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DESCRIPTION

[0001] The Invention Is related to a method for enhancing a signal directionality in a hearing
Instrument, the method comprising the steps of: generating a first input signal by means of a
first iInput transducer of the hearing instrument and a second input signal by means of a
second Input transducer of the hearing instrument, the second input transducer being spaced
apart from the first input transducer, deriving a first directional signal from the first input signal
and the second Input signal, deriving a second directional signal from the second input signal
and the first input signal, and deriving an angle-enhanced signal from the first directional signal
and the second directional signal.

[0002] Hearing impaired listeners face challenges in understanding the target speakers In
complex noisy environments with directional interfering speakers and diffuse-like background
noise. Hearing aids with microphone arrays have been introduced as a promising solution In
order to achieve a design with directionally sensitive responses that selectively preserve or
attenuate sources based on their directions of arrivals.

[0003] In order to improve the desired speech-to-noise ratio, as a first approach a non-
adaptive first-order Differential Microphone Array (DMA) I1s known. Assuming the availability of
two closely-spaced microphones, a delayed version of the second microphone input signal is
subtracted from the first microphone input signal to produce the DMA output. In DMA, a fixed
time delay 1s used. This time delay depends on the distance between the microphones and the
speed of sound In free field environment (approx. 343 m/s). The time delay plays an important
role in determining the direction of nulls in the back hemisphere, taking the first microphone's
position as a reference for the frontal direction.

[0004] In order to cancel the interfering signal from different directions, there a need to adjust
either the runtime difference distance between the available microphones. As the distance is
typically fixed, the parameter to be adjusted is the delay, leading to an Adaptive Differential

Microphone Array (ADMA).

[0005] In real life situations, there a need to adjust the time delay in order to adaptively adjust
the direction of the null in the back hemisphere and to cancel the interference signals from
different desired directions. Therefore, the non-adaptive DMA Is not suitable in real life
situations under non-stationary conditions. As a result, an Adaptive Differential Microphone
Array (ADMA) with an adaptive adjustment of the delay between the two microphones' input
signals has been introduced. The ADMA has a distortionless response at O degree, 1.e., In the
axis direction from the second to the first microphone. However, it may lead to a distorted

response, e.g. In terms of attenuation or even phase distortion, If the target signal comes from
other directions.

[0006] In US 2003 /0 231 773 A1, a hearing device Is disclosed with help of which a user may
maintain a conversation with a speaker whose position may be changing and, in particular,
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may not be frontal with respect to the user. This Is done by employing an adjustable transfer
function from the speaker to the hearing device, wherein the transfer function i1s adjusted In
dependence of a reference position which 1s recognized by a speaker recognition method or by
emission of a reference signal emitted from a user unit carried by the speaker.

[0007] It 1s therefore an object of the invention to provide a method for enhancing a signal
directionality, 1.e., speech Intelligibility and signal-to-noise ratio (SNR) In a desired, especially
non-frontal direction In a hearing instrument without generating additional target or phase
distortion.

[0008] According to the Iinvention, this object iIs achieved by a method for enhancing a signal
directionality in a hearing instrument, as defined in claim 1.

[0009] Embodiments of particular advantage and inventiveness on their own are explained In
the dependent claims and in the following description.

[0010] In particular, the notion of a signal directionality shall comprise a signal's sensivity with
respect to a change of a direction of a sound source, e.g., the possibility to focus the signal's
response onto a given test sound source at a desired angle, and the degree of said focus,
which are measurable In terms of SNR or SNR improvement for a given test sound level from
the desired angle and a given background noise level. In this sense, enhancing a signal
directionality shall comprise an improvement in these terms, 1.e., an SNR improvement for a
given situation.

[0011] The term of a hearing Iinstrument shall comprise any kind of instrument configured and
adapted to receive an environment sound and output any form of processed sound
corresponding to the environment sound, wherein the processing can be directed at any form
of enhancement of the environment sound's properties or some of its signal components. In
this sense, the hearing instrument In particular can be given a hearing aid configured to
compensate for a person’'s hearing loss, but also by other types of instruments, especially used
IN communication technology.

[0012] The notion of an Input transducer shall comprise any device configured and adapted to
convert an environment sound into an electrical signal using some physical effect, e.g., a
microphone. In particular, the first and the second input transducer each can be given by an
omnidirectional microphone. The first input signal in this sense can be directly given by the
electrical signal generated by the first input transducer from the environment sound, or may be
given by said generated electrical signal to which a pre-processing has been applied to, e.g., In
terms of digitalization and/or dynamical range compression and/or pre-amplification and the
like. The same definitions and reasonings may apply to the second input signal. The first input
transducer iIs to be understood as spaced apart from the second Iinput transducer whenever
there Is an acoustical runtime difference between the two transducers which 1s above the
minimum time resolution of the hearing instrument. Preferably, the two input transducers are
disposed In one common housing of the hearing instrument or of one of the hearing
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Instrument's components.

[0013] The first and/or the second target angle in particular may be provided by means of the
first input signal and/or the second input signal, e.g., by some sound source direction
estimation process which employs the first and/or the second input signal or at least one signal
derived there from as an input for the estimation. Likewise, the first and/or the second target
angle may be provided adaptively from an intermediate signal of the proposed method, e.g., by
means of the first and/or the second directional signal or by means of the angle-enhanced
signal. The notion of target angle, in this context shall be understood of a preferred direction
for further signal processing, and is not necessarily restricted to the angle direction of a sound
source as a given target, but may also refer to a null direction of the respective directional
signal.

[0014] The relative transfer function from the second input transducer to the first input
transducer with respect to a given angle, such as the first target angle, is the transfer function
that has to be applied to the second input transducer’s signal - I.e., the second input signal - In
order to obtain the first input transducer's signal - 1.e., the first input signal - given the
assumption of a localized sound source at the given angle as the only signal present. In this
sense, In time domain or in time-frequency domain, the second-to-first relative transfer function
IS given by the first input transducer's transfer function with respect to first target angle divided
by the second input transducer's transfer function with respect to said first target angle. The
same definitions and reasonings, mutatis mutandis, may apply to the first-to-second relative
transfer function.

[0015] By design, the first directional signal 1s a combination, preferably a difference, of the
first input signal as generated by means of the first input transducer, and the first input signal
as It would be If there would be present only one signal source at the first target angle. In this
sense, the first directional signal can be designed as a signal with its signal contributions from
the first target angle and an angle range about the first target angle being suppressed, and the
second directional signal can be designed to have the signal contributions from an angle range
about the second target angle suppressed.

[0016] Thus, by deriving the angle-enhanced signal from the first and the second directional
signal, due to the possibility to suppress - In the ideal case, totally - contributions from the
second target angle In the second directional signal, the angle-enhanced signal may be
designed In a way that no attenuation is applied to a sound signal impinged onto the first and
the second input transducer from the second target angle, while by adjusting the first target
angle and the way of combining the first directional signal and the second directional signal -
via, €.g., a linear mixing factor for the second directional signal - the contributions from specific
noise sources may be attenuated in the angle-enhanced signal.

[0017] Preferably, the relative transfer function from the second input transducer to the first
Input transducer 1s derived as a head-related transfer function of the first input transducer
divided by a head-related transfer function of the second input transducer, and the relative
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transfer function from the first input transducer to the second input transducer is derived as the
head-related transfer function of the second input transducer divided by the head-related
transfer function of the first input transducer. To this end, the hearing instrument preferably Is
to be worn by a user at his/her head, In particular at one ear or at both ears. This may be the
case for a hearing instrument given by a monaural hearing aid or a binaural hearing aid
system, wherein the first and second Input transducer are both disposed in the monaural
hearing aid, or are each disposed In one single-side hearing device of the binaural hearing aid
system.

[0018] For the first directional signal, the relative transfer function from the second input
transducer 1s taken as the head-related transfer function of the first input transducer taken at
the first target angle, decided by the head-related transfer function of the second input
transducer, likewise taken at the first target angle. The head-related transfer function (HRTF)
of an Iinput transducer takes into account shadowing and refracting effects of the head and
even of the pinna which may affect the propagation of sound towards the transducer disposed
at a fixed position on the head, wherein the head's influence on said propagation of sound
towards the input transducer may be highly angle-dependent. Thus, for a hearing instrument
comprising a first and a second input transducer, the hearing instrument to be worn by a user
at a fixed position on his/her head, taking into account the shadowing and refraction effects
cited above helps to create a realistic angle-enhanced signal, as not only a propagating
sound’'s runtime difference and delay between the two Input transducers is take into account
for enhancing the directionality, but also the effects described above which may lead to a
deviation of a directional signal from the theoretical model, thus possibly deteriorating the
directionality of the final signal.

[0019] Preferably, the HRTF of the first input transducer and/or the HRTF of the second input
transducer is/are derived by means of an angle-dependent measurement using a head
simulator. Preferably, the head simulator also comprises a simulation of a pinna during the
measurement. The measurement may be performed by, e.g., measuring the response and/or
sensitivity of the first input transducer and of the second input transducer to a test sound signal
with a defined sound pressure level per measurement cycle, the sound source of the test
sound signal being at a fixed distance to the hearing device but with variable angle. The test
sound signal may be tuned through different sound pressure levels for a series of
measurement cycles In order to obtain a realistic HRTF for a broad range of sound
propagation dynamics. As the HRTF 1s a function of frequency when applied in frequency
domain or time-frequency domain, preferably a scan through the whole frequency range of
Interest i1s performed for a multiplicity of angular positions, giving the possibility to continuously
Interpolate the missing angular positions and/or missing frequencies If a discredited scan Is
performed.

[0020] In an embodiment, the HRTF of the first input transducer and/or the head-related
transfer function of the second Input transducer is/are derived by means of an angle-
dependent measurement on a human head. This gives the possibility to take into account the
specific anatomy of a hearing instrument's user and its consequences on the propagation of
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sound near the ear and, particularly, the pinna.

[0021] In an embodiment, In frequency-domain or in time frequency domain the first directional
signal Is derived as the first input signal subtracted by the product of the second directional
signal and the second-to-first relative transfer function with respect to the first target angle,
and/or the second directional signal is derived as the second input signal subtracted by the
product of the first directional signal and the first-to-second relative transfer function with
respect to the second target angle. In this sense, any symmetrical signal pre-processing
applied In an equivalent way to each of the signals generated directly by the first input
transducer and the second Input transducer, respectively, shall be understood to be
Incorporated In the first and the second input signal, respectively. The first and second
directional signals are the HRTF-equivalent of a cardioid signal with a null in the direction of the
first or the second target angle, respectively.

[0022] According to the invention, the angle-enhanced signal is derived by means of a sum of
the first directional signal and the product of the second directional signal and a weighting
factor. This means that the contribution from a sound source located direction of the null of the
second directional signal, 1.e., the second target angle, Is fixed by said sound source's
contribution to first directional signal. This allows for designing an angle-enhanced signal with
an optimal sensitivity in the direction of the second target angle, by optimizing the weighting
factor with respect to a proper boundary condition such as, preferably, the minimal power of
the angle-enhanced signal.

[0023] In an embodiment, the first input transducer and the second input transducer define a
preferred direction and a distribution of space into a front hemisphere and a rear hemisphere,
the first target angle is provided within the back hemisphere, and/or the second target angle is
provided within the front hemisphere. If the hearing instrument is to be worn on a user's head,
preferably the front and back hemispheres are to be chosen such that they coincide with the
corresponding spatial configuration of the user's environment with respect to his perception.
Providing the second target angle within the front hemisphere then allows for generating an
angle-enhanced signal with a particular sensitivity in the direction of the second target angle,
which may be desirable when a speaker is positioned in the front hemisphere of the user in a
non-frontal direction. The choice of the first target angle in the back hemisphere allows for
eliminating directed noise from said back hem isphere.

[0024] In an embodiment, a filtered angle-enhanced signal is derived from the angle-enhanced
signal by means of a compensation filter for obtaining a distortionless response in phase and
magnitude for a sound source In any direction Iin the front hemisphere, 1.e., for any second
target angle. Preferably, the compensation filter has a low-pass filter characteristic.
Advantageously, by construction the transfer function of the compensation filter may depend
on the second-to-first relative transfer function, especially with respect to the first target angle,
and/or on the first-to-second relative transfer function, especially with respect to the second
target angle.
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[0025] In particular, In case the first directional signal C4 and the second directional signal C,

In time-frequency-domain are given by
C1 (K, n)=Yq(kn)—=Ho(k, aq) Yo (K n),

Ca (k, n) = Yz (k,n) = Hisa(k, az) “ Y4 (k,n),
wherein k I1s a discrete frequency Iindex and n is a discrete time index, Y4 denotes the

first/second input signal, a4,» denotes the first/second target angle, and H»_,4 Is the second-to-

first relative transfer function, and the angle-enhanced signal Z is given by

Z (kn)=Cyq (kn)=A(kn) Cs(kn)

with the weighting factor A (k,n), then a low-pass filter may be applied as

Z (K,n)=2Z (Kn)/[1—Hz,1(K, a1) Hi2(K, az) + U]

In order to obtain the filtered angle-enhanced signal Z' (k,n). Here, u 1s a positive regularization
constant preferably taken as small as possible.

[0026] In an embodiment, the first input signal and the second signal are provided by the first
Input transducer and the second input transducer, respectively, of a monaural hearing aid. The
proposed method is of particular advantage in a monaural hearing aid as hearing instrument,
since directional signal processing such as noise reduction and speech enhancement are key
techniques In order to improve a hearing perception for a hearing impaired user of a hearing
ald. Furthermore, due to the small distance between the input transducers in monaural hearing
alds, directional signal processing and beam forming techniques are particularly challenging.

[0027] In an alternative embodiment, the first input signal and the second signal are provided
by the first input transducer and the second input transducer, respectively, of a first single-side
hearing device of a binaural hearing aid system, and the angle-enhanced signal or the filtered
angle-enhanced signal of the first single-side hearing device Is used with a signal of a second
single-side hearing device of the binaural hearing device for providing a binaural beamformer
signal. Preferably, also the signal of the second single-side hearing device Is an angle-
enhanced signal or a filtered angle-enhanced signal obtained according to the proposed
method. In particular, this means that the proposed method I1s employed as a monaural pre-
processing step for a binaural beamforming step In a binaural hearing aid, e.g., for a
constraint-based binaural beamforming or for a binaural beamforming by weighted sums of the
monaurally pre-processed signals of each single-side hearing device. This pre-processing step
takes Into account that even In binaural beam forming, there typically exists a preferred
forward direction and a need for eliminating noise from the back hemisphere, which can be
treated monaurally. Furthermore, all signal processing done monaurally does not require data
transmission between the single-side hearing devices of the binaural hearing aid system, thus
helping to reduce the latency due to saved transmission protocol time and to save battery
power.

[0028] The invention further provides a hearing instrument, said hearing instrument comprising
a first input transducer and a second input transducer for providing a first input signal and a
second Input signal, respectively, from a sound signal of an environment, and a signal
processing unit configured to perform the method described above. The advantages of the
proposed method for enhancing a signal directionality in a hearing instrument and for its
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preferred embodiments can be transferred to the hearing instrument itself in a straight forward
manner. The hearing instrument in particular may be configured as a monaural hearing aid, or
as a single-side hearing device of a binaural hearing aid system.

[0029] 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 schematically top view of a hearing instrument worn by a user in a situation with
a target sound source and an unwanted interference, and

figure 2
shows a schematically flow chart for generating an angle-enhanced signal in the
situation of figure 1.

[0030] Parts and variables corresponding to one another are provided with the same reference
numerals in each case of occurrence for all figures.

[0031] Figure 1 schematically shows a top view of a hearing instrument embodied by a
monaural hearing aid 1 which is worn on the left ear 2 of a user 4. The hearing aid 1 In this
case IS given by a "behind-the-ear’-instrument, comprising a first input transducer 6 and a
second input transducer in the hearing aid body 10 which is worn by the user 4 above and
behind his left ear 2. The first input transducer 6 and the second input transducer 8 define a
direction of preference 12, i1.e., the frontal direction of the user 4. In particular, the direction of
preference 12 establishes a front hem isphere 14 and a back hem isphere 16 of the user 4.

[0032] Normally, in order to produce a directional signal a forward cardioid signal 18 (pointed
ine) essentially covering the front hemisphere 14 and a backward cardioid signal 20 (pointed
ine) essentially covering the back hemisphere 16 are derived by time-delayed subtractions of
the signals of the first and second input transducer 6, 8 (in time domain), or by subtraction of a
phase-shifted signal (in frequency or time-frequency domain).

[0033] In order to achieve directional signals with null directions off the direction of preference
12, at least the delay (in time domain) or the phase (in frequency or time-frequency domain)
has to be varied. Due to the presence of the head 22 of the user 4, however, said variation
must also take into account the shadowing and refraction effects of the head 22. This leads to
the use of the relative transfer function.

[0034] Assuming a situation In which an unwanted interference 24 of directed sound, as e.g.,
some directed noise source or a speaker of another conversation, Is present in the back
hemisphere 16 at a first target angle a4, and a target sound source 26, e.g. a speaker

speaking to the user 4, is given at a second target angle a, in the front hemisphere 14, one
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may design an angle-enhanced signal from the signals generated by the first and second input
transducer 6, 8 such that the sensitivity in the direction of the target sound source 26, 1.e., In
the direction given by as I1Is maximal, while there Is a maximal attenuation and thus a minimal

sensitivity in the direction of the interference 24.

[0035] To this end, a first directional signal C1 and a second directional signal C, (represented
by their directionality characteristics, displayed as dashed line for C4 and solid line for C») are
derived In a way still to be described. The first directional signal C4 has its maximum
attenuation in the direction of the interference 24, while the second directional signal C» has its

maximal attenuation in direction of the target sound source 26.

[0036] This behavior for the first directional signal C4 can be achieved by subtracting from a

first input signal generated by the first input transducer - possibly after some pre-processing - a
second input signal generated by the second input transducer - after equivalent pre-processing
- the second input signal being filtered, 1.e., In time or time frequency domain multiplied with the
relative transfer function from the second input transducer 8 to the first input transducer 6 with
respect to the first target angle a4. Applying said relative transfer function onto the second

Input signal generated by means of the second input transducer 8 Is the signal that would be
obtained at the first input transducer 6 if the noise from the interference 24 would be the only
sound present. Thus, subtracting this signal from the true signal generated by means of the
first input transducer 6 yields a notch in the back hemisphere. The relative transfer function is
derived as a fraction of the HRTFs of the two Input transducers 6, 8, thus taking into account
the shadowing and refracting effects cited above.

[0037] Figure 2 schematically shows a flow chart of a method for enhancing the directionality
of a signal of the hearing aid displayed in figure 1. The first input transducer 6 generates a first
Input signal Y4, the second input transducer 8 generates a second input signal Y,. Any type of

pre-processing such as pre-amplification, digitalization or the like which 1s applied In an
equivalent manner to each of the raw signals generated by the first input transducer 6 and the
second Input transducer 8 shall be incorporated into the first input signal Y, and the second

iInput signal Y,, respectively.

[0038] From the first input signal Y4 and the second input signal Y», a first directional signal C-
IS generated by applying to the second input signal Y, the relative transfer function from the
second input transducer 8 to the first input transducer 6 with respect to the first target angle aq,
and subtracting the resulting signal from the first input signal Y4. In time-frequency domain with

discrete frequency and time indices k and n, respectively, this can be written as
C1(k, n)=Yq(kn)—=Has(k, aq) Ya(kn),
with Ho_,1 (K, aq) denoting the mentioned relative transfer function with respect to the first

target angle a4. Likewise, the second directional signal C5 Is given by
Co (K, n)=Ys (k,n) —_ .H"]_}Q(k, A2) * Y+ (k,ﬂ),
wherein Hq_,» IS the relative transfer function from the first input transducer 6 to the second
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Input transducer 8 with respect to the second target angle a,. Then, an angle-enhanced signal

Z can be derived as

Z(kn)=Cq(kn)=AKkn)  Co(k,n)

with a weighting factor A (k,n) chosen such that the total power of Z (k,n) 1s minimal. Applying a
low-pass filter 28 to the angle-enhanced function Z may lead to a filtered angle-enhanced
signal Z' . The filtered angle-enhanced signal Z' or the angle-enhanced signal Z may be used

for further processing in the hearing aid 1, in particular for generating an output signal to be
presented to the hearing of the user 4.

[0039] Even though the Invention has been illustrated and described in detaill with help of a
preferred embodiment example, the Invention is 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.

Reference numeral

[0040]
1

hearing instrument
2

(left) ear
4

user
6

first input transducer
3

second input transducer
10

hearing aid body
12

direction of preference
14

front hemisphere
16

back hemisphere
18

forward cardioid
20

backward cardioid
22

head
24
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Interference
26

target sound source
30

low-pass filter
G172

first/second target angle
C1r

first/ second directional signal
Y12

first/ second input signal
Z

angle-enhanced signal
va

filtered angle-enhanced signal
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Patentkrav
1. Fremgangsmade til forbedring af en signalretning i et hareapparat (1), hvilken

fremgangsmade omfatter trinnene:

- at generere et ferste indgangssignal (Y1) ved hjeelp af en farste ind-
gangstransducer (6) af hereapparatet (1) og et andet indgangssignal (Y2)
ved hjeelp af en anden indgangstransducer (8) af hareapparatet (1), hvil-
ken anden Indgangstransducer (8) er adskilt fra den ferste indgangs-

transducer (6),
- at tilvejebringe en farste malvinkel (a1) og en anden malvinkel (a2),

- at aflede et ferste retningssignal (C1) fra det ferste indgangssignal (Y1)
og det andet indgangssignal (Y2) ved at anvende en anden-til-ferste rela-
tiv overfaringsfunktion (H2—.1) med hensyn til den ferste malvinkel (a1) til
det andet Indgangssignal (Y2), hvilkken anden-til-farste relative overfa-
ringsfunktion (H2-.1) tages som den relative overferingsfunktion fra den
anden indgangstransducer (8) til den farste indgangstransducer (6) med

hensyn til den farste malvinkel (a4),

- at aflede et andet retningssignal (C2) fra det andet indgangssignal (Y2)
og det ferste indgangssignal (Y1) ved at anvende en farste-til-anden rela-
tiv overfaringsfunktion (Hi—2) med hensyn til den anden malvinkel (a2) til
det ferste indgangssignal (Y1), hvilken ferste-til-anden relative overfa-
ringsfunktion (H1-.2) tages som den relative overferingsfunktion fra den
ferste iIndgangstransducer (6) til den anden indgangstransducer (8) med

hensyn til den anden malvinkel (a2) og

- at aflede et vinkelforsteerket signal (Z) fra det ferste retningssignal (C1)
og det andet retningssignal (C2), hvilket vinkelforsteerkede signal (Z) af-
ledes ved hjeelp af en sum af det ferste retningssignal (C1) og produktet

af det andet retningssignal (C2) og en veegtningsfaktor (A).

2. Fremgangsmaden ifalge krav 1,
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2

hvor den relative overfagringsfunktion (Hz-1) fra den anden indgangstransducer
(8) til den farste indgangstransducer (6) afledes som en hovedrelateret overfa-
ringsfunktion af den ferste indgangstransducer (6) divideret med en hovedrela-
teret overferingsfunktion af den anden indgangstransducer (8), og

hvor den relative overferingsfunktion (H1-.2) fra den ferste indgangstransducer
il den anden Indgangstransducer afledes som den hovedrelaterede overfa-
ringsfunktion af den anden indgangstransducer (8) divideret med den hovedre-

laterede overfaringsfunktion for den ferste indgangstransducer (6).

3. Fremgangsmaden ifalge krav 2,

hvor den hovedrelaterede overferingsfunktion af den ferste indgangstransducer
(6) og/eller den hovedrelaterede overferingsfunktion af den anden indgangs-
transducer (8) afledes ved hjeelp af en vinkelafhaengig maling ved anvendelse

af en hovedsimulator.

4. Fremgangsmade ifalge krav 2 eller krav 3,

hvor den hovedrelaterede overferingsfunktion af den ferste indgangstransducer
(6) og/eller den hovedrelaterede overferingsfunktion af den anden indgangs-
transducer (8) afledes ved hjeelp af en vinkelafheengig maling pa et menneske-

hoved.

5. Fremgangsmade ifalge et af de foregaende krav,

hvor | frekvensdomeaenet eller | tidsfrekvensdomeenet,

- det farste retningssignal (C1) afledes som det ferste indgangssignal (Y1)
fratrukket produktet af det andet retningssignal (Y2) og den anden-til-
forste relative overferingsfunktion (H2—1) med hensyn til den farste mal-

vinkel (a1) og/eller

- det andet retningssignal (C2) afledes som det andet indgangssignal (Y2)
fratrukket produktet af det farste retningssignal (Y1) og den farste-til-
anden relative overferingsfunktion (H1-2) med hensyn til den anden mal-

vinkel (a2).
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6. Fremgangsmade ifalge et af de foregaende krav,
hvor veegtningsfaktoren (A) bestemmes ved at minimere signalenergien for det

vinkelforsteerkede signal (£2).

7. Fremgangsmade ifelge et af de foregaende krav,
hvor et filtreret vinkelforsteerket signal (Z') afledes af det vinkelforstaerkede sig-

nal (Z) ved hjeelp af et kompensationsfilter (30).

8. Fremgangsmade ifalge et af de foregaende krav,

hvor den ferste indgangstransducer (6) og den anden indgangstransducer (8)
definerer en foretrukken retning (12) og en fordeling af rummet | en forreste
halvkugle (14) og en bageste halvkugle (16),

hvor den farste malvinkel (a1) er tilvejebragt inden for den bageste halvkugle
(16), og/eller

hvor den anden malvinkel (a2) er tilvejebragt inden for den forreste halvkugle
(14).

9. Fremgangsmade ifalge et af de foregaende krav,
hvor det farste indgangssignal (Y1) og det andet indgangssignal (Y2) tilvejebrin-
ges af henholdsvis den ferste indgangstransducer (6) og den anden indgangs-

transducer (8) af et monauralt h@reapparat.

10. Fremgangsmade ifelge et af kravene 1 til 8,

hvor det farste indgangssignal (Y1) og det andet indgangssignal (Y2) tilvejebrin-
ges af henholdsvis den ferste indgangstransducer (6) og den anden Indgangs-
transducer (8) af et farste ensidigt hareapparat af et binauralt h@reapparatsy-
stem, 0g

hvor det vinkelforsteerkede signal (Z) eller det filtrerede vinkelforsteerkede signal
(Z') fra det ferste ensidige hareapparat anvendes med et signal fra et andet en-
sidigt hereapparat af det binaurale hereapparat til at tilvejebringe et binauralt

straleformersignal.

11. Hereapparat (1) der omfatter
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- en farste Indgangstransducer (6) og en anden indgangstransducer (3)
til at tilvejebringe henholdsvis et farste indgangssignal (Y1) og et andet

iIndgangssignal (Y2) fra et lydsignal fra en omgivelse, og

- en signalbehandlingsenhed der er konfigureret til at udfere fremgangs-

maden ifalge et af kravene 1 til 8.

12. Hereapparatet (1) ifelge krav 11 der er konfigureret som et monoalt hare-

apparat eller som et ensidig hereapparat af et binauralt h@reapparatsystem.
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