signal may be
generated from a second binaural beamformer signal in a similar way, the second binaural
beamfromer signal employing then at least the second supplementary signal.

[0022] Preferably, from the second reference signal and from the second supplementary
signal, a second pre-processed signal is derived. The pre-processing of the second reference
signal and the second supplementary signal may comprise noise reduction, which may be
directional. In particular, the noise reduction present In the second pre-processing may
attenuate sounds from the back hemisphere of the user of the binaural hearing system, such
that sounds from the frontal hemisphere are enhanced In the second pre-processed signal.
Pre-processing the second reference signal and the second supplementary signal and deriving
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a second pre-processed signal due to the symmetry reasons mentioned above Is especially
useful when a first pre-processed signal is derived from the first reference signal and from the
first supplementary signal.

[0023] It Is of particular advantage to use the second pre-processed signal in order to obtain
the first binaural beamformer signal. In case the first pre-processed signal i1s taken to be the
main signal component from the first hearing aid to enter the first binaural beamformer signal,
..e., If the binaural beamforming for obtaining the first binaural beamformer signal receives only
the first pre-processed signal as an input but neither the first reference signal nor the first
supplementary signal as its individual components; due to symmetry reasons it i1s useful to
treat the second reference signal and the second supplementary signal in a similar way, I. e.,
by pre-processing, and to use the second pre-processed signal for the first binaural
beamformer signal.

[0024] Furthermore, In the pre-processing step leading to the first pre-processed signal and
the second pre-processed signal, respectively, one may perform a monaural noise reduction,
In particular for attenuating the sound coming from the back hemisphere of the user of the
binaural hearing system. Then, the first binaural beamformer signal i1s obtained from the first
pre-processed signal and the second pre-processed signal, allowing for a sharp beamforming
In the frontal hemisphere of the user and a high degree of directionality, and thus, binaural
noise reduction. In order to maintain the proper spatial perception of signal components in that
frontal hemisphere which are attenuated by the binaural noise reduction - e.g., sound from
non-target speakers - the first phase as a phase reference for phase of the output signal is
preferably taken as the phase of the first pre-processed signal.

[0025] Another aspect of the Invention Is given by a binaural hearing system, comprising a first
hearing aid and a second hearing aid and a signal processor, said signal processor being
configured to perform the method described above. The advantages of the proposed method
for operating a binaural hearing system and for its preferred embodiments can be transferred
to the binaural hearing system itself in a straight forward manner.

[0026] The attributes and properties as well as the advantages of the invention which have
been described above are now Iillustrated with help of a drawing of an embodiment example. In
detall,

figure 1
shows a schematical top view of a conversation hearing situation including a user of a
state-of-the-art binaural hearing system and five speakers,

figure 2
shows a schematical top view of the conversation hearing situation according to figure 1,
as well as the acoustical localization of the speakers as perceived by the user of the
binaural hearing system,

figure 3
shows a block diagram of a method for operating a binaural hearing system In order to
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preserve the perception of binaural cues when noise reduction Is active, and

figure 4
shows a schematical top view of conversation hearing situation given in figure 1, as well
as the acoustical localization of the speakers as perceived by the user of the binaural
hearing system when applying the method according to figure 3.

[0027] Parts and variables corresponding to one another are provided with In each case the
same reference numerals in all figures.

[0028] In figure 1, a schematical top view of a hearing situation 1 corresponding to a
conversation I1s shown. A user 2 of a state-of-the-art binaural hearing system (not shown) is
surrounded by his conversational partners, given by the speakers 4, 6, 8, 10, 12, while
directing his view towards the target speaker 4 for a given moment.

[0029] If the state-of-the-art binaural hearing system is applying a noise reduction in which
noise from directions other than the one of the target speaker 4, at least partially, 1s aimed to
be reduced via the binaural beamforming of the binaural beamforming system, the target
speaker 4 will be perceived by the user 2 In the proper direction. However, the other, non-
target speakers 6, 8, 10, 12, apart from having an attenuated signal volume In the output
signal of the binaural beamforming hearing aid as perceived by the user 2, due to the binaural
beamforming may show their binaural cues distorted when talking to the user 2 which is
focused on the target speaker 4, leading to an improper perception of the acoustical
localization of the non-target speakers 6, 8, 10, 12 in the perception of the user 2.

[0030] This Is displayed schematically in figure 2. The attenuation of the signal volume of -
possibly occasional - conversational contributions of the non-target speakers 6, 8, 10, 12 with
respect to the signal volume of the contributions of the target speaker 4 in the output signal of
the binaural hearing system iIs displayed by a miniaturization of the non-target speakers 6, 8,
10, 12 compared to figure 1. The loss of the binaural cues may lead to a wrong acoustical
perception of the positions of the non-target speakers 6, 8, 10, 12 by the user 2. This means,
the user 2 can see the actual positions of two intervening non-target speakers 6, 12 as
spatially well separated from the target speaker 4, but due to the state-of-the-art binaural
beamforming, displayed by the beam 14, and the loss of binaural cues of the non-target
speakers 6, 12 caused by the noise reduction processes, the user 2 "hears” contributions from
the non-target speakers 6, 12 as if those were located much closer to the target speaker 4.

[0031] In figure 3, a method 18 for operating a binaural hearing system 20 is illustrated by
means of a block diagram. The method 18 is particularly useful in order to preserve binaural
cues of a sound signal 22 when noise reduction I1s active in the binaural hearing system 20.
The binaural hearing system 20 comprises a first hearing aid 24 and a second hearing aid 26.
In the first hearing aid 24, a first reference signal 28 Is generated from the sound signal 22 by
a first reference microphone 30, while a first supplementary signal 32 is generated from the
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sound signal 22 by a first supplementary microphone 34. In the second hearing aid 26, a
second reference signal 36 Is generated from the sound signal 22 by a second reference
microphone 38, while a second supplementary signal 40 is generated from the sound signal 22
by a second supplementary microphone 42. From the first reference signal 28 and the first
supplementary signal 32, a first pre-processed signal 44 s generated, employing pre-
processing such as, e.g., frequency band filtering, monaural noise reduction and feedback
cancellation. The exact pre-processing techniques applied In order to obtain the first pre-
processed signal 44 from the first reference signal 28 and the first supplementary signal 32
may vary over different frequency bands. From the second reference signal 36 and the second
supplementary signal 40, a second pre-processed signal 46 is generated in a similar way.

[0032] Now In both the first hearing aid 24 and the second hearing aid 26, a binaural
beamforming process 48 Is performed, taking for each hearing aid the first pre-processed
signal 44 and the second pre-processed signal 46 as bandwise input signals, and generating a
first binaural beamformer signal 50 In the first hearing aid 24 and a second binaural
beamformer signal 52 in the second hearing aid 52, respectively. The first and the second
binaural beamformer signal 50, 52 each may show a spatial characteristics determined by
signal components of all of the first and second reference and supplementary signals, thus
opening the way to a very efficient noise reduction and speaker enhancement by a narrow
beamforming. The spatial characteristics for the first binaural beamformer signal 50 may vary
over different frequency bands, and likewise for the second binaural beamformer signal 52.

[0033] Thus, the first and second binaural beamformer signals 50, 52, respectively, may show
a very good SNR for a given target signal, as well as a very well defined, narrow beam.
However, for non-target sound signals whose sound source lies outside of the beam's
direction, the beamforming distorts the binaural cues such that the spatial location of the non-
target sound source would be perceived wrong by the user 2 of the binaural hearing system
20, e.g. closer to the target sound source, as described In figure 2. To his end, the binaural
cues are restored by the method 18 before generating an output signal that is output by a
loudspeaker of a hearing aid.

[0034] In the first hearing aid 24, a first phase 54 is tapped off from the first pre-processed
signal 44. The first binaural beamformer signal 50 is decomposed into its magnitude 56 and its
phase 58, and for certain frequency bands, according to the invention for at least a number of
frequency bands below 2 kHz, the phase 58 of the first binaural beamformer signal 50 is
substituted by the first phase 54. For other frequency bands, in particular for at least some
bands above 2 kHz, no such substitution is performed. After the reconstruction 60 of the
binaural cues by plugging the first phase 54 - given by the phase of the first pre-processed
signal 44 - into the first binaural beamformer signal 50 In the corresponding frequency bands
while maintaining the magnitude 56 of the first binaural beamformer signal 50, the resulting
signal of the reconstruction 60 Is defined as a first output signal 62. The first output signal 62
may be treated by applying further non-directional sound processing (not shown) before
outputting it via some first loudspeaker (not shown) of the first hearing aid 24 to one hearing of
the user 2. For some frequency bands, in particular frequency bands above 2 kHz, the
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reconstruction 60 may not be necessary, and the first output signal 62 may directly be given by
the first binaural beamformer signal 50.

[0035] The reconstruction 70 of the binaural cues In the second hearing aid 26 1s performed In
a similar way to the reconstruction 60 In the first hearing aid 24. The second binaural
beamformer signal 52 i1s decomposed into its phase 72 and its magnitude 74, and a second
phase /6 Is extracted from the second pre-processed signal 46. In at least a number of
frequency bands - some of them preferably below 2 kHz - the second phase 76 is plugged into
the decomposition of the second binaural beamformer signal 52, substituting the phase 72 of
the latter. The second output signal 78 In the corresponding frequency bands Iin which the
reconstruction 70 Is performed I1s given by the magnitude 74 of the second binaural
beamformer signal 52 with the second phase 76.

[0036] For the first output signal, when restoring the binaural cues via the reconstruction 60,
the phase Iinformation for the first output signal 62 is entirely extracted from the first pre-
processed signal 44, and thus, entirely determined by the phase of the sound signal 22 at the
first hearing aid 24. On the one hand, a noise reduction process which I1s based on a binaural
beamforming process suppressing sounds from sound sources located In different directions
than the target sound source may distort the binaural cues of non-target sound signals, I1.e.,
sound signal components whose source Is not located in the target direction. Even though
these sound signals are suppressed by the binaural beamforming anyway, and might not be
perceived as "conversationally relevant”, they still might have an important impact on the user's
2 perception of the acoustical scene In his hearing environment. Distorted binaural cues of
these non-target sound signals then may lead to a mismatch of the acoustical perception of the
non-target sound sources and their actual positions as seen by the user. The phase
Information taken from one hearing aid as the phase in that hearing aid's output signal allows
the user 2 to perceive the proper temporal shiftings and delays in order to restore binaural
Cues.

[0037] Thus, as schematically shown In figure 4 in a top view of the hearing situation 1 given In
figure 1, the user 2 now acoustically locates the non-target speakers 6, 12 in the same position
with respect to the target speaker 4 as he sees them.

[0038] Even though the Iinvention has been illustrated and described in detail with help of a
preferred embodiment example, the Invention 1s not restricted by this example. Other
variations can be derived by a person skilled in the art without leaving the extent of protection
of this invention, which is defined by the scope of the appended claims.

Reference Numeral

[0039]

1
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hearing situation
user (of a binaural hearing system)
target speaker

6-12
non-target speakers

14

beam
18

method for operaring a binaural hearing system
20

binaural hearing system
22

sound signal
24

first hearing aid
26

second hearing aid
28

first reference signal
30

first reference microphone
32

first supplementary signal
34

first supplementary microphone
36

second reference signal
38

second reference microphone
40

second supplementary signal
42

second supplementary microphone
44

first pre-processed signal
46

second pre-processed signal
483

binaural beamforming process
50

first binaural beamformer signal
52
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second binaural beamformer signal

54
first phase
56
magnitude of the first binaural beamformer signal
58
phase of the first binaural beamformer signal
60
reconstruction
62
first output signal
70
reconstruction
{2
phase of the second binaural beamformer signal
74
magnitude of the second binaural beamformer signal
/6
second phase
/8

second output signal
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Patentkrav

1. Fremgangsmade (18) til drift af et binauralt h@resystem (20), hvilket binaurale
haresystem (20) omfatter et ferste hereapparat (24) og et andet hareapparat
(26),

| hvilket ferste hereapparat (24) der genereres et farste referencesignal (28) fra
et lydsignal (22) af en ferste referencemikrofon (30),

| hvilket andet hereapparat (26) der genereres et andet referencesignal (36) fra
lydsignalet (22) af en anden referencemikrofon (38),

hvilket ferste referencesignal (28) og andet referencesignal (36) begge anven-
des til at aflede et farste binauralt beamformersignal (50), og

hvor der afledes et ferste udgangssignal (62) fra det ferste binaurale beamfor-
mersignal (50) for mindst et antal frekvensband under 2 kHz,

hvilke ferste referencesignal (28) og andet referencesignal (36) begge anven-
des til at aflede et andet binauralt beamformersignal (52),

hvor der afledes et andet udgangssignal (/8) fra det andet binaurale beamfor-
mersignal (52) for mindst det naevnte antal frekvensband under 2 kHz,
kendetegnet ved, at

for det naevnte antal frekvensband,

- anvendes det ferste referencesignal (28) til at aflede en farste fase
(94),

- det andet referencesignal (36) anvendes til at aflede en anden fase
(76),

- det ferste udgangssignal (62) afledes yderligere fra den ferste fase
(54), og det andet udgangssignal (/8) afledes yderligere fra den anden
fase (706),

- det farste binaurale beamformersignal (50) nedbrydes | dets starrelses-

komponent (56) og dets fasekomponent (58),
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- det ferste udgangssignal (62) afledes ved anvendelse af starrelses-

komponenten (56) af det farste binaurale beamformersignal (50) og den
forste fase (54),

hvor starrelseskomponenten af det ferste udgangssignal (62) er givet af starrel-
seskomponenten (56) af det ferste binaurale beamformersignal (50), og fase-

komponenten af det farste udgangssignal (62) er givet af den ferste fase ( 54),

- det andet binaurale beamformersignal (52) nedbrydes | dets starrelses-

komponent (74) og dets fasekomponent (72),

- det andet udgangssignal (/8) afledes ved hjeelp af starrelseskompo-

nenten (/74) af det andet beamformersignal (52) og den anden fase (/6),

hvilken starrelseskomponent af det andet udgangssignal (/8) er givet af starrel-
seskomponenten (74) af det andet beamformersignal (52), og hvilken fasekom-

ponent af det andet udgangssignal (/8) er givet af den anden fase (/6).

2. Fremgangsmaden (18) ifelge krav 1,
hvor der | det ferste hereapparat (24) genereres et farste supplerende signal

(32) fra lydsignalet (22) af en ferste supplerende mikrofon (34).

3. Fremgangsmaden (18) ifalge krav 2,
hvor det ferste referencesignal (28) og det farste supplerende signal (32) bru-

ges til at aflede den ferste fase (54).

4. Fremgangsmaden (18) ifelge krav 3,

hvor der fra det ferste referencesignal (28) og fra det farste supplerende signal
(32) afledes et farste forbehandlet (44) signal, og

hvor den ferste fase (54) er givet af fasen | det ferste forbehandlede signal (44)

| det naevnte antal frekvensband.

5. Fremgangsmaden (18) ifelge krav 4,
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hvor det ferste forbehandlede signal (44) anvendes til at opna det farste bi-

naurale beamformersignal (50).

6. Fremgangsmade (18) ifalge et af de foregaende krav,
hvor der | det andet hereapparat (26) genereres et andet supplerende signal

(40) fra lydsignalet (22) af en anden supplerende mikrofon (42).

7. Fremgangsmaden (18) ifelge krav 6,
hvor der fra det andet referencesignal (36) og fra det andet supplerende signal
(40) afledes et andet forbehandlet signal (46).

8. Fremgangsmaden (18) ifelge krav 7,
hvor det andet forbehandlede signal (46) anvendes til at opna det farste bi-

naurale beamformersignal (50).

9. Binauralt heresystem (20) der omfatter et ferste heareapparat (24) og et andet
hareapparat (26) og en signalprocessor, hvilken signalprocessor er konfigureret

til at udfere fremgangsmaden (18) ifalge et af de foregaende krav.
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