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DESCRIPTION

[0001] The invention is related to a method for beamforming in a binaural hearing aid
comprising a first local unit and a second local unit, weherein the method comprises the steps
of generating a first main signal and a first auxiliary signal in the first local unit from an
environment sound, and a second main signal in the second local unit from the environment
sound, and generating a first local output signal from the first main signal, the second main
signal and the first auxiliary signal, wherein the first local output signal is transduced into a first
output sound by a first output transducer of the first local unit.

[0002] In hearing aids, the importance of noise reduction of an input signal is ubiquitous.

[0003] A hearing impaired person as a user of a hearing aid typically has challenges in hearing
certain frequency bands. Very often, the hearing ability is particularly reduced in the higher
frequency bands where formants relevant for speech understanding are located, so that the
understanding of speech is an important issue for a hearing aid user. In particular, in this
context, a hearing aid user may benefit from noise reduction, leading to an increase in the
signal-to-noise-ratio (SNR). In recent times, noise reduction by beamforming techniques has
become essential for increasing the SNR in a hearing aid. The advantage of beamforming
techniques is that a "beam", i. e. the sensitivity of a microphone array can be pointed towards
the direction of a source of a useful signal, attenuating thereby sounds from other directions
which are assumed to be noise.

[0004] While initially it was only possible to point the beam in a frontal direction of the hearing
aid user, assuming that the user is looking towards the source of the useful sound signal, now
also beams in other directions are feasible, especially in the case of binaural beamforming in a
binaural hearing aid with two local units, each of which comprising more than just one
microphone. Thus, at least two input signals are generated in each local unit, so that very
advanced microphone arrays may be constructed from all of the input signals.

[0005] One major problem with beamforming techniques is that the noise reduction is working
properly only if the beam truly points towards the source of the useful sound signal. However,
the estimation of the so-called "direction of arrival" (DOA) of the useful signal (i.e., a desired
target source signal) may contain errors, especially in case of a speech signal with speaking
pauses over an acoustically complex noisy background. Furthermore, small natural head
movements of the hearing aid user during conversation as normal gestures of communication
may lead to deviations that an estimation of the DOA only can follow with a time lag, or the
DOA is not accurate enough for small deviations. Even though these deviations typically only
occur in a small angular range, as a consequence, the useful signal gets attenuated and noise
contributions get slightly enhanced (i.e. less reduction), leading to a worse SNR improvement.

[0006] There exist noise reduction approaches using beamforming which are more robust
against errors in the estimation of the DOA, such as generalized side lobe canceler algorithms
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with adaptive blocking matrixes or an adaptive estimation of the DOA in combination with
steerable binaural beamformers. However, the generalized side lobe canceler approach does
not perform too well for isotropic ambient noise. The cited methods may be adapted to the
situation where isotropic ambient noise and directional interferers are present, this however
requires the calculation of a sound-source presence probability, increasing the calculation
overhead. But also, a sound source presence probability would need to differentiate between
sounds emerging from the useful signal source and from directional interferers. This is quite
difficult in practice.

[0007] In EP 3 383 067 A1, a hearing device for a binaural hearing system comprising the
hearing device and a contralateral hearing device is disclosed. The hearing device comprises a
transceiver module; microphones for provision of first and second microphone input signal; a
first beamforming module for provision of a first beamform signal based on the first
microphone input signal and the second microphone input signal; a filter bank for filtering the
first beamform signal into a plurality of first sub-band beamform signals including a first
bandpass beamform signal, and for filtering a contralateral beamform signal into a
contralateral bandpass beamform signal; a second beamforming module comprising an
adaptive bandpass beamformer for provision of a second bandpass beamform signal;, an
adder for provision of a beamformed input signal; a processor for providing an electrical output
signal based on the beamformed input signal; and a receiver for converting the electrical
output signal to an audio output signal.

[0008] EP 2 088 802 A1 discloses a method of generating an audible signal in a hearing aid by
estimating a weighting function of received audio signals, wherein the hearing aid is adapted to
be worn by a user. The method comprises the steps of: estimating a directional signal by
estimating a weighted sum of two or more microphone signals from two or more microphones,
where a first microphone of the two or more microphones is a front microphone, and where a
second microphone of the two or more microphones is a rear microphone; estimating a
direction-dependent time-frequency gain, and synthesizing an output signal. Hereby,
estimating the direction-dependent time-frequency gain comprises: obtaining at least two
directional signals each containing a time-frequency representation of a target signal and a
noise signal, wherein a first of the directional signals is defined as a front aiming signal, and
wherein a second of the directional signals is defined as a rear aiming signal; using the time-
frequency representation of the target signal and the noise signal to estimate a time-frequency
mask; and using the estimated time-frequency mask to estimate the direction-dependent time-
frequency gain.

[0009] Hala As'Ad et al propose in "A Robust Binaural Linearly Constrained Minimum Variance
with Spatial Cues Preservation for Hearing Aids Beamforming” a robust beamformer using
constraints for directions of the beamformer.

[0010] It is therefore the object of the present invention to provide a method to increase the
robustness of a beamformer in a binaural hearing aid which is particularly robust against
smaller or moderate errors in the estimation of the DOA of a target signal. The invention
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provides a method for beamforming in a binaural hearing aid according to claim 1 and a
respective binaural hearing aid configured to perform the method according to claim 15.
Further embodiments are defined in the dependent claims.

[0011] According to the invention, this object is achieved by a method for beamforming in a
binaural hearing aid, said binaural hearing aid comprising a first local unit and a second local
unit, wherein the method comprises the following steps: generating a first main signal and a
first auxiliary signal in the first local unit from an environment sound, and a second main signal
in the second local unit from the environment sound, estimating a direction of arrival of a useful
sound signal in the environment sound, assigning a first frequency range and a second
frequency range, generating a first range beamformer signal in the first frequency range from
the first main signal, the first auxiliary signal and the second main signal by imposing at least
one, preferably at least two spatial conditions related to the estimated direction of arrival on the
directional characteristic of the first range beamformer signal, generating a second range
beamformer signal in the second frequency range from the first main signal and the second
main signal by imposing at least one spatial condition related to the estimated direction of
arrival on the directional characteristic of the second range beamformer signal, and deriving a
first local output signal from the first range beamformer signal and the second range
beamformer signal, wherein the first local output signal is transduced into a first output sound
by a first output transducer of the first local unit.

[0012] Hereby, in the first local unit, a first local front signal is generated from the environment
sound by a first front input transducer, and a first local rear signal is generated from the
environment sound by a first rear input transducer, and in the second local unit, a second local
front signal is generated from the environment sound by a second front input transducer, and a
second local rear signal is generated from the environment sound by a second rear input
transducer. The first main signal then is generated from the first local front signal and the first
local rear signal, and the second main signal is generated from the second local front signal
and the second local rear signal, wherein the first auxiliary signal is generated either from the
first local front signal or the first local rear signal. Embodiments which show particular
advantages and may be inventive in their own respect are given by the dependent claims as
well as in the subsequent description.

[0013] In particular, the first local unit and the second local unit, respectively, are to be worn by
the hearing aid user on his left ear and on his right ear, respectively. In this respect, the first
local unit may be given either by the local unit one at the left ear of the user of the binaural
hearing aid, or by the unit one at the right ear of the user. Each of the first and the second local
unit comprises at least one input transducer for converting the environment sound into an
electric input signal. In particular, each of the first and the second local unit may comprise at
least two input transducers so that in each of the local units, two different input signals are
generated from the environment sound by the respective input transducers.

[0014] The first main signal is derived from two local signals generated by two different input
transducers in the first local unit, respectively. The first local unit comprises a front input
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transducer and a rear input transducer, generating from the environment sound a front input
signal and a rear input signal, respectively, and the first main signal contains signal
contributions from these two signals, possibly after some pre-processing, such as frequency-
dependent gain adjustment. Similar conditions hold for the second main signal generated in
the second local unit. Preferably, the algorithms to generate the first main signal and the
second main signal from the respective input signals are consistent to each other. This
comprises that if the first main signal is generated from the two mentioned input signals in the
first local unit by sum-and-delay beamforming, then the second main signal is generated in the
second local unit from the respective two input signals also by a sum-and-delay process. The
first auxiliary signal is generated in the first local unit in a different way than the first main
signal, by deriving the first auxiliary signal directly from one single input signal of the first local
unit.

[0015] The DOA of a useful sound signal may in particular be estimated using one of the first
main signal, the first auxiliary signal, and the second main signal, and/or the respective
underlying input signals of the first local unit and/or the second local unit. This estimation may
be carried out by techniques known in the art, for example using the signal power of possible
useful signals from different directions, or also by making specific assumptions on the nature of
the useful sound signal (e.g. the assumption of the useful sound signal being speech).

[0016] In particular, the first range beamformer signal is generated from the first main signal,
the first auxiliary signal and the second main signal in the first frequency range by imposing at
least two spatial conditions related to the estimated direction of arrival. In this respect, the
generation of the first range beamformer signal may treat the first main signal, the first auxiliary
signal and the second main signal as some sort of an array, e.g., by solving a constrained-
based equation array, where the resulting first range beamformer signal shows a directional
characteristic which has two fulfill the imposed spatial conditions which are related to the
estimated DOA. For example, the first range beamformer signal may be generated as a
weighted superposition of the three mentioned component signals, while the spatial conditions
related to the estimated DOA, which are imposed on the directional characteristic of the
resulting first range beamformer signal, may be given as a pair of attenuation values in the
directional characteristics, i. e., two respective sensitivity values for the resulting beamforming,
in a respective certain angular distance from the DOA. This means that for an estimated DOA,
there are given two specific angular distances, preferably one small positive angular distance
and one small negative angular distance spanning some sort of a wedge in the DOA, and at
the two edges of said wedge, the sensitivity of the resulting beamforming is fixed as the
imposed conditions.

[0017] Likewise, the second range beamformer signal is generated in the second frequency
range from the first main signal and the second main signal by imposing at least one,
preferably exactly one spatial condition on the directional characteristic of the resulting second
range beamformer signal, and thus, on the resulting beamformer. Accordingly, said spatial
condition may be given as a specific attenuation or sensitivity value for the directional
characteristic at a specific angular distance from the DOA.
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[0018] The first local output signal may be generated from the first range beamformer signal
and the second range beamformer signal taking these two signals directly, e.g.,, as a
superposition, or generated from the first and second range beamformer signals an
intermediate signal, to which further hearing aid specific signal processing, such as frequency
dependent gain factors, but also feedback suppression may be applied prior to transducing the
first local output signal into the first output sound. For the present invention, an output
transducer may in particular be given by an electrical-acoustic transducer configured to convert
and electric signal into sound, in particular by means of mechanical vibrations stimulated by the
electrical signal. Likewise, and input transducer is in particular given by an electro-acoustic
transducer configured to convert the environment sound into and electric input signal, e.g. a
microphone.

[0019] The assignment of a first frequency range and a second frequency range, and the
generation of the first range beamformer signal and the second range beamformer signal,
respectively, allows for a frequency dependent treatment of the underlying noise reduction
problem. In particular, the second frequency range is assigned to that set or range of
frequencies in which due to physical reasons, for a given DOA the directionality of the sound
signal is less pronounced anyway, and thus, smaller or moderate errors in the estimation of the
DOA lead also to less attenuation of the useful signal and less enhancement of the noise
components, respectively, due to the lower directionality. To this end, and in a situation of a
lower directionality of the assumed useful signal, a construction of the second range
beamformer signal from two underlying signals, given here in form of the two main signals from
two local units, is considered to be sufficient with respect to the spatial resolution and
minimizing resources and CPU time.

[0020] On the other hand, for frequencies at which the useful signal is assumed to be more
directed, the respective beamforming signal, generated as the first range beamformer signal,
takes into account one additional signal in form of the first auxiliary signal, thus increasing the
spatial resolution possibility, and allowing for the imposition of a second condition of the
resulting first range beamformer signal. So in a resource-efficient way, a higher spatial
resolution in the process of beamforming is only applied in the frequency range where due to
an increased directionality of the useful signal this may lead to substantial differences. As the
frequency-dependent directionality patterns may vary for different DOAs, the assignment of the
two frequency ranges in dependence of the DOA as estimated may make the proposed
method particularly robust against smaller or moderate errors in the estimation process for the
DOA.

[0021] It may be particularly advantageous to perform the method in a symmetrical way for the
two local units, i.e., assign the two frequency ranges, use the two main signals to locally
generate a second range beamformer signal on each side, i.e., in each unit, further take a first
auxiliary signal for locally generating a first range beamformer signal in the first local unit, and
a second auxiliary signal for locally generating a first range beamformer signal in the second
local unit, and generate respective first and second output signals in the first and second unit
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from the locally generated first range and second range beamformer signals. However, even
though beneficial, such a symmetrical implementation is not always necessary for a DOA-
robust noise reduction beamforming: in case that the DOA has a substantial angular distance
to the frontal direction of the user, e.g., more than +/- 45°, one of the local units is substantially
"closer" to the useful signal source (especially in terms of interaural loudness difference). Thus,
the method performed in this local unit will already lead to positive results regarding both noise
reduction and robustness against small and moderate DOA estimation errors, while the other
local unit may or may not implement the same method in a symmetrical way as described
above.

[0022] Preferably, in order to generate the first range beamformer signal, a first attenuation
value at a first angular distance from the estimated direction of arrival and a second
attenuation value at a second angular distance from the estimated direction of arrival are given
as the at least one spatial condition on the directional characteristic of the first range
beamformer signal. This means that two spatial conditions related to the estimated DOA are
imposed on the directional characteristic of the resulting first range beamformer signal, and
these two spatial conditions are imposed in the form of fixing the attenuation by a respective
attenuation value for two different angles from the DOA. The attenuation value then shall
indicate the sensitivity of the beamformer that forms the first range beamformer signal in the
indicated angular direction. For scaling this attenuation value, preferably no further signal
processing apart from the beamformer itself (such as frequency-dependent amplification and
the like) shall be taken into account, in order to have only the spatial characteristics of the
beamformer as variables.

[0023] Advantageously, the first attenuation value and the second attenuation value are set
such that in a first angular range given from 3° to 10° with respect to the estimated direction of
arrival, there exists a first angle with an attenuation of less than 0.5 dB, and in a second
angular range given from -3° to -10° with respect to the estimated direction of arrival, exists a
second angle with an attenuation of less than 0.5 dB. This means in particular: the spatial
conditions may be set by giving the first angle a1 in the range of [3°, 10°] with respect to the
DOA, giving the second angle a2 in the range of [-10°, -3°] with respect to the DOA, and
setting the attenuation values a1, a2 at the first and the second angle a1, a2 in an interval [0
dB, 0.5dB], e.g., a1 =0dB, a2 =0 dB.

[0024] Also, there are alternative and equivalent ways of formulating these two spatial
conditions, leading to the same result of having at least one angle a1 € [3°, 10°] where the
attenuation is giveby a value a1 € [0 dB, 0.5 dB], and least one angle a2 € [-10°, 3°] (with
respect to the DOA) where the attenuation is given by a value a2 € [0 dB, 0.5 dB]. Technically,
the two conditions may be used to set the attenuation, preferably close to 0 dB, for two angles
enclosing the DOA. Then, for the DOA itself, there will still be no perceivable attenuation, while
the angular range for which no "real", perceivable attenuation occurs, is broadened up by the
first angle and the second angle, in the first frequency range. To this end, the first frequency
range is preferably assigned as the frequencies in which the assumed useful signal shows a
higher directionality than in the second frequency range.
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[0025] Preferably, in order to generate the second range beamformer signal, a third
attenuation value at a third angular distance from the estimated direction of is given as the at
least one spatial condition on the directional characteristic of the second range beamformer
signal. This means that one spatial condition related to the estimated DOA is imposed on the
directional characteristic of the resulting second range beamformer signal, and this spatial
condition is imposed in the form of fixing the attenuation by a respective attenuation value for a
given angle related DOA. The attenuation value then shall indicate the sensitivity of the
beamformer that forms the second range beamformer signal in the indicated angular direction.
For scaling this attenuation value, preferably no further signal processing apart from the
beamformer itself (such as frequency-dependent amplification and the like) shall be taken into
account, in order to have only the spatial characteristics of the beamformer as variables. In
particular, the third angular distance may be set to zero such that the third angle coincides with
the estimated DOA.

[0026] Advantageously, the third attenuation value is set such that in a third angular range
given from -2° to 2° with respect to the estimated direction of arrival, there exists a third angle
with an attenuation of less than 0.5 dB. This means in particular: the spatial condition may be
set by giving the third angle a3 in the range of [-2°, 2°] with respect to the DOA, and setting the
attenuation value a3 at the third angle a3 in an interval [0 dB, 0.5 dB], e.g., a3 = 0 dB.

[0027] Also, there are alternative and equivalent ways of formulating this spatial condition,
leading to the same result of having at least one angle a3e [-2°, 2°] (with respect to the DOA)
where the attenuation is given by a value a3 € [0 dB, 0.5 dB]. Technically, this condition may be
used to set the attenuation, preferably close to 0 dB, for the DOA itself. To this end, the second
frequency range is preferably assigned as the frequencies in which the assumed useful signal
shows a lower directionality than in the first frequency range. Then, for the DOA itself and also
for a small angular range about the DOA, there will still be no perceivable attenuation, while
said angular range for which no "real”, perceivable attenuation occurs, is broadened up by due
to the reltively low directivity of the sound in the second frequency range.

[0028] In an embodiment, the first frequency range and the second frequency range are
assigned in dependence of the estimated DOA. With the two local units, a binaural hearing aid
defines a non-isotropic a-priori-structure on the surrounding acoustic space. The two local
units, when worn by a user at his ears, together with shadowing effects of the head of the user,
define a frontal direction of preference, as well as lateral directions. In real situations, the
directionality patterns of acoustic signals impinging on the binaural hearing aid may vary
largely in frequency in dependence of the DOA with respect to the frontal direction of the
binaural hearing aid. For a well-defined useful sound signal with a DOA in some angular range
of up to +/- 45° or even +/- 60° about the frontal direction, typically the directionality is more
pronounced in frequency ranges above 1500 Hz, while below this frequency, the directionality
of the sound is less strong.

[0029] This means that a small deviation of 5-10° from an estimated DOA in a noise reduction
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beamformer due to estimation errors may lead to audible distortions in the output signal in the
upper frequency range, while in the lower frequency range, such deviations might hardly have
any perceivable consequences on the binaurally noice-reduced output. However, this relation
gets inverted for fully lateral signals and signals from a lateral direction up to +-15° (i.e.,
angles above 75° with respect to the frontal direction), where the head shadowing effects lead
to a high directionality in low frequency ranges up to 500 Hz, and less developed directionality
of the sound signals above this frequency range. Obviously, the transitions between the given
angle and frequency ranges are smooth, and may in particular vary in dependence of the
individual users head and ears' anatomy. Assigning the bandwidth and frequency location of
both the first frequency range - the one with a higher direction-sensitive treatment - and the
second frequency range - with a more direction-robust treatment - in dependence of an
estimated DOA allows for taking into account these effects.

[0030] Preferably, for the direction of arrival being estimated in an angular range from a
negative aperture angle to a positive aperture angle, each of which are defined with respect to
a frontal direction that is defined by the positions of the first local unit and the second local unit,
a first crossover frequency is assigned, the first frequency range is assigned as the frequency
range above the first crossover frequency and the second frequency range is assigned as the
frequency range below the first crossover frequency. This allows for an easy implementation
that respects the observed directionality effects explained above. Preferably, the negative
aperture angle is chosen from an angular range of [-85°, -65°], and the positive aperture angle
is chosen from an angular range of [65°, 85°].

[0031] In an embodiment, the first crossover frequency is assigned as a frequency between
250 kHz and 2 kHz, preferably between 1 Hz and 2 kHz. This takes into account both the
frequency range in which directional effects may start for essentially frontal useful sound
signals and the possible variations of the frequencies due to the individual anatomy of the user.

[0032] Preferably, for the direction of arrival being estimated in an angular range of twice the
complementary angle to the positive aperture angle around a lateral direction defined by the
positions of the first local unit and the second local unit, a second crossover frequency is
assigned, the first frequency range is assigned as the frequency range below the second
crossover frequency and the second frequency range is assigned as the frequency range
above the second crossover frequency. This means that if the positive aperture angle is given
by B, then if the DOA is estimated in an angular range of 90° +/- |90°-B| or in an angular range
of -90° +/|90°-B|, then a second crossover frequency is assigned, and the useful signal is taken
to be a lateral signal such that the first frequency range is assigned to be below the second
crossover frequency, while the second frequency range is assigned to be above the second
crossover frequency. This allows for an easy implementation that respects the observed
directionality effects explained above.

[0033] In an embodiment, the second crossover frequency is assigned as a frequency
between 250 Hz and 2 kHz, preferably between 250 Hz and 1 kHz. This takes into account
both the frequency range in which directional effects may start for essentially frontal useful
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sound signals and the possible variations of the frequencies due to the individual anatomy of
the user.

[0034] According to the invention, in the first local unit, a first local front signal is generated
from the environment sound by a first front input transducer, and a first local rear signal is
generated from the environment sound by a first rear input transducer, and in the second local
unit, a second local front signal is generated from the environment sound by a second front
input transducer, and a second local rear signal is generated from the environment sound by a
second rear input transducer. The first main signal then is generated from the first local front
signal and the first local rear signal, and the second main signal is generated from the second
local front signal and the second local rear signal, wherein the first auxiliary signal is generated
either from the first local front signal or the first local rear signal. This allows for a local pre-
processing of the sound signal at each local unit.

[0035] The first main signal and the second main signal each may be designed a local
beamformer signal to have an increased sensitivity in the frontal hemisphere, assuming that
sound from the back hemisphere of the user is likely to be noise. This simplifies the noise
reduction, as the SNR to start with may already be improved in the two main signals, compared
to the underlying input signals. In the process of generating the first and second main signal,
additional pre-processing such as frequency dependent compression and/or volume
adjustment may be performed on each of the input signals used.

[0036] In an embodiment, in the first local unit a first spatial reference signal is generated from
the first local front signal or the first main signal, wherein in the first frequency rage range, a
first coherence parameter of the first range beamformer signal and the first spatial reference
signal is calculated, and a first mixing parameter is derived from the first coherence parameter,
wherein a first range output signal is generated by mixing the the first range beamformer signal
and the first spatial reference signal according to the first mixing parameter, and wherein the
first local output signal in the first frequency range is generated from the a first range output
signal. This helps to restore the binaural cues in the first frequency range. Preferably, a similar
signal processing is performed in the second local unit.

[0037] In an embodiment, in the first local unit a second spatial reference signal is generated
from the first local front signal or the first main signal, wherein in the second frequency rage
range, a second coherence parameter of the second range beamformer signal and the second
spatial reference signal is calculated, and a second mixing parameter is derived from the
second coherence parameter, wherein a second range output signal is generated by mixing
the the second range beamformer signal and the second spatial reference signal according to
the second mixing parameter, and wherein the first local output signal in the second frequency
range is generated from the a second range output signal. This helps to restore the binaural
cues in the second frequency range. Preferably, a similar signal processing is performed in the
second local unit.

[0038] The first and/or the second coherence parameter preferably is taken as the complex
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coherence function. For a relatively high coherence, the magnitude of the first/second range
output signal can be taken with a higher contribution of the magnitude of the first/second
spatial reference signal, as the degree of noise reduction is likely to be close to the degree of
noise reduction in the respective beamformer signal. For a lower degree of coherence, the
beamformer output most likely achieves a better noise reduction than the spatial reference
signal, so the first/second range output signal may contain a higher contribution from the
respective beamformer signal for a better noise reduction. The phase for the first/second
range output signal may be taken as the phase of either the respective spatial reference signal
or the beamformer signal. If the absolute value of the phase of the complex coherence function
is small, the beamformer signal does preserve the spatial cues of the spatial reference signal
very well, so the phase of the beamformer signal may be taken. If the absolute value of the
phase of the complex coherence function is above a given tthreshold, the phase of the spatial
reference signal may be taken.

[0039] In an embodiment, the first range beamformer signal is generated from the first main
signal, the first auxiliary signal and the second main signal via a linear constraint minimum
variance beamformer, and/or the second range beamformer signal is generated from the first
main signal and the second main signal via a minimum variance distortionless response
beamformer. These methods have proved to be particularly easy to implement and lead to
very DOA-error robust output signals.

[0040] Another aspect of the invention is given by a binaural hearing aid, comprising a first
local unit with at least a first input transducer for converting environment sound into at least
one first input signal, and a second local unit with at least a second input transducer for
converting the environment sound into at least one second input signal, and a signal
processing unit configured to perform the method described above. The advantages of the
proposed method for noise reduction in a binaural hearing aid and for its preferred
embodiments can be transferred to the binaural hearing aid itself in a straight forward manner.

[0041] The attributes and properties as well as the advantages of the invention which have
been described above are now illustrated with help of a drawing of an embodiment example. In
detail,

figure 1
shows a schematic block diagram of a binaural hearing aid with two local units
performing a DOA-robust noise reduction with beamforming,

figure 2
shows, in a schematical top view, two angular conditions for a beamformer signal in the
first frequency range of the binaural hearing aid of figure 1, and

figure 3
shows, in a schematical top view, one angular condition for a beamformer signal in the
second frequency range of the binaural hearing aid of figure 1.
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[0042] Parts and variables corresponding to one another are provided with in each case the
same reference numerals in all figures.

[0043] Figure 1 shows a schematic block diagram of a first local unit 1 and a second local unit
2, both of which form part of a binaural hearing aid 4. The first local unit 1 is to be worn by a
user of the binaural hearing aid 4 at his left ear, while the second local unit 2 is to be worn by
the user at his right ear in this embodiment. Different embodiments, where the user of the
binaural hearing aid 4 is wearing the first local unit 1 at his right ear are possible. The first local
unit 1 comprises a first front input transducer 6 and a first rear input transducer 8, both of
which in the present embodiment are given by the respective microphones. The first front input
transducer 6 generates a first local front signal 10 from an environment sound 12. The first
rear input transducer 8 generates a first local rear signal 14 from the environment sound 12. A
first local beamformer 16 generates a first main signal 18 from the first local front signal, 10,
and the first local rear signal 14 by local beamforming techniques such as sum-and-delay
methods, and possibly local pre-processing. In this sense, the first main signal 18, as being a
beamforming signal, may already enhance a component of a useful signal 20 in the
environment sound 12 compared to the noise components contained in the environment sound
12.

[0044] In a similar way, a second front input transducer 22 generates a second local front
signal 24 from the environment sound 12, while a second rear input transducer 26 generates a
second local rear signal 28 from the environment sound 12. Both the second front input
transducer 22 and the second rear input transducer 26 are located in the second local unit 2,
and may be given by respective microphones for the present embodiment. A second local
beamformer 30 generates a second main signal 32 from the second local front signal 24, and
the second local rear signal 28 by beamforming techniques similar to the ones used in the first
local beamforming 16 of the first local unit 1.

[0045] As the first local unit 1 and the second local unit 2 are worn by the user of the binaural
hearing aid 4 at his left and his right ear, respectively, they define a frontal direction 34 of the
acoustic scene, via the symmetry of the first local unit 1 and the second local unit 2. The useful
signal 20 in the environment sound 12, which for example, may be given by a speech signal
from a speaker talking to the user of the binaural hearing aid 4, has a source 36, that is, the
location of the speaker, forming an angle alpha with respect to the frontal direction 34. The
angle alpha then is the DOA for the useful signal 20 with respect to the frontal direction 34.
Now, for performing a noise reduction using the first local front signal 10, the first local rear
signal 14, the second local front signal 24, and the second local rear signal 28, by
beamforming techniques, first of all, the DOA of the useful signal 20, i. e. its angle alpha, is
estimated. This may be done by a method known in the art, for example by taking interaural
level and/or phase differences that may be inferred from the first and second local front and
rear signals 10, 14, 24, 28. Assuming that the DOA alpha of the useful signal 20 is no more
than 75° with respect to the frontal direction 34, a first frequency range 40 is assigned such
that the first frequency range 40 contains all the frequencies above 1.5 kHz that are treated by
the binaural hearing aid 4. Likewise, a second frequency range 42 is assigned as the
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frequency range from 0 to 1.5 kHz. In the first local unit 1, a first range beamformer signal 44 is
generated in a way yet to be described, from the first main signal 18, the second main signal
32 and the first local rear signal 14 as a first auxiliary signal. Furthermore, in the first local unit
1 for the second frequency range 42, a second range beamformer signal 46 is generated in a
way yet to be described from the first main signal 18 and the second main signal. 32.

[0046] The first range beamformer signal, 44, and the second range beamformer signal 46 of
the local unit one are then combined together and possibly treated with some further signal
processing 48, such as frequency-dependent amplification for correcting a hearing impairment
of the user of the binaural hearing aid 4, leading to a first local output signal 50, which is
converted into a first output sound 52 by a first output transducer 54 of the first local unit. In an
equivalent way, a second local output signal 56 may be derived from the first main signal 18,
the second main signal 32 and the second local rear signal 28, as a second auxiliary signal,
using equivalent signal processing steps in the first frequency range 40 and the second
frequency range 42 as the ones shown for the local unit 1. For the sake of simplicity, however,
these steps are permitted in the drawing of figure 1.

[0047] Figure 2 shows, in a schematical top view, how to set spatial conditions on the first
range beamformer signal of figure 1. In an acoustic scene with a user 60 of the binaural
hearing aid 4, as shown in figure 1, in the center, a useful signal 20 has an estimated DOA of
alpha with respect to the frontal direction 34. The source 36 of the useful signal 20 shall be
given by a speaker with which the user 60 is holding a conversation. Due to small head
movements of the user 60 during conversation as typical gestures, but also possibly due to
small estimation errors due to a noisy background of the acoustic scene, the estimated DOA
alpha may not be perfectly aligned with the "true" DOA. Therefore, the first range beam former
signal 44 is constructed by imposing certain spatial conditions onto its resulting directional
characteristics such that in the first frequency range of figure 1, i.e., for frequencies = 1.5 kHz,
a higher robustness against small or moderate deviations in the estimated DOA from its true
value is achieved.

[0048] To this end, a first angle a1 = a + 5° and a second angle a2 = a - 5° are set with respect
to the DOA qa, at which the attenuation is fixed to be 0 dB, i.e., the resulting first range
beamformer signal derived from the first main signal 18, the second main signal 32 and the
first auxiliary signal 14 (given by the first local rear signal) does not show any attenuation of an
incoming signal in the first frequency range 2 1.5 kHz at the first angle a1 and at the second
angle a2 = a - 5°. Thus, small head movements or also estimation errors for the DOA will likely
stay in this range of +/- 5° about the estimated DOA. By construction, for directed sound with a
DOA between a1 and a2, any attenuation that may occur in the first frequency range will be
negligible, while sound coming from significantly outside of the cone spaned by a1 and a2 will
be treated as noise and will get attenuated. The first range beamformer signal may be
constructed from the first main signal 18, the second main signal 32 and the first auxiliary
signal 14 by a linear constraint minimum variance beamformer.

[0049] Figure 3 shows, in a schematical top view, how to set the spatial conditions on the
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second range beamformer signal of figure 1. For a true DOA in a range of +/- 75° with respect
to the frontal direction 34, and assuming only a small or moderate deviation in the estimated
DOA from its true value, e.g., up to some +/- 5°, the directionality of a useful signal 20 in the
second frequency range is less established, so the robustness can be achieved by taking the
estimated DOA as the reference value for the spatial condition, i.e., setting a third angle a3 = q,
and imposing that no attenuation shall occur at a3 in the resulting second range beamformer
signal. The consequences of small head movements or estimation errors for the DOA are
negligible by construction in the second frequency range, as the useful sound is less directed
there. The second range beamformer signal may be constructed from the first main signal 18
and the second main signal 32 via a minimum variance distortionless response beamformer.

[0050] In case that the estimated DOA is close to a lateral direction, i.e., a € [ +/- 90°-15°, +/-
90° + 15°], then the first frequency range is preferably set as the frequencies below 500 Hz,
while the second frequency range is preferably set as the frequencies above 500 Hz. The
process as shown in the figures 1 to 3 can then be applied equivalently.

[0051] Even though the invention has been illustrated and described in detail with help of a
preferred embodiment example, the invention is not restricted by this example.

[0052] The scope of the invention is defined by the appendent claims.

Reference numeral

[0053]

1
first local unit

2
second local unit
4
binaural hearing aid
6
first front input transducer
8
first rear input transducer
10
first local front signal
12
environment sound
14
first local rear signal
16

first local beamformer



18

first main signal
20

useful signal
22

second front input transducer
24

second local front transducer
26

second rear input signal
28

second rear input signal
30

second local beamformer
32

second main signal
34

frontal direction
36

source (of useful signal)
40

first frequency range
42

second frequency range
44

first range beamformer signal
46

second range beamformer signal
48

signal processing
50

first local output signal
52

first output sound
54

first output transducer
56

second local output signal
58

user
a

DOA
al, a2, a3

first/second/third angle
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PATENTKRAV

1. Fremgangsmade til straleformning i et binauralt h@reapparat (4), hvilket bi-
naurale hereapparat (4) omfatter en farste lokal enhed (1) og en anden lokal en-

hed (2), hvorved fremgangsmaden omfatter de falgende trin:

- generering, i den farste lokale enhed (1), af et farste lokalt frontsignal
(10) fra en omgivelseslyd (12) ved hjeelp af en ferste inputtransducer
(6), og et forste lokalt bageste signal (14) fra omgivelseslyden (12)
ved hjeelp af en ferste bageste inputtransducer (8),

- generering, i den farste lokale enhed (1), af et ferste hovedsignal (18)
ud fra det farste lokale frontsignal (10) og det ferste lokale bageste
signal (14), og et farste hjeelpesignal (14), enten fra det farste lokale
frontsignal (10) eller fra det ferste lokale bageste signal (14),

- generering, i den anden lokale enhed (2), af et andet lokalt frontsignal
(24) ud fra omgivelseslyden (12) ved hjeelp af en anden forreste in-
puttransducer (22) og et andet lokalt bageste signal (28) fra omgivel-
seslyden (12) ved hjeelp af en anden bageste inputtransducer (26),

- generering, i den anden lokale enhed (2), af et andet hovedsignal (32)
fra det andet lokale frontsignal (24) og det andet lokale bageste signal
(28),

- estimering af en ankomstretning for et nyttelydsignal (20) i omgivel-
seslyden (12),

- tilordning af et farste frekvensomrade (40) og et andet frekvensom-
rade (42),

- generering af et farste straleformersignal (44) i det farste frekvens-
omrade (40) ud fra det ferste hovedsignal (18), det farste hjeelpesig-
nal (14) og det andet hovedsignal (32) ved tilvejebringelse af mindst
én rumlig betingelse, som er relateret til den estimerede ankomstret-
ning (a) for retningskarakteristikken for det ferste omrade-stralefor-
mersignal (44),

- generering af et andet omrade-straleformersignal (46) i det andet fre-

kvensomrade (42) ud fra det ferste hovedsignal (18) og det andet
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2

hovedsignal (32) ved at tilvejebringe mindst én rumlig betingelse, som
er relateret til den estimerede ankomstretning (a) for det andet om-
rade-straleformersignal (46), og
- afledning af et farste lokalt outputsignal (50) fra det ferste omrade-
5 straleformersignal (44) og det andet omrade-straleformersignal (46),
hvorved det farste outputsignal (52) omseettes til en farste outputlyd
(52) ved hjeelp af en farste outputtransducer (54) i den ferste lokale
enhed (1).

10 2. Fremgangsmade ifglge krav 1,

hvorved, med henblik pa generering af det ferste omrade-straleformer-
signal (44), en ferste deempningsveerdi i en fgrste vinkelafstand (a1) fra
den estimerede ankomstretning (a) og en anden deempningsveerdi i en
15 anden vinkelafstand (a2) fra den estimerede ankomstretning (a) er givet
som den mindst ene rumlige betingelse pa retningskarakteristikken for
det ferste omrade-formersignal (44),
hvorved henholdsvis den farste deempningsveerdi og den anden deemp-
ningsveerdi indikerer falsomheden af straleformeren, der former det for-
20 ste omrade-straleformersignal (44) i den vinkelretning, som er givet ved
den ferste vinkelafstand (a1) fra den estimerede ankomstretning (a) og
af den anden vinkelafstand (a2), henholdsvis fra den estimerede an-

komstretning (a).

25 3. Fremgangsmade ifalge krav 2,
hvorved den farste deempningsvaerdi og den anden deempningsveerdi er indstillet

saledes, at

- deri et forste vinkelomrade fra 3° til 10° i forhold til den estimerede
30 ankomstretning (o) eksisterer en farste vinkel (a1) med en deempning

pa mindre end 0,5 dB, og
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3

- der i et andet vinkelomrade fra -3° til -10° i forhold til den estimerede
ankomstretning (a), eksisterer en anden vinkel (a2) med en daemp-

ning pa mindre end 0,5 dB.

4. Fremgangsmade ifglge et af de foregaende krav,

hvorved, med henblik pa at generere det andet omrade-straleformersig-
nal (46), en tredje deempningsveaerdi i en tredje vinkelafstand (a3) fra den
estimerede ankomstretning (a) er givet som den mindst ene rumlige be-
tingelse pa retningskarakteristikken for det andet omrade-straleformer-
signal (46),

hvorved den tredje deempningsvaerdi indikerer falsomheden af stralefor-
merne, der danner det andet omrade-straleformersignal (46) i den vinkel-
retning, som er givet ved den tredje vinkelafstand (a3) fra den estimerede

ankomstretning (o).

5. Fremgangsmade ifalge krav 4,
hvorved den tredje deempningsveerdi er indstillet saledes, at, i et tredje vinkelom-
rade fra -2° til 2° i forhold til den estimerede ankomstretning (a), der eksisterer en

tredje vinkel (a) med en deempning, som er mindre end 0,5 dB.

6. Fremgangsmade ifglge et af de foregaende krav,
hvorved det farste frekvensomrade (44) og det andet frekvensomrade (46) er til-

ordnet i afhaengighed af den estimerede ankomstretning (a).

7. Fremgangsmade ifalge krav 6,

hvorved ankomstretningen (a) estimeres i et vinkelinterval fra en negativ abnings-
vinkel til en positiv abningsvinkel, og som hver for sig er defineret i forhold til en
frontal retning (34), der er defineret af positionerne for den ferste lokale enhed

(1) og den anden lokale enhed (2),

- en farste crossover-frekvens tilordnes,
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4

- det ferste frekvensomrade (40) tilordnes som frekvensomradet over den
ferste crossover-frekvens, og
- det andet frekvensomrade (42) tilordnes som frekvensomradet under den

forste crossover-frekvens.

8. Fremgangsmade ifalge krav 7, hvorved den ferste crossover-frekvens er be-

stemt som en frekvens mellem 250 Hz og 2 kHz.

9. Fremgangsmade ifalge et af kravene 7 eller 8,

hvorved, i tilfeelde af at ankomstretningen (a) estimeres i et vinkelomrade pa to
gange den komplementaere vinkel til den positive abningsvinkel omkring en late-
ral retning, der er defineret ved positionen for den farste lokale enhed (1) og den

anden lokale enhed (2),

- en anden crossover-frekvens tilordnes,

- det farste frekvensomrade (40) tilordnes som frekvensomradet under den
anden crossover-frekvens, og

- det andet frekvensomrade (42) tilordnes som frekvensomradet over den

anden crossover-frekvens.

10. Fremgangsmade ifalge krav 9,
hvorved den anden crossover-frekvens tilordnes som en frekvens mellem 250 Hz
og 2 kHz.

11. Fremgangsmade ifglge et af kravene 7 til 9,
hvorved den negative abningsvinkel veelges fra et vinkelomrade [-85°, -65°], og
den positive abningsvinkel veelges fra et vinkelomrade [65°, 85°], i forhold til fron-

talretningen (34).

12. Fremgangsmade ifalge et af de foregaende krav,
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5

hvorved, i den fagrste lokale enhed (1), et farste rumligt referencesignal
genereres ud fra det farste lokale frontsignal (10) | det ferste hovedsignal
(18),

hvorved, i det farste frekvensomrade (40), en ferste kohaerensparameter
i det ferste omrade-straleformersignal (44) og det farste referencesignal
beregnes, og en ferste blandingsparameter afledes af den farste kohae-
rensparameter, hvorved et ferste omrade-outputsignal genereres ved
blanding af det ferste omrade-straleformersignal (44) og det farste rum-
lige referencesignal ifglge den farste blandingsparameter, og

hvorved det ferste lokale outputsignal (50) i det ferste frekvensomrade

(40) genereres ud fra det ferste omrade-outputsignal.

13. Fremgangsmade ifalge et af de foregaende krav,

hvorved, i den ferste lokale enhed (1), et andet rumligt referencesignal
genereres ud fra det farste lokale frontsignal (10) eller det fgrste hoved-
signal (18),

hvorved, i det andet frekvensomrade (42), en anden kohaerensparameter
i det andet omrade-straleformersignal (46) og det andet rumlige referen-
cesignal beregnes, og en anden blandingsparameter afledes fra den an-
den kohaerensparameter,

hvorved et andet omrade-outputsignal genereres ved blanding af det an-
det omrade-straleformersignal (46) og det andet rumlige referencesignal
ifealge den anden blandingsparameter, og

hvorved det farste lokale outputsignal (50) i det andet frekvensomrade

(42) genereres ud fra det andet omrade-outputsignal.

14. Fremgangsmade ifalge et af de foregaende krav,

hvorved det ferste omrade-straleformersignal (44) genereres ud fra det farste
hovedsignal (18), det farste hjeelpesignal (14) og det andet hovedsignal (32) via
en linear-constraint-minimum-variance straleformer, og det andet omrade-strale-
formersignal (46) genereres ud fra det ferste hovedsignal (18) og det andet ho-

vedsignal (32) via en minimum-variance-distortionless-response straleformer.
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15. Binauralt hgreapparat (4), omfattende en ferste lokal enhed (1) med mindst
en farste inputtransducer (6, 8) til konvertering af omgivelseslyd (12) til mindst
eet farste inputsignal (10, 14), og en anden lokal enhed (2) med mindst en anden
inputtransducer (22, 26) til konvertering af omgivelseslyden (12) til mindst eet
andet inputsignal (24, 28) samt en signalbehandlingsenhed, hvorved signalbe-
handlingsenheden sammen med den farste lokale enhed og den anden lokale

enhed konfigureres til at udfere fremgangsmaden ifelge et af de foregaende krav.
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Fig. 3
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