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DESCRIPTION

[0001] US20140364681A1 describes a method of obtaining data based on a current and/or
anticipated future state of a (bone conducting) hearing prosthesis and adjusting a set gain
margin of the hearing prosthesis based on the current or anticipated future state of the hearing
prosthesis. In accordance with another aspect, there is a method comprising obtaining
feedback data indicative of a changed feedback path of a hearing prosthesis used by a
recipient, and adjusting a parameter of the hearing prosthesis based on the obtained feedback
data.

SUMMARY

[0002] The present disclosure relates to hearing devices, e.g. hearing aids, in particular to a
hearing device comprising a beam former filtering unit for providing a beam-formed signal from
a multitude of electric input signals representing sound from the environment of the hearing
aid, and a processing unit allowing the execution of a number of configurable processing
algorithms to modify an input signal representing said sound, e.g. according to the needs of a
user of the hearing device.

[0003] The parameter Full-On Gain (FOG) limitation is an important feature for controlling the
stability of digital hearing aids, by limiting the maximum allowable gain in the hearing aid. The
full-on gain limitation is a characteristic of the hardware of the hearing aid and represents the
maximum gain that can be applied to the hearing aid without causing mechanical feedback.
The determination of the full-on gain (termed Gpog in the present disclosure) is typically
performed according to a predefined, e.g. standardized, procedure (e.g. ANSI S3.22-2003:
Specification of Hearing Aid Characteristics), e.g. with the gain control of the hearing aid set to
its full-on position and with an input SPL of 50 dB. Alternatively, the measurement conditions
may be indicated in a data sheet of the hearing aid together with the limiting Full-On Gain
(FOG) value.

[0004] In state of the art hearing aids, beam-forming is often used as a means for spatial
filtering with the purpose of attenuating noise coming from directions other than a desired
listening direction. Beam-forming may e.g. be implemented by generating a beam-formed
signal as a weighted combination of a multitude M of electric input signals, e.g. provided by
respective microphones. As an example, for M=2, beam-formed signal Ygge(k, m) may be

generated from electric input signals Xy(k, m) and Xs(k, m) from first and second microphones
(M1, M) as Ygr(k, m) = Wi(k, m) Xy(k, m) + Wo(k, m) Xo(k, m), where Wi(k, m) and Wa(k, m)

are complex weights, k is a frequency sub-band index and m is a time index.

[0005] A side-effect of beam-forming is the fact that the individual microphone gains GpRr
(e.g. represented by complex weights W;y(k, m), Wo(k, m), so that Gpr; = |Wj(k, m)|) can be
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large, although the acoustic amplification of the target sound by the beam-former is zero dB
(gain=1). This may for example be the case for beam-forming in the low frequency region.
Another example is an MVDR (Minimum Variance Distortion-less Response) beam-former, with
an angle of interest in the front, which places a null towards a noise point-source close to the
front direction.

[0006] Each microphone gain (e.g. Gpr for the ith microphone, i=1, ..., M, M = 2) contributes
to the (mechanical) loop gain for a particular microphone, which is equal to the forward gain
from the microphone to the device output added to the feedback gain (e.g. represented by the
transfer function from the output transducer back to the corresponding microphone via the
device hardware (in a FOG-measurement situation where no air-borne acoustic feedback from
the output transducer to the microphone is present). In a free-field setup (where reflections are
ignored), the latter contribution is mainly dependent on the device mechanics. When a loop-
gain exceeds 0 dB, the device will be instable and can produce feedback artefacts (also known
as mechanical feedback).

[0007] A hearing aid normally limits the amplification at the FOG Limit Ggog (maximum
allowable gain at which a hearing aid is stable). But limiting the hearing aid amplification will not
give the correct result when beam-forming is used prior to amplification, since it also
contributes to the loop-gain.

[0008] In typical prior art solutions. a gain margin refers to the amount of added gain that can
be given to the user, when introducing anti-feedback solution(s), such that the (acoustic) loop

gain is the same.

[0009] According to the present disclosure, the electrical gain consists of

1. a) a beamformer part (for noise reduction) dynamically determining 'beamformer gain' to
provide a specific beamforming (spatial filtering), and

2.b) an amplification part dynamically providing frequency and level dependent
'amplification gain', e.g. to compensate for a user's hearing impairment (sometimes
denoted ' hearing aid gain' or 'requested gain').

[0010] 'Full on Gain' (FOG) represents the maximum gain (electrical gain) that can be given by
the device in a situation where there is no acoustic coupling between the receiver and the
microphones, such that the device is stable (i.e. there is no mechanical feedback).

[0011] In the solutions of the present disclosure, it is assumed that the electrical gain should
never exceed the FOG-value.

[0012] In the solutions of the present disclosure, the following strategy is pursued:

1. A) the amplification gain is reduced, in order to not exceed the FOG-value, and/or
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2. B) beamformer gain(s) is/are reduced, in order to lower the electrical gain (to minimize
necessary amplification gain reduction in order not to exceed the FOG-value).

[0013] Thus, priority is given to the amplification gain (to compensate for a user's hearing
impairment). This means that when the amplification gain is lower than FOG, there will be a
budget for using gain for beamforming.

[0014] So in other words. We have a gain budget with a maximum defined by the FOG value,
then we have first priority amplification gain, second priority is gain for beamforming and then
there may be unused gain (depending on the situation).

A hearing aid:

[0015] In an aspect of the present application, a hearing aid according to claim 1 is provided.
[0016] Thereby an improved hearing aid is provided.

[0017] The 'hearing aid gain' is in the present context taken to mean the resulting gain from
various processing algorithms (e.g. level compression, frequency transposition, etc.) applied to
the beam formed signal, including a gain applied to compensate for a frequency and level
dependent hearing impairment of the user.

[0018] The full-on gain limitation Ggog is a characteristic of the hardware of the hearing aid

and represents the maximum gain that can be applied to the hearing aid without causing
mechanical feedback. The full-on gain value Gpog is typically determined during

manufacturing and stored in a memory of the hearing aid. In an embodiment, the previously
determined full-on gain value Ggog, is a value determined during manufacturing (or fitting to a

particular user) and stored in a memory of the hearing aid. In an embodiment, the previously
determined full-on gain value Ggog, is a value that has been updated during use of the

hearing aid, e.g. in connection with a modification of hearing aid parts or parameters having
influence on mechanical feedback, e.g. in case a loudspeaker is exchanged. In an
embodiment, the previously determined full-on gain value Ggog is determined and stored in a

number of frequency sub-bands, e.g. Grog(k), k=1, ..., K, where k is a frequency sub-band
index, and K is the number of frequency sub-bands.

[0019] A mechanical loop gain for the it

microphone path is equal to
LGmech,i=GDiR,i*GHATGFBmech,i [dB] for the ith frequency sub-band. The gain control unit is
configured to use the full-on gain value Grog as an upper limitation on the current hearing aid

gain Gya in an attempt to maintain loop gain LG; below 0 dB. In an embodiment, the hearing
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aid gain Gpp is limited to the modified full-on gain G'rog, if a requested gain Gyp (e.g. to

compensate for a hearing impairment of a user and considering the processing algorithms
applied to the beam formed signal at a given point in time) is larger than the modified full-on
gain value G'rog (i.e. G'ya = MIN {Gha, G'Fog})-

[0020] In an embodiment, the directional gain is dynamically accounted for by setting
G'roc=Groe-GpiIrmax [dB], where Grog is the previously determined full-on gain, and

Gpirmax is equal to MAX {Gprj}, i=1, ..., M. In an embodiment, the gain control unit is
configured to determine a current modified full-on gain value G'rog in dependence of a
maximum value Gpj|r max Of said current directional gains Gpr,, i=1, ..., M. In an embodiment,
the gain control unit is configured to determine a current modified full-on gain value G'rog in
dependence of a maximum value Gpr max Of said current directional gains GpRrj, i=1, ..., M,
and the previously determined full-on gain value Ggog. In an embodiment, the gain control unit
is configured to dynamically determine a gain limit correction AGggg in dependence of a
maximum value Gpjr max Of the current directional gains Gpr;, i=1, ..., M. In an embodiment,
the gain control unit is configured to limit the hearing aid gain Gya to the modified full-on gain
value G'rog based on a previously determined full-on gain value Ggpog dynamically corrected
by the gain limit correction AGrgg. In an embodiment, the gain limit correction AGgog is equal
to the maximum value Gp|r max Of the current directional gains Gpr;j, i=1, ..., M, in other words
AGrog = MAX {GpRr,}, i=1, ..., M. In an embodiment, G'rog = Grog - AGFog [dB] = Grog -
Gpirmax [dB]. This correction (gain redistribution) scheme ensures that hearing aid gain can

be maintained without mechanical instability to a certain extent (in case the target gain is close
to the full-on gain limit).

[0021] Other (less optimal) measures of the (distribution of the) directional gains than the
MAX-function could be used, e.g. an average or a weighted average. In an embodiment, the
gain control unit is configured to dynamically determine a gain limit correction AGggg in

dependence of an average value Gpyr avg Of the current directional gains Gprjj, i=1, ..., M, in
other words AGFOG = AVG {GDIR,i}1 i=1, ..., M, e.g. AGFOG = (1/|\/|)'SU|V| {GDIR,i}1 i=1, ..., M,

where AVG is an average operator and SUM is a summation operator.

[0022] In an embodiment, the multitude M of input units comprise a number of microphones,
such as each comprise a microphone. In an embodiment, M=2. In an embodiment, M=3. In an
embodiment, M=4. In an embodiment, M is larger than 4.

[0023] In an embodiment, the gain control unit is configured to determine the modified full-on
gain value G'rog as a difference between the previously determined full-on gain value Grpg

and the maximum value Gp|r max Of the current directional gains, G'rog = GFog - GpiRmax- In

an embodiment, the gain control unit is configured to determine the modified full-on gain value
G'rog as a difference between the previously determined full-on gain value Grog and the

maximum value Gprmax Of the current directional gains, multiplied by a positive (possibly
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frequency dependent) constant a G'rog = Grog - AGpR,max- IN @an embodiment, a > 0. In an

embodiment, 1 2 a > 0. In an embodiment, a = 1.

[0024] In an embodiment, the gain control unit comprises a configurable smoothing unit
configured to determine a smoothed value <Gpjr max> of the maximum value Gpjr max Of the

current directional gains, and to use the smoothed value <Gpjr max> in the determination of the
modified full-on gain value G'rog, €.9. G'roc = Grog - <Gprmax>- The configurable
smoothing unit may e.g. be configured to use different attack (14) and release (1) times for

the smoothing. In an embodiment, the smoothing attack and/or release time are controllable in
dependence of one or more parameters.

[0025] In an embodiment, the gain control unit is configured to control a release time and/or an
attack time of the configurable smoothing unit in dependence of a current full on gain margin
AGFroem: AGFogm being a difference between the previously determined full-on gain value

Grog and the sum of the current hearing aid gain Gy and the maximum value Gpjr max of the

current directional gains AGFogm = Grog - (GHA + GDIR max)-

[0026] In an embodiment, the gain control unit is configured to set a release time constant Ty
involved in determining the smoothed value <Gpjr max™> t0 a value smaller than or equal to a
first value Trg FasT, in case the current full-on gain margin AGrogn, is below a first threshold
value AG|jy fast, i-€. for AGrogm < AG| M fast: Where AG|m fast iS larger than zero. This is

advantageous to ensure a fast and immediate adaptation of the modified full-on gain value
G'rog, in case the current full on gain margin AGrogm becomes small (i.e. close to zero). In

an embodiment, the gain control unit is configured to set the release time constant 1, to the
first value Trg FasT, When the current full on gain margin AGrognm is below the first threshold
value AG| i FasT- In an embodiment, the gain control unit is configured to increase the release
time constant 1 when the current full on gain margin AGgogm is increased above the
threshold value AG|m FasT- In an embodiment, the gain control unit is configured to increase
the release time constant 1. when the current full on gain margin AGrogm is increased above
the (first) threshold value AG| iy FasT, but below a second threshold value AG| i s ow- In an
embodiment, the gain control unit is configured to set the release time constant 1. to a second
value Tre s ow, When the current full on gain margin AGrogm is increased above the second

threshold value AG| v s .ow (see e.g. FIG. 3B).

[0027] In an embodiment, the gain control unit is configured to adapt the attack time constant
Tatt involved in determining the smoothed value <Gpjr max> to the application in question. In an
embodiment, the gain control unit is configured to adapt the currently used attack time
constant T4 to a value larger than or equal to the currently used release time constant 1. In
an embodiment, the gain control unit is configured to set the currently used attack time
constant T4 to a value T4« larger than or equal to the second value T.g 51 ow Of the release
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time constant 7.

[0028] The control of the smoothing by controlling the attack and release times involved in the
smoothing of Gpjr max is intended to minimize artifacts (and thus to improve sound quality).

[0029] In an embodiment, the gain control unit is configured to control the beam former
filtering unit in dependence of the maximum value Gpjr max Of the current directional gains.

[0030] In an embodiment, the gain control unit is configured to control the beam former
filtering unit in dependence of the previously determined full-on gain value Ggog, the current

hearing aid gain Gy and the maximum value Gpjr max Of the current directional gains. In an

embodiment, the gain control unit is configured to control the beam former filtering unit in
dependence of the current full on gain margin AGrogm, AGFogm being a difference between

the previously determined full-on gain value Grpg and the sum of the current hearing aid gain
GHa and the maximum value Gpjr max Of the current directional gains AGrogm = GFOG - (GHa

+ GDIR,max)-

[0031] In an embodiment, the gain control unit is configured to determine a beam former
control signal DIRctr for controlling the beam former filtering unit between an un-restrained
ON-state, when said current full on gain margin AGrogm is above a first threshold value

AGpjroN, and an OF F-state, when said current full on gain margin AGrognm is below a second
threshold value AGprr ofFf. In an embodiment, the unrestrained ON-state of the beam former

filtering unit is taken to be a state where the beam former filtering unit is un-restrained by the
gain control unit, and free to operate normally. In an embodiment, an OFF-state of the beam
former filtering unit is taken to be a state where the beam former filtering unit is not dynamically
updated, e.g. in that it relies on a fixed beam pattern, e.g. in an omni-directional mode of
operation. In an embodiment, the current directional gains Gpr}, i=1, ..., M, are equal, such as

all equal to 0.5 or 1, when the beam former filtering unit is in the OFF-state. In an embodiment,
an ON-state is a state between an OFF-state and an un-restrained ON-state where the current
directional gains Gprj, i=1, ..., M are influenced by the gain control unit via beam former

control signal D/Rctr. In an embodiment, the beam former control signal DIRctr takes values
between 0 and 1 when the beam former filtering unit changes between the OFF-state and the
unrestrained ON-state, respectively.

[0032] In an embodiment, the control signal DIRctr is frequency dependent, DIRctr = DIRctr(k),
k=1, 2, .., K

[0033] In an embodiment, the current directional gains Gpr, i=1, ..., M as determined by the

beam former filtering unit (e.g. according to the current directions and relative levels of to the
target and noise signal sources) are modified to G'pr; =1, ..., M, where Gpr; =

DIRctr(k) Gpirj(k), i=1, ..., M, k=1, 2, ..., K, when the beam former filtering unit is controlled by
the gain control unit (i.e. when the beam former filtering unit is in the (transition) 'ON-state’,
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where AGpr oFr < AGFoem < AGpr,oN cf. e.g. FIG. 3A, left part).

[0034] The control of the beam former filtering unit may be independent of the control of the
release time constant 1 involved in determining the smoothed value <Gpr max™-

[0035] In an embodiment, threshold values (AGpr oFrF, AGpir,oN) Of the current full on gain
margin AGrogm for activating and deactivating beam forming are smaller than the threshold
values (AG|m.sLow: AGLm FasT) for controlling the smoothing of the modified full-on gain
value G' (<Gpir,max™)-

[0036] In an embodiment, the gain control unit is configured to determine a smoothed value
<AGrogm™> of said current full on gain margin AGrogm, and to use said smoothed value

<AGErogm™> in the determination of the beam former control signal DIRctr instead of said

current full on gain margin AGrogm-

[0037] In an embodiment, the hearing aid comprises a multitude M of analysis filter banks
each for providing a time-frequency representation IN;(k,m) of a respective different one of the

multitude of electric input signals IN;, i=1, ..., M, k being a frequency sub-band index and m
being a time index. In an embodiment, the various gain values (e.g. GpRr,i, GHa, GFog., etc.)
needed to determine a modified full-on gain G'rog are provided in a time-frequency

representation (k, m), e.g. in a number K of (overlapping or non-overlapping) frequency sub-
bands.

[0038] In an embodiment, the hearing aid comprises a hearing instrument or an active ear-
protection device or other audio processing device, which is adapted to improve, augment
and/or protect the hearing capability of a user by receiving acoustic signals from the user's
surroundings, generating corresponding audio signals, possibly modifying the audio signals
and providing the possibly modified audio signals as audible signals to at least one of the
user's ears.

[0039] In an embodiment, the hearing aid is adapted to provide a frequency dependent gain
and/or a level dependent compression and/or a transposition (with or without frequency
compression) of one or frequency ranges to one or more other frequency ranges, e.g. to
compensate for a hearing impairment of a user. In an embodiment, the hearing aid comprises
a signal processing unit for enhancing the input signals and providing a processed output
signal.

[0040] The hearing aid comprises an output unit for providing a stimulus perceived by the user
as an acoustic signal based on a processed electric signal. In an embodiment, the output unit
comprises a number of electrodes of a cochlear implant or a vibrator of a bone conducting
hearing device. In an embodiment, the output unit comprises an output transducer. In an
embodiment, the output transducer comprises a receiver (loudspeaker) for providing the
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stimulus as an acoustic signal to the user. In an embodiment, the output transducer comprises
a vibrator for providing the stimulus as mechanical vibration of a skull bone to the user (e.g. in
a bone-attached or bone-anchored hearing device).

[0041] The hearing aid comprises an input unit for providing an electric input signal
representing sound. In an embodiment, the input unit comprises an input transducer, e.g. a
microphone, for converting an input sound to an electric input signal. In an embodiment, the
input unit comprises a wireless receiver for receiving a wireless signal comprising sound and
for providing an electric input signal representing said sound. The hearing device comprises a
directional microphone system adapted to spatially filter sounds from the environment, e.g. to
enhance a target acoustic source among a multitude of acoustic sources in the local
environment of the user wearing the hearing device. In an embodiment, the directional system
is adapted to detect (such as adaptively detect) from which direction a particular part of the
microphone signal originates. Many beamformer variants can be found in literature. The
minimum variance distortionless response (MVDR) beamformer is widely used in microphone
array signal processing. Ideally the MVDR beamformer keeps the signals from the target
direction (also referred to as the look direction) unchanged, while attenuating sound signals
from other directions maximally. The generalized sidelobe canceller (GSC) structure is an
equivalent representation of the MVDR beamformer offering computational and numerical
advantages over a direct implementation in its original form.

[0042] In an embodiment, the hearing aid comprises an antenna and transceiver circuitry for
wirelessly receiving a direct electric input signal from another device, e.g. a communication
device or another hearing aid, via a wireless link. In an embodiment, the wireless link is a link
based on near-field communication, e.g. an inductive link based on an inductive coupling
between antenna coils of transmitter and receiver parts. In another embodiment, the wireless
link is based on far-field, electromagnetic radiation. In an embodiment, the hearing aid
comprises antenna and transceiver circuitry for establishing a wireless link based on near-field
communication as well as antenna and transceiver circuitry for establishing a wireless link
based on far-field, electromagnetic radiation.

[0043] In an embodiment, the wireless link is based on a standardized or proprietary
technology. In an embodiment, the far-field wireless link is based on Bluetooth technology (e.g.
Bluetooth Low-Energy technology) or similar technology.

[0044] In an embodiment, the hearing aid is portable device, e.g. a device comprising a local
energy source, e.g. a battery, e.g. a rechargeable battery.

[0045] In an embodiment, the forward or signal path between an input unit, e.g. an input
transducer (microphone system and/or direct electric input (e.g. a wireless receiver)) and the
output unit (e.g. an output transducer) comprises a signal processing unit. In an embodiment,
the signal processing unit is adapted to provide a frequency dependent gain according to a
user's particular needs. In an embodiment, the hearing device comprises an analysis path
comprising functional components for analyzing the input signal (e.g. determining a level, a
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modulation, a type of signal, an acoustic feedback estimate, etc.). In an embodiment, some or
all signal processing of the analysis path and/or the signal path is conducted in the frequency
domain. In an embodiment, some or all signal processing of the analysis path and/or the signal
path is conducted in the time domain.

[0046] In an embodiment, an analogue electric signal representing an acoustic signal is
converted to a digital audio signal in an analogue-to-digital (AD) conversion process, where the
analogue signal is sampled with a predefined sampling frequency or rate f, f5 being e.g. in the
range from 8 kHz to 48 kHz (adapted to the particular needs of the application) to provide
digital samples x, (or x[n]) at discrete points in time t, (or n), each audio sample representing

the value of the acoustic signal at t, by a predefined number Ng of bits, Ng being e.g. in the
range from 1 to 16 bits. A digital sample x has a length in time of 1/f, e.g. 50 ps, for f5 = 20

kHz. In an embodiment, a number of audio samples are arranged in a time frame. In an
embodiment, a time frame comprises 64 or 128 audio data samples. Other frame lengths may
be used depending on the practical application.

[0047] In an embodiment, the hearing aids comprise an analogue-to-digital (AD) converter to
digitize an analogue input with a predefined sampling rate, e.g. 20 kHz. In an embodiment, the
hearing aids comprise a digital-to-analogue (DA) converter to convert a digital signal to an
analogue output signal, e.g. for being presented to a user via an output transducer.

[0048] In an embodiment, the hearing aid comprises a filter bank. In an embodiment, the filter
bank comprises an analysis filter bank comprising a plurality of M first filters hy(n), where k=0,
1, ..., K-1 is a frequency band index, and a synthesis filter bank comprising a plurality of K
second filters gk(n), k=0, 1, ..., K-1. In an embodiment, the analysis filter bank provides a time-
frequency representation of an input signal. In an embodiment, the time-frequency
representation comprises an array or map of corresponding complex or real values of the
signal in question in a particular time and frequency range. In an embodiment, the analysis
filter bank is configured to filter a (time varying) input signal and provide a number of (time
varying) sub-band signals each comprising a distinct frequency range of the input signal. In an
embodiment, the analysis filter bank comprises a Fourier transformation algorithm (e.g. a Fast
Fourier transformation algorithm) for converting a time variant input signal to a (time variant)
signal in the frequency domain.

[0049] In an embodiment, the frequency range considered by the hearing aid from a minimum
frequency fyin to @ maximum frequency f,ox comprises a part of the typical human audible

frequency range from 20 Hz to 20 kHz, e.g. a part of the range from 20 Hz to 12 kHz.

[0050] In an embodiment, a signal of the forward and/or analysis path of the hearing aid is split
into a number NI of frequency sub-bands, where NI is e.g. larger than 5, such as larger than
10, such as larger than 50, such as larger than 100, such as larger than 500, at least some of
which are processed individually. In an embodiment, the hearing aid is/are adapted to process
a signal of the forward and/or analysis path in a number NP of different frequency channels
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(NP < NI). The frequency channels may be uniform or non-uniform in width (e.g. increasing in
width with frequency), overlapping or non-overlapping.

[0051] In an embodiment, the hearing aid comprises a number of detectors configured to
provide status signals relating to a current physical environment of the hearing aid (e.g. the
current acoustic environment), and/or to a current state of the user wearing the hearing aid,
and/or to a current state or mode of operation of the hearing aid. Alternatively or additionally,
one or more detectors may form part of an external device in communication (e.g. wirelessly)
with the hearing aid. An external device may e.g. comprise another hearing assistance device,
a remote control, and audio delivery device, a telephone (e.g. a Smartphone), an external
sensor, etc.

[0052] In an embodiment, one or more of the number of detectors operate(s) on the full band
signal (time domain). In an embodiment, one or more of the number of detectors operate(s) on
band split signals ((time-) frequency domain).

[0053] In an embodiment, the number of detectors comprises a level detector for estimating a
current level of a signal of the forward path. In an embodiment, the predefined criterion
comprises whether the current level of a signal of the forward path is above or below a given
(L-)threshold value.

[0054] In a particular embodiment, the hearing aid comprises a voice activity detector (VD) for
determining whether or not an input signal comprises a voice signal (at a given pointin time). A
voice signal is in the present context taken to include a speech signal from a human being. It
may also include other forms of utterances generated by the human speech system (e.g.
singing). In an embodiment, the voice detector unit is adapted to classify a current acoustic
environment of the user as a VOICE or NO-VOICE environment. This has the advantage that
time segments of the electric microphone signal comprising human utterances (e.g. speech) in
the user's environment can be identified, and thus separated from time segments only
comprising other sound sources (e.g. artificially generated noise). In an embodiment, the voice
detector is adapted to detect as a VOICE also the user's own voice. Alternatively, the voice
detector is adapted to exclude a user's own voice from the detection of a VOICE.

[0055] In an embodiment, the hearing aid comprises an own voice detector for detecting
whether a given input sound (e.g. a voice) originates from the voice of the user of the system.
In an embodiment, the microphone system of the hearing aid is adapted to be able to
differentiate between a user's own voice and another person's voice and possibly from NON-
voice sounds.

[0056] In an embodiment, the hearing assistance device comprises a classification unit
configured to classify the current situation based on input signals from (at least some of) the
detectors, and possibly other inputs as well. In the present context 'a current situation' is taken
to be defined by one or more of
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1. a) the physical environment (e.g. including the current electromagnetic environment, e.g.
the occurrence of electromagnetic signals (e.g. comprising audio and/or control signals)
intended or not intended for reception by the hearing aid, or other properties of the
current environment than acoustic;

2. b) the current acoustic situation (input level, feedback, etc.), and

. ¢) the current mode or state of the user (movement, temperature, etc.);

4. d) the current mode or state of the hearing assistance device (program selected, time

w

elapsed since last user interaction, etc.) and/or of another device in communication with
the hearing aid.

[0057] In an embodiment, the hearing aid comprises an acoustic (and/or mechanical)
feedback suppression system. In an embodiment, the feedback suppression system comprises
a feedback estimation unit for providing a feedback signal representative of an estimate of the
acoustic feedback path, and a combination unit, e.g. a subtraction unit, for subtracting the
feedback signal from a signal of the forward path (e.g. as picked up by an input transducer of
the hearing aid). In an embodiment, the feedback estimation unit comprises an update part
comprising an adaptive algorithm and a variable filter part for filtering an input signal according
to variable filter coefficients determined by said adaptive algorithm, wherein the update part is
configured to update said filter coefficients of the variable filter part according to a predefined
or adaptively controllable scheme (e.g. with a configurable update frequency fypq). The update
control scheme is preferably supported by one or more detectors of the hearing aid, preferably
included in a predefined criterion comprising the detector signals.

[0058] In an embodiment, the hearing aid further comprises other relevant functionality for the
application in question, e.g. compression, noise reduction, etc.

[0059] In an embodiment, the hearing aid comprises a hearing instrument, e.g. a hearing
instrument adapted for being located at the ear or fully or partially in the ear canal of a user or
fully or partially implanted in the head of a user, or a combination thereof.

Use:

[0060] In an aspect, use of a hearing aid as described above, in the 'detailed description of
embodiments' and in the claims, is moreover provided. In an embodiment, use is provided in a
system comprising audio distribution, e.g. a system comprising a microphone and a
loudspeaker in sufficiently close proximity of each other to cause feedback from the output
transducer, e.g. a loudspeaker, to the microphone during operation by a user. In an
embodiment, use is provided in a system comprising one or more hearing instruments,
headsets, ear phones, active ear protection systems, etc., e.g. in handsfree telephone
systems, teleconferencing systems, public address systems, karaoke systems, classroom
amplification systems, etc.
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A method:

[0061] In an aspect, a method of operating a hearing aid according to claim 16 is provided.

[0062] It is intended that some or all of the structural features of the (hearing aid) device
described above, in the 'detailed description of embodiments' or in the claims can be combined
with embodiments of the method, when appropriately substituted by a corresponding process
and vice versa. Embodiments of the method have the same advantages as the corresponding
devices.

A computer readable medium:

[0063] In an aspect, a tangible computer-readable medium storing a computer program
comprising program code means for causing a data processing system to perform at least
some (such as a majority or all) of the steps of the method described above, in the 'detailed
description of embodiments' and in the claims, when said computer program is executed on
the data processing system is furthermore provided by the present application.

[0064] By way of example, and not limitation, such computer-readable media can comprise
RAM, ROM, EEPROM, CD-ROM or other optical disk storage, magnetic disk storage or other
magnetic storage devices, or any other medium that can be used to carry or store desired
program code in the form of instructions or data structures and that can be accessed by a
computer. Disk and disc, as used herein, includes compact disc (CD), laser disc, optical disc,
digital versatile disc (DVD), floppy disk and Blu-ray disc where disks usually reproduce data
magnetically, while discs reproduce data optically with lasers. Combinations of the above
should also be included within the scope of computer-readable media. In addition to being
stored on a tangible medium, the computer program can also be transmitted via a transmission
medium such as a wired or wireless link or a network, e.g. the Internet, and loaded into a data
processing system for being executed at a location different from that of the tangible medium.

A data processing system:

[0065] In an aspect, a data processing system comprising a processor and program code
means for causing the processor to perform at least some (such as a majority or all) of the
steps of the method described above, in the 'detailed description of embodiments’ and in the
claims is furthermore provided by the present application.

A hearing system:
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[0066] In a further aspect, a hearing system comprising a hearing aid as described above, in
the 'detailed description of embodiments’, and in the claims, AND an auxiliary device is
moreover provided.

[0067] In an embodiment, the system is adapted to establish a communication link between
the hearing aid and the auxiliary device to provide that information (e.g. control and status
signals, possibly audio signals) can be exchanged or forwarded from one to the other.

[0068] In an embodiment, the auxiliary device is or comprises an audio gateway device
adapted for receiving a multitude of audio signals (e.g. from an entertainment device, e.g. a TV
or a music player, a telephone apparatus, e.g. a mobile telephone or a computer, e.g. a PC)
and adapted for selecting and/or combining an appropriate one of the received audio signals
(or combination of signals) for transmission to the hearing aid. In an embodiment, the auxiliary
device is or comprises a remote control for controlling functionality and operation of the
hearing aid(s). In an embodiment, the function of a remote control is implemented in a
SmartPhone, the SmartPhone possibly running an APP allowing to control the functionality of
the audio processing device via the SmartPhone (the hearing aid(s) comprising an appropriate
wireless interface to the SmartPhone, e.g. based on Bluetooth or some other standardized or
proprietary scheme). In an embodiment, the auxiliary device is or comprises a communication
device, e.g. a telephone, e.g. a smartphone, or a device allowing exchange of data with other
devices.

[0069] In an embodiment, the auxiliary device is another hearing aid. In an embodiment, the
hearing system comprises two hearing aids adapted to implement a binaural hearing system,
e.g. a binaural hearing aid system.

Definitions:

[0070] In the present context, a 'hearing aid' refers to a device, such as e.g. a hearing
instrument or an active ear-protection device or other audio processing device, which is
adapted to improve, augment and/or protect the hearing capability of a user by receiving
acoustic signals from the user's surroundings, generating corresponding audio signals,
possibly modifying the audio signals and providing the possibly modified audio signals as
audible signals to at least one of the user's ears. A 'hearing aid' further refers to a device such
as an earphone or a headset adapted to receive audio signals electronically, possibly
modifying the audio signals and providing the possibly modified audio signals as audible
signals to at least one of the user's ears. Such audible signals may e.g. be provided in the form
of acoustic signals radiated into the user's outer ears, acoustic signals transferred as
mechanical vibrations to the user's inner ears through the bone structure of the user's head
and/or through parts of the middle ear as well as electric signals transferred directly or
indirectly to the cochlear nerve of the user.
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[0071] The hearing aid may be configured to be worn in any known way, e.g. as a unit
arranged behind the ear with a tube leading radiated acoustic signals into the ear canal or with
a loudspeaker arranged close to or in the ear canal, as a unit entirely or partly arranged in the
pinna and/or in the ear canal, as a unit attached to a fixture implanted into the skull bone, as
an entirely or partly implanted unit, etc. The hearing aid may comprise a single unit or several
units communicating electronically with each other.

[0072] More generally, a hearing aid comprises an input transducer for receiving an acoustic
signal from a user's surroundings and providing a corresponding input audio signal and/or a
receiver for electronically (i.e. wired or wirelessly) receiving an input audio signal, a (typically
configurable) signal processing circuit for processing the input audio signal and an output
means for providing an audible signal to the user in dependence on the processed audio
signal. In some hearing aids, an amplifier may constitute the signal processing circuit. The
signal processing circuit typically comprises one or more (integrated or separate) memory
elements for executing programs and/or for storing parameters used (or potentially used) in
the processing and/or for storing information relevant for the function of the hearing aid and/or
for storing information (e.g. processed information, e.g. provided by the signal processing
circuit), e.g. for use in connection with an interface to a user and/or an interface to a
programming device. In some hearing aids, the output means may comprise an output
transducer, such as e.g. a loudspeaker for providing an air-borne acoustic signal or a vibrator
for providing a structure-borne or liquid-borne acoustic signal. In some hearing aids, the output
means may comprise one or more output electrodes for providing electric signals.

[0073] In some hearing aids, the vibrator may be adapted to provide a structure-borne
acoustic signal transcutaneously or percutaneously to the skull bone. In some hearing aids, the
vibrator may be implanted in the middle ear and/or in the inner ear. In some hearing aids, the
vibrator may be adapted to provide a structure-borne acoustic signal to a middle-ear bone
and/or to the cochlea. In some hearing aids, the vibrator may be adapted to provide a liquid-
borne acoustic signal to the cochlear liquid, e.g. through the oval window. In some hearing
aids, the output electrodes may be implanted in the cochlea or on the inside of the skull bone
and may be adapted to provide the electric signals to the hair cells of the cochlea, to one or
more hearing nerves, to the auditory cortex and/or to other parts of the cerebral cortex.

[0074] A 'hearing system' refers to a system comprising one or two hearing aids, and a
'binaural hearing system' refers to a system comprising two hearing aids and being adapted to
cooperatively provide audible signals to both of the user's ears. Hearing systems or binaural
hearing systems may further comprise one or more 'auxiliary devices', which communicate with
the hearing aid(s) and affect and/or benefit from the function of the hearing aid(s). Auxiliary
devices may be e.g. remote controls, audio gateway devices, mobile phones (e.g.
SmartPhones), public-address systems, car audio systems or music players. Hearing aids,
hearing systems or binaural hearing systems may e.g. be used for compensating for a
hearing-impaired person's loss of hearing capability, augmenting or protecting a normal-
hearing person's hearing capability and/or conveying electronic audio signals to a person.
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[0075] Embodiments of the disclosure may e.g. be useful in applications such as hearing
instruments, headsets, ear phones, active ear protection systems.

BRIEF DESCRIPTION OF DRAWINGS

[0076] The aspects of the disclosure may be best understood from the following detailed
description taken in conjunction with the accompanying figures. The figures are schematic and
simplified for clarity, and they just show details to improve the understanding of the claims,
while other details are left out. Throughout, the same reference numerals are used for identical
or corresponding parts. The individual features of each aspect may each be combined with any
or all features of the other aspects. These and other aspects, features and/or technical effect
will be apparent from and elucidated with reference to the illustrations described hereinafter in
which:

FIG. 1 shows an exemplary first embodiment a hearing aid comprising control unit for
implementing a Full-On Gain limitation system connected to a beam former filtering unit and an
amplification unit according to the present disclosure,

FIG. 2 shows an embodiment of control unit for implementing a Full-On Gain limitation system
according to the present disclosure,

FIG. 3A shows an illustration of an exemplary scheme for operating a gain control unit of a
hearing aid according to the present disclosure from start time to to an end time t44, and in the

left part an exemplary functional relationship between the current full on gain margin AGrogm

and the beam former control signal DIRctr for controlling the beam former filtering unit,

FIG. 3B illustrates an exemplary functional relationship between the current full on gain margin
AGrogm and the attack 144 and release T.¢ time constants involved in determining the

smoothed value <Gpjr max> in a first time interval from a start time tg to an intermediate time g
during increasing desired hearing aid gain Gya, (i.e. during decreasing full on gain margin

AGFoGm), and

FIG. 3C illustrates an exemplary functional relationship between the current full on gain margin
AGroem and the attack 144 and release T, time constants involved in determining the

smoothed value <Gprmax> in @ second time interval from an intermediate time tg to an end
time t{1 during decreasing desired hearing aid gain Gya, (i.e. during increasing full on gain

margin AGrogm), and

FIG. 4 shows a flow diagram of an embodiment of a method of operating a hearing aid
according to the present disclosure.

[0077] The figures are schematic and simplified for clarity, and they just show details which are



DK/EP 3249955 T3

essential to the understanding of the disclosure, while other details are left out. Throughout,
the same reference signs are used for identical or corresponding parts.

[0078] Further scope of applicability of the present disclosure will become apparent from the
detailed description given hereinafter. However, it should be understood that the detailed
description and specific examples, while indicating preferred embodiments of the disclosure,
are given by way of illustration only. Other embodiments may become apparent to those skilled
in the art from the following detailed description.

DETAILED DESCRIPTION OF EMBODIMENTS

[0079] The detailed description set forth below in connection with the appended drawings is
intended as a description of various configurations. The detailed description includes specific
details for the purpose of providing a thorough understanding of various concepts. However, it
will be apparent to those skilled in the art that these concepts may be practised without these
specific details. Several aspects of the apparatus and methods are described by various
blocks, functional units, modules, components, circuits, steps, processes, algorithms, etc.
(collectively referred to as "elements"). Depending upon particular application, design
constraints or other reasons, these elements may be implemented using electronic hardware,
computer program, or any combination thereof.

[0080] The electronic hardware may include microprocessors, microcontrollers, digital signal
processors (DSPs), field programmable gate arrays (FPGAs), programmable logic devices
(PLDs), gated logic, discrete hardware circuits, and other suitable hardware configured to
perform the various functionality described throughout this disclosure. Computer program shall
be construed broadly to mean instructions, instruction sets, code, code segments, program
code, programs, subprograms, software modules, applications, software applications, software
packages, routines, subroutines, objects, executables, threads of execution, procedures,
functions, etc., whether referred to as software, firmware, middleware, microcode, hardware
description language, or otherwise.

[0081] The present application relates to the field of hearing devices, e.g. hearing aids, in
particular to a hearing device comprising a signal processing unit allowing the execution of a
number of configurable processing algorithms, e.g. level compression algorithms, feedback
estimation algorithms, etc. to modify an audio input signal, e.g. according to the needs of a
user of the hearing device. More specifically the disclosure deals with Full-on Gain (FOG)
Limitation (and/or a maximum output limitation) for controlling the stability of a digital hearing
aid by limiting the maximum allowable gain in the hearing aid.

[0082] A solution for a FOG Limitation (the 'FOG limit') is proposed, which limits the hearing
aid amplification (GHa) to a value (G'rpg) that is dynamically corrected by the maximum gain

(Gpir,max) that is given by the directional system (G'roc=Groc- Gpirmax). We will refer to the
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correction as the 'FOG Correction' (AGFoc=Groc-G'Foc=GpIrR max)-

[0083] This is a very tractable and simple solution, but it comes at the drawback that fast gain
limit changes can give unpleasant audible artefacts for the user. We therefore, in an exemplary
embodiment, propose a system that is slower, such that it acts fast when the limit is reached,
but retracts at a slow rate, in order to avoid gain-pumping artefacts.

[0084] This leads to another drawback for the user. In situations where the directionality
system utilizes large microphone gains, the user experiences a lack of gain when the system is
in continuous limitation. This comes from the fact that the gain in the microphone channels do
not necessary contribute to the acoustical gain.

[0085] This disadvantage can be solved by introducing a sluggishness in the FOG Correction
such that, when the device gain is not close to the FOG Limit, the correction is slowly varying.
However, when the device gain becomes close to the FOG limit, the correction is quickly
adapted in order to obtain the correct FOG limitation.

[0086] This allows for a second system to retract the directionality gain, also dependent on the
closeness of the device gain to the FOG Limit. This means that when the device gain is getting
closer to the FOG Limit, as a first step, the directionality system is forced to be less directional.
The consequence for the user is that device gain is utilized for amplification prioritized over
directionality. When the device gain keeps increasing, the FOG Correction will be accelerated
in order to give the correct limitation when the device gain reaches the FOG Limit.

[0087] FIG. 1 shows an exemplary first embodiment a hearing aid (HD) comprising control unit
(CONT) for implementing a Full-On Gain limitation system connected to a beam former filtering
unit (BFUa, BFUb) and an amplification unit (HAG). The hearing aid comprises a forward path
for processing an input signal representing sound and providing an enhanced signal for
presentation to a user. The forward path comprises a multitude of input units (here
microphones M1, M2) for providing a multitude of electric input signals IN;, i=1, ..., M,
representative of sound (here IN1, IN2, i.e. M=two). The input units preferably comprise
appropriate analogue to digital conversion units to provide the electric input signals (IN1, IN2)
as digital signals. Each microphone path comprises an analysis filter bank (here FB-A1, FB-A2,
respectively) for providing the electric input signals (IN1, IN2) in a time-frequency
representation as sub-band signals X{ and X,, respectively. The forward path further
comprises a multi input beam former filtering unit (BFUa, BFUb) for providing a beam formed
signal Ygr from said multitude of electric input signals IN1, IN2 (here from the sub-band signals

X1, X2). The forward path further comprises a gain unit (HAG, MIN, 'X') for applying a (possibly
limited) hearing aid gain G'ya to the beam formed signal YgF, and providing a processed signal
Y'c. The forward path further comprises synthesis filter bank (FB-S) for converting the
frequency sub-band signals of the processed signal Y'g to an output signal OUT in the time

domain. The forward path further comprises an output unit (here a loudspeaker SP) for
providing stimuli (acoustic or mechanical stimuli) perceivable by a user as sound based on said
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processed signal or a signal derived therefrom (here the output signal OUT). The hearing aid
further comprises a gain control unit (CONT) for limiting the hearing aid gain Gya to a modified

full-on gain value G'rog (via minimum unit (MIN) which provides the minimum of two input gain
values (hearing aid gain Gya and modified fill-on gain G'rpg) in the form of gain limited
hearing aid gain G'ya). The beam former filtering unit is configured to apply a current
frequency dependent directional gain Gpr to each of the multitude of electric input signals IN;,
(here gains G4, Go applied to electric input signals IN1, IN2 (or rather to sub-band versions X1,
Xo thereof)). The gain control unit (CONT) is configured to determine the modified full-on gain
value G'rog in dependence of the current directional gains Gpr, i=1, ..., M, (here G1= |Wy|,
Gy = |Wy|) and a previously determined full-on gain value Ggpg, which is stored in a memory

(MEM) of the hearing aid (e.g. provided during manufacturing of the hearing aid or during
fitting of the hearing aid to the needs of a particular user). The gain control unit (CONT) is
operatively connected to the gain unit (HAG) and receives the current (requested) hearing aid
gain Gpa. In an embodiment, the current (requested) hearing aid gain Gyp is used by the gain
control unit to influence the temporal effect of changes in the modified value of the full-on gain
G'roc, see FIG. 2, 3.

Implementation Example

[0088] The following example shows how the FOG Limitation System (represented by the gain
control unit CONT in FIG. 2) can be implemented in a multichannel sub-band system with
complex valued sub-band signals (X{, X2 in FIG. 1) and complex microphone channel gains

(W1, Wo) in the Directionality System (BFUb in FIG. 1).

[0089] FIG. 2 shows an embodiment of control unit (CONT) for implementing a Full-On Gain
limitation system according to the present disclosure.

[0090] The control unit comprises an ABS-MAX unit providing a maximum value Gprmax Of
the current directional gains based on the current complex weights (W4, W>). Since the
directionality gains (Wq, W) are complex-valued, they first pass an ABS operation (ABS)
providing real gain values G1, G2 (G1= |W4|, G2 = |W>5|). Subsequently the maximum value is
taken over microphone channels 1, 2, Gprmax = MAX {Gprj}, i=1, 2 (MAX) (e.g. for each
frequency sub-band k).

[0091] After determining the maximum value (Gpir max) among the directional gains (G1, Gy),
the next step is to calculate the distance (or margin) (AGrogm) between the actual device gain,
i.e. Directionality Gain (Gpjr max) + Desired Amplification Gain (Gya), and the (predetermined)
FOG Limit (Grog), cf. inputs to summation unit '+' in FIG. 2 providing AGFoem = Grog -

(GbIR,max * GHa)- If the distance measure AGrFogm (also in the following termed the 'current
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full on gain margin') is positive, the amplification gain Gy does not need limiting. If the value is

below zero, the amplification gain needs to be limited in order to maintain the maximum
allowable gain for device stability.

[0092] The lower part of FIG 2 comprising time constant control unit TC-CT, smoothing unit
FOG-SM, and combination unit '+ is configured to control the FOG Correction AGrpg =

Gpirmax dynamically. Only in the case where the FOG Limit Grog is almost reached
(AGFogm, decreases towards 0 (absolute)), the time constant control block (TC-CT) speeds up
the calculation of smoothing block FOG-SM (e.g. by decreasing or setting the release time T,
to a low value Trg FasT, When the current full on gain margin AGrogm is smaller than a
threshold value AG|um fast). In other words, the time constant control unit TC-CT controls time
constants of the smoothing process and provides time constant control signal TAU to the full-
on gain smoothing unit FOG-SM. Based on control signal TAU and the current maximum
directional gain value Gprmax @ smoothed maximum directional gain value <Gprmax> is
provided by the full-on gain smoothing unit FOG-SM. A resulting modified full-on gain value
G'rog is provided by combination unit '+' as a difference (in [dB]) between the predefined full-
on gain Grog and the smoothed maximum directional gain value <Gprmax> (i.e. G'roc =
Grog - <Gplrmax>)- Thereby a correct amplification gain limit G'rog can be (immediately)
provided (i.e. G'roc ~ GFog - GpiIrmax), When the hearing aid gain Gy is close to the FOG
Limit Ggog (relatively fast or no smoothing) and a slowly varying (slowly smoothed) modified
full-on gain value G'rpg can otherwise be provided. The risk of artifacts being introduced by

the modification of the full-on gain can thereby be decreased.

[0093] The upper part of the drawing comprising DIR-control smoothing unit DCT-SM and
mapping unit MAP is configured to determine a control parameter DIRctr (e.g. taking on values
between 0 and 1), which can be used to control the directionality system (beamformer filtering
unit BFU in FIG. 1. The smoothing unit DCT-SM receives the current full on gain margin
AGErogm from summation unit '+' and provides an appropriate attack and release time to a
smoothing of the full on gain margin AGpogm. This is done with a view to the smoothing of the
FOG Correction Gprmax performed in the FOG-SM unit (the current values of attack and

release times of the two smoothing processes are e.g. exchange and evaluated, cf. dashed
arrow between the respective DCT-SM and TC-CT units). The smoothing unit DCT-SM
provides a smoothed full on gain margin <AGrogm™ (signal DFOG in FIG. 2) to the mapping
unit MAP. The mapping unit MAP and its control signal DIRctr implements the following scheme
for controlling the directionality system (BFUa, BFUb in FIG. 1) based on the smoothed full on
gain margin <AGgogm™>. A value of the control parameter DIRctr of "0" means that the

directionality system is forced to be "off" (no directionality). If the value is "1", the directionality
system is free to operate normally (no constraints from the control unit CONT). For values
between "0" and "1", the directionality system is restrained to diminish the directional gains as
DIRctr decreases from "1" to "0" and thereby to increase the current full on gain margin
AGFocm, thus allowing a larger hearing aid gain Gpp to be applied to the beam formed signal
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(Ygr in FIG. 1) before the gain limit (G'rog) is reached. In other words, gain is moved from the
directionality system (by decreasing G4, G») to the hearing aid gain (GHa), thereby prioritizing
to provide gain Gya to the user at the cost of directionality. The movement of gain from the

directionality system to the FOG gain limit (or vice versa) sets restrictions on the time constants
for the smoothing of the FOG Correction Gpjr max in the lower part of FIG. 2 and the full on

gain margin AGgogm in the upper part of FIG. 2 (to avoid the introduction of artifacts), as
indicated by the dashed connection between the DCT-SM and TC-CT units.

[0094] FIG. 3A s an illustration of an exemplary scheme for operating a gain control unit of a
hearing aid according to the present disclosure. FIG. 3A illustrates a situation of increasing
need for gain (hearing aid gain GHa) to be provided to the user over a first period of time

(Time, t), g <t < tg, and a second period of time, tg < t < t{5, where the need for gain
decreases. In an intermediate time period, t5 <t < ty (overlapping with the first and second time
periods), the modified full-on gain sets a limit on the hearing aid gain (GHa, providing modified
gain G'ya). The target gain is indicated in dotted line (during the intermediate time period t5 < t
< t7). The realized gain is indicated in solid line (during tg <t <tz and t; <t < t42). The left and
right vertical axes of the gain graph are gain-axes referring to a 'Target gain' Gya' comprising
the sum of the requested hearing aid gain Gna and the FOG correction, Gpp' =
Gha*tGpirmax- The leftmost, reversed axis shows the full on gain margin AGrogm = Grog -
(Gpir,max * GHa) having its zero where the requested hearing aid gain Gy is equal to the full-
on gain limit Grog (because Gpr max=0 for target gain larger than Gpr ofr. cf. indication on

the rightmost target gain axis). Between the leftmost target gain-axis and the full on gain
margin AGrogm-axis, a graph illustrating an exemplary functional dependence of the beam

former control signal DIRctr on full on gain margin AGrogm is shown. The shown graph

implements a scheme for moving gain from the directionality system to the hearing aid gain
(when certain criteria are fulfilled).

[0095] In the first time period (tg < t < tg, denoted 'Release’ in the top part of FIG. 3A), a steady

increased need for gain is assumed (e.g. corresponding to a situation where a target sound
source decreases slowly in signal strength, i.e. received SPL, at the user), or where a noise
source is gradually introduced. A steadily increasing target gain corresponds to a steadily
decreasing full-on gain margin. Consequently, the release time constant T1,¢ of the smoothing

algorithm for the full on gain margin AGgogm is the important one in the first time period (cf.

FIG. 3B). The first time period is divided into sub-time periods (determined by individual points
in time to, 1y, to, t3, t4, t5, tg), where the requested hearing aid gain Gpp is in different ranges.

The reaction of the adaptive full-on gain modification algorithm in each gain-range is briefly
discussed in the following.

[0096] Time period tg <t < t4: GHA' < Gpron (cf. Target gain scale to the right in FIG. 3A, and
the left graph showing DIRctr(AGFogm)): In this gain range, the adaptive full-on gain

modification algorithm is slowly reacting and the directional system is unrestrained (by the
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present algorithm). DIRctr = "1".

[0097] When the requested hearing aid gain Gpa approaches the FOG Limit Ggog, from
below (Gya' < Grog), the attack/release smoothing and mapping algorithm (c.f. upper part of

FIG. 2, units DCT-SM and MAP) controls how fast the directionality system is forced to go from
a (normal, unrestrained) mode of operation (Gya' < Gpiron in FIG. 3A) to the "off" state (Gpa'

2 Gpr,orr in FIG. 3A). It is important to note that these settings have to be set carefully since

they are parameters of a recursive system (as mentioned above in connection with FIG. 2). If
this system acts too fast, it will result in undesired on/off oscillation of the directionality system.

[0098] Time period t1 <t < ty: GproN < GHA' < GpiroFF (cf. scale to the right in FIG. 3A, and
the left graph showing DIRctr(AGEogm)): The directionality system is in a restrained mode of
operation (denoted 'Transition' in the left DIRctr(AGrogm)-graph in FIG. 3A) controlled by

signal DIRctr, "0" < DIRctr < "1", where directionality gains G1, G2 are decreased with
increasing Gpa' (cf. downwards pointing bold arrow denoted Increasing retraction of DIR-gain

in FIG. 3A). The transition from DIRctr = "1" to "0" occurs between times t4 and t,. When the
target gain is larger than Gpr orr (where the directional system is off), directional gains (G1,
G2) are 1 (0 dB), and thus Gprmax=1 (0 dB) as indicated on the rightmost target gain axis.

This mechanism is important to maintain hearing aid gain (as long as possible, at the cost of
DIR-gain).

[0099] Time period t < t3: GHA' < GLim siow (Cf. axis to the left in FIG. 3A, and FIG. 3B, AGFogm
2 AG|m slow): The requested hearing aid gain Gpa' is still below the threshold G|y siow (i-€.
AGFogm > AGM,clow In FIG. 3C), where the modified full-on gain is provided fast, i.e. in a
mode (still) providing a Slow adaptation rate of G'rog.

[0100] Time period t3 <t < t4: G M slow S GHA' < GLim fast (cf. axis to the left in FIG. 3A, and
FIG. 3B, AG| M slow 2 AGFoem 2 AG M fast): The requested hearing aid gain Gp' is in a range
where the modified full-on gain G'rog is provided with increasing speed for increasing
requested hearing aid gain Gpp' (but still below a fastest provision, i.e. in a mode providing a
Changing adaptation rate of G'rpg). Looking at the AGrogm axis to the left, this corresponds
to a decreasing full on gain margin AGrogm resulting in an increased adaptation rate (i.e. a
decreasing release time constant 1, (cf. FIG. 3B), so that the modified full-on gain value can
be provided (and taken into use) with increased speed the closer we get to the AG| | fast
threshold.

[0101] Time period t4 <t < t5 G m fast < GHA' < GFog (cf. axis to the left in FIG. 3A, and FIG.
3B, AG M fast 2 AGFoem): The requested hearing aid gain Gpa' is above the threshold for
providing immediate (or maximum adaptation rate) of the full on gain margin AGrogm and thus

of the modified full-on gain G'rpg (or rather the full on gain margin AGrogm) (AGFogm <
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AG M fast)-

[0102] Intermediate time period t5 < t < t7: GEog< GHa' (dotted part of the gain curve). In this
time period, the target gain is larger than the full-on gain Gegg and hence the hearing aid gain
Gua is limited to the full-on gain value G'rog = Grog. At time tg, the target gain starts to
decrease, which prompts the release time constant 1. (cf. FIG. 3B) to change (increase) to a
value Trg) s 0w providing a slow adaptation rate of the modified full-on gain G'rog. (cf. vertical

upwards pointing arrow on the T, axis in FIG. 3B).

[0103] In the second time period (tg < t < 45, denoted 'Attack’ in the top part of FIG. 3A), a

steady decreased need for gain is assumed (e.g. corresponding to a situation where a target
sound source increases slowly in signal strength, i.e. received SPL, at the user), or where a
noise source is gradually removed or decreased in strength. A steadily decreasing target gain
corresponds to a steadily increasing full-on gain margin. Consequently, the attack time
constant 1,4 of the smoothing algorithm for the full on gain margin AGrogm is the important

one in the second time period (cf. FIG. 3C). The second time period is divided into sub-time
periods (determined by individual points in time tg, t7, ts, to, t10, t41, t12), where the requested

hearing aid gain Gpa is in different ranges. The reaction of the adaptive full-on gain

modification algorithm in each gain-range is briefly discussed in the following.

[0104] Time period t7 <t < tg: G m fast < GHA' < GFog (cf. axis to the left in FIG. 3A, and FIG.
3C, AG| v fast 2 AGFogm): The attack time of the smoothing algorithm for the full on gain
margin AGrogm is set to a fixed relatively large value T4ty providing relatively slow adaption of

the modified full-on gain G'rog.

[0105] Time period tg < t < to: G M slow S GHA' € GLim fast (cf. axis to the left in FIG. 3A, and
FIG. 3C, AG| M slow 2 AGFoem 2 AG| v fast): The attack time of the smoothing algorithm for the
full on gain margin AGFogm stays fixed at the relatively large value T4y providing relatively

slow adaption of the modified full-on gain G'rog.

[0106] Time period tg < t: Gypa' < G m siow (cf. axis to the left in FIG. 3A, and FIG. 3C, AGrogm
2 AG| v slow): The attack time of the smoothing algorithm for the full on gain margin AGrogm
stays fixed at the relatively large value T4ty providing relatively slow adaption of the modified

full-on gain G'rog.

[0107] Time period t1g < t < t41: GproN < GHA' < GpiroFF (cf. scale to the right in FIG. 3A,
and the left graph showing DIRctr(AGEogm)): The directionality system is in a restrained mode
of operation (denoted 'Transition' in the left DIRctr(AGrogm)-graph in FIG. 3A) controlled by

signal DIRctr, "0" < DIRctr < "1", where directionality gains G1, G2 are allowed to increase with
decreasing Ga' (cf. upwards pointing bold arrow denoted Decreasing retraction of DIR-gain in
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FIG. 3A). The transition from DIRctr = "1" to "0" occurs between times t{g and t{4. When the
target gain is smaller than Gpron (Where the directional system is in a normal ON-state),

directional gains (G1, G2) are allowed to vary freely (DIRctr=1) in control of the beam former
filtering unit.

[0108] Time period t41 <t < t12: Gya' = Gpron (cf. Target gain scale to the right in FIG. 3A,
and the left graph showing DIRctr(AGrogm)): In this gain range, the adaptive full-on gain

modification algorithm is slowly reacting and the directional system is unrestrained (by the
present full-on gain control algorithm). DIRctr = "1".

[0109] FIG. 3B illustrates an exemplary functional relationship between the current full on gain
margin AGrogm and the attack 144 and release T,¢ time constants involved in determining the

smoothed value <Gpjr max> in a first time interval from a start time tg to an intermediate time g
during increasing desired hearing aid gain Gya, (i.e. during decreasing full on gain margin
AGFogm)- FIG. 3B corresponds to an increasing target gain situation (first time period tg-tg

denoted Release in FIG. 3A). The time axis (Time, t) indicates start and end of the first time
period (tg-tg) in FIG. 3A. The release time constant 1., decreases from a larger (slow) time

constant T, 5 ow to a smaller (fast) time constant 7. FasT, When current full on gain margin
AGrogm decreases from AG| y sjow 10 AG| M fast- In the embodiment of FIG. 3B, the transition
from Trel sLOW 1O Trel FAST, I8 Shown to be liner. This need not be the case however. In another

embodiment, it may be non-linear, e.g. stepwise linear or of a sigmoid form.

[0110] FIG. 3C illustrates an exemplary functional relationship between the current full on gain
margin AGroem and the attack 1 and release T, time constants involved in determining the

smoothed value <Gprmax> in @ second time interval from an intermediate time tg to an end
time t{1 during decreasing desired hearing aid gain Gya, (i.e. during increasing full on gain
margin AGrogm)- FIG. 3C corresponds to a decreasing target gain situation (second time
period t7-t1o denoted Aftack in FIG. 3A). The time axis (Time, t) indicates start and end of the
second time period (t7-t12) in FIG. 3A. The attack and release time constants (144, Tre) are set
to constant relatively large values (TatX Tre sLOw), Providing relatively slow smoothing
(adaptation). In the embodiment of FIG. 3B, 3C, the attack time constant T4, is larger than the

release time constant Tr¢ 5 Ow-

[0111] Qutside the transition of the release time constant from slow to fast 1r¢ 51 oW 10 Trel FAST

(FIG. 3B), the attack and release time constants of FIG. 3B and 3C are shown to be constant
(Tatt x> Trel,SLOW: Trel,FAST) for varying full on gain margin AGrogm. This need not be the case,

however. In an embodiment, one or more of the attack and release time constants are non-
linear, e.g. non-linearly, e.g. logarithmically approaching a fixed value.

[0112] In an embodiment (with reference to FIG. 3A) Gprorr=GLM, slow:
(AGpIR,oFF=AG v slow). SO that the increase of adaptation rate of the modified full-on gain
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G'rog is started when the full directional gain has been moved to the hearing aid gain

(Gpir,MAX=0).

[0113] In a multi-channel implementation of the directionality system (BFUa, BFUb in FIG. 1)
and the amplification system (HAG in FIG. 1), the FOG Limit algorithm according to the present
disclosure can be implemented in independent channels. The FOG Limit (Grog, G'Fog) is

typically a frequency dependent function. The embodiments described in the present
disclosure are implemented in the time frequency domain (signals of individual frequency sub-
bands are treated individually). The present scheme may, however, be implemented fully or
partially in the time domain.

[0114] In an embodiment, the gain control unit is configured to determine a beam former
control signal DIRctr for controlling the beam former filtering unit between an un-restrained
ON-state, when said current full on gain margin AGgpogm is above a first threshold value

AGpRron, and an OF F-state, when said current full on gain margin AGrognm, is below a second
threshold value AGprorF- FIG. 3A (left side) illustrates an exemplary functional relationship
between the current full on gain margin AGrogm and the beam former control signal DIRctr for
controlling the beam former filtering unit. The DIRctr(AGrogm)-graph in FIG. 3A shows that the

beam former filtering control signal DIRctr is set to "1" (corresponding to an un-restrained ON-
state of the beamformer filtering unit, e.g. to operate normally), when the current full on gain
margin AGFogm is above a first threshold value AGpron. FIG. 3B further shows that the

beam former filtering control signal DIRctr is set to "0" (corresponding to an OFF-state of the
beamformer filtering unit), when the current full on gain margin AGgogm is below a second

threshold value AGprr oFf. In the OFF-state of the beam former filtering unit may e.g. be fixed

to an omni-directional mode of operation. FIG. 3A further shows that when the full on gain
margin AGrogm is changed between the first and second threshold values AGppr oFF,

AGpjroN, the DIRctr signal changes linearly between 0 and 1. In this range, the beamformer

filtering unit is in a transition-state between an OFF-state and an un-restrained ON-state,
where the current directional gains Gpr, i=1, ..., M are influenced (limited, attenuated) by the

gain control unit via beam former control signal DIRctr.

[0115] In an embodiment, the gain control unit comprises a configurable smoothing unit
configured to determine a smoothed value <Gpjr max> Of the maximum value Gpjr max Of the

current directional gains, and to use the smoothed value <Gpr max> in the determination of the
modified full-on gain value G'rog, €.9. G'roc = Grog - <GpRrmax>- The configurable

smoothing unit may e.g. be configured to use different attack and release times for the
smoothing. In an embodiment, the smoothing attack and/or release time are controllable in
dependence of one or more parameters. FIG. 3B illustrates an exemplary functional
relationship between the current full on gain margin AGrogm, and the release time constant

Trel involved in determining the smoothed value <Gpjr max>.
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[0116] In the exemplary scheme illustrated by FIG. 3B, the gain control unit is configured to set
a release time constant 1 involved in determining the smoothed value <Gpjr max™> t0 a value

equal to a first value Tr FasT, in case the current full-on gain margin AGrogn is below a first
threshold value AG| |\ fast, i-€. for AGFogm < AG| M fast: Where AG| v fast is larger than zero.

This is advantageous to ensure a fast and immediate adaptation of the modified full-on gain
value G'rpg, in case the current full on gain margin AGrogm becomes small (i.e. close to

zero). According to the scheme of FIG. 3B, the release time constant 1. is increased (linearly)
when the current full on gain margin AGrogm is increased above the threshold value
AG| M fast, but below a second threshold value AG| iy siow- In FIG. 3C the release time constant
Trel is set to a second value Trg s 0w, When the current full on gain margin AGrogm is

increased above the second threshold value AG| y sjow-

[0117] Typically, the currently used attack time constant 14 is set to a value larger than or

equal to the currently used release time constant 1.

[0118] FIG. 4 shows a flow diagram of an embodiment of a method of operating a hearing aid
according to the present disclosure. The hearing aid comprises a forward path comprising a
multitude of input units for providing a multitude of electric input signals IN;, i=1, ..., M,

representative of sound, and an output unit for providing stimuli perceivable by a user as
sound based on a processed signal or a signal derived therefrom. The method comprises

S1. providing a multitude of electric input signals IN;, i=1, ..., M, representative of sound,

S2. providing a beam formed signal Ygr from said multitude of electric input signals IN;,
including applying a current frequency dependent directional gain Gpr; to each of said

multitude of electric input signals IN;,

S3. applying a hearing aid gain Gya to said beam formed signal Ygg, and providing a

processed signal, and
S4. providing a previously determined full-on gain value Ggog,
S5. limiting said hearing aid gain Gya to a modified full-on gain value G'rog,

S6. determining said modified full-on gain value G'rgg in dependence of said current

directional gains Gpjr, i=1, ..., M, and said previously determined full-on gain value Grog.

[0119] It is intended that the structural features of the devices described above, either in the
detailed description and/or in the claims, may be combined with steps of the method, when
appropriately substituted by a corresponding process.
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[0120] As used, the singular forms "a," "an," and "the" are intended to include the plural forms
as well (i.e. to have the meaning "at least one"), unless expressly stated otherwise. It will be
further understood that the terms "includes," "comprises,” "including," and/or "comprising,"
when used in this specification, specify the presence of stated features, integers, steps,
operations, elements, and/or components, but do not preclude the presence or addition of one
or more other features, integers, steps, operations, elements, components, and/or groups
thereof. It will also be understood that when an element is referred to as being "connected" or
"coupled" to another element, it can be directly connected or coupled to the other element but
an intervening elements may also be present, unless expressly stated otherwise. Furthermore,
"connected" or "coupled" as used herein may include wirelessly connected or coupled. As used
herein, the term "and/or" includes any and all combinations of one or more of the associated
listed items. The steps of any disclosed method is not limited to the exact order stated herein,
unless expressly stated otherwise.

[0121] It should be appreciated that reference throughout this specification to "one
embodiment” or "an embodiment” or "an aspect" or features included as "may" means that a
particular feature, structure or characteristic described in connection with the embodiment is
included in at least one embodiment of the disclosure. Furthermore, the particular features,
structures or characteristics may be combined as suitable in one or more embodiments of the
disclosure. The previous description is provided to enable any person skilled in the art to
practice the various aspects described herein. Various modifications to these aspects will be
readily apparent to those skilled in the art, and the generic principles defined herein may be
applied to other aspects.

[0122] The claims are not intended to be limited to the aspects shown herein, but is to be
accorded the full scope consistent with the language of the claims, wherein reference to an
element in the singular is not intended to mean "one and only one" unless specifically so
stated, but rather "one or more." Unless specifically stated otherwise, the term "some" refers to
one or more.

[0123] Accordingly, the scope should be judged in terms of the claims that follow.
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Patentkrav

1. Hereapparat (HD), der omfatter
+ en fremfgringsvej, der omfatter
o en flerhed af indgangsenheder til tilvejebringelse af en flerhed af
elektriske indgangssignaler IN;, i=1, ..., M, der er repraesentative for lyd,
o en straleformerfilteringsenhed med flere indgange (BFUa, BFUD) til
tilvejebringelse af et straleformet signal Ysr fra flerheden af elektriske
indgangssignaler,
o en forsteerkerenhed (HAG) til at anvende en hgreapparatforsteerkning
Gra pa det straleformede signal Ysr, og til tilvejebringelse af et
behandlet signal Y's, og
o en udgangsenhed til tilvejebringelse af stimuli, der kan opfattes af en
bruger som lyd, som er baseret pa det behandlede signal eller et signal
afledt derfra,

hvor hgreapparatet yderligere omfatter
« en  forsteerkerstyreenhed (CONT) il at  begreense
hgreapparatforsteerkningen Guatil en modificeret helt opskruet
forstaerkningsveerdi G'rog,
* hvor straleformerfilteringsenheden med flere indgange (BFUa, BFUD)
er konfigureret til at anvende en aktuel frekvensafthaengig
retningsforstaerkning Gor,itil hver af flerheden af elektriske
indgangssignaler INi, KENDETEGNET VED,
AT forsteerkerstyreenheden er konfigureret til at styre
straleformerfilteringsenheden i athaengighed af en aktuel helt opskruet
forsteerkningsmargin AGroem, AGroem som er en forskel mellem en
tidligere bestemt helt opskruet forstaerkningsvaerdi Groc 0g summen af
den aktuelle hgreapparatforsteerkning Gra og den maksimale veerdi
Gormax af de aktuelle retningsforsteerkninger AGroem, 0g hvor
forsteerkerstyreenheden (CONT) er konfigureret til at bestemme den
modificerede helt opskruede forstaerkningsveerdi G'roc i athaengighed
af de aktuelle retningsforsteerkninger Gori, i=1, ..., M, og den tidligere
bestemte helt opskruede forstaerkningsvaerdi Grog.

2. Hgreapparat (HD) ifglge krav 1, hvor forstaerkerstyreenheden (CONT) er
konfigureret til at bestemme en aktuel modificeret helt opskruet
forstaerkningsvaerdi G'roc i afhaengighed af den maksimale veerdi Gpir max af
de aktuelle retningsforstaerkninger Goirj, i=1, ..., M.

3. Hgreapparat (HD) ifglge krav 1, hvor forstaerkerstyreenheden (CONT) er
konfigureret til at bestemme en aktuel modificeret helt opskruet
forstaerkningsveerdi G'roc i athaengighed af en maksimal vaerdi Goirmax af de
aktuelle retningsforsteerkninger Goir, i=1, ..., M, og den tidligere bestemte helt
opskruede forstaerkningsveerdi Grog.

4. Hgreapparat (HD) ifglge et hvilket som helst af kravene 1-3, hvor
forsteerkerstyreenheden (CONT) er konfigureret til at bestemme den
modificerede helt opskruede forsteerkningsvaerdi G'roc som en forskel mellem
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den tidligere bestemte helt opskruede forstaerkningsveerdi Groc 0g den
maksimale vaerdi Gpir max af de aktuelle retningsforstaerkninger ganget med en
positiv konstant a, G'roc = Grog - 0 GpIR max.

5. Hgreapparat (HD) ifelge et hvilket som helst af kravene 1-4, hvor
forsteerkerstyreenheden (CONT) omfatter en konfigurerbar udjaevningsenhed
(FOG-SM), der er konfigureret til at bestemme en udjaevnet veerdi <Gpir max>
af den maksimale veerdi Goir max af de aktuelle retningsforstaerkninger, og til at
anvende den udjevnede veerdi <Gprmax> | bestemmelsen af den
modificerede helt opskruede forstaerkningsvaerdi G'rog, for eksempel G'roc =
Groc - <GDIR max>.

6. Hareapparat (HD) ifglge krav 5, hvor forsteerkerstyreenheden (CONT) er
konfigureret til at styre en frigivelsestid og/eller en afviklingstid ("attack time”)
af den konfigurerbare udjaevningsenhed (FOG-SM) i atheengighed af en aktuel
helt opskruet forstaerkningsmargin AGrocem.

7. Hgreapparat (HD) ifglge krav 6, hvor forstaerkerstyreenheden (CONT) er
konfigureret til at indstille en frigivelsestidskonstant, som er involveret i at
bestemme den udjaevnede veerdi <Gpirmax> til en vaerdi, der er mindre end
eller lig med en fgrste veerdi Trei,FasT, i tilfaelde af at den aktuelle helt opskruede
forstaerkningsmargin AGrocm ligger under en farste teerskelvaerdi AGLim fast, det
vil sige for AGroem < AGth Lim, hvor AGLim fast er stgrre end nul.

8. Hgreapparat (HD) ifglge et hvilket som helst af kravene 1-7, hvor den
aktuelle retningsforsteerkning Gor,, =1, ..., M, som bestemt med
straleformerfiltreringsenheden (BFUa, BFUD) i henhold til aktuelle retninger og
relative niveauer af mal- og stajsignalkilder, modificeres til G'orj, i=1, ..., M,
hvor G'bri= DIRctr(k)-Gor,i(k), =1, .., M, k=1, 2, .., K, nar
straleformerfiltreringsenheden styres med forsteerkerstyreenheden (CONT).

9. Hgreapparat ifglge et hvilket som helst af kravene 1-8, der er konfigureret
til at tilvejebringe, at der gives prioritet til hgreapparatforsteerkningen, sa at nar
hgreapparatforsteerkningen er mindre end den helt opskruede
forsteerkningsveerdi, vil der veaere et budget for anvendelse af forstaerkning til
straleformning.

10. Hegreapparat (HD) ifglge et hvilket som helst af kravene 1-9, hvor
udgangsenheden omfatter hgjttaler (SP) til tilvejebringelse af stimulansen som
et akustisk signal til brugeren.

11. Hgreapparat (HD) ifelge et hvilket som helst af kravene 1-10, hvor
forstaerkerstyreenheden  (CONT) er  konfigureret til at  styre
straleformerfilteringsenheden (BFUa, BFUb) for at reducere den maksimale
veerdi Goirmax af de aktuelle retningsforsteerkninger, i tilfeelde af at den aktuelle
helt opskruede forsteerkningsmargin AGroem, er mindre end en teerskelvaerdi .

12. Hgreapparat (HD) ifelge et hvilket som helst af kravene 1-11, hvor
forstaerkerstyreenheden (CONT) er konfigureret til at bestemme et
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straleformerstyresignal DIRctrtil at styre straleformerfiltreringsenheden
(BFUa, BFUb) mellem en uhindret ON-tilstand, nar den aktuelle helt opskruede
forstaerkningsmargin AGroem ligger over en farste teerskelveerdi AGpiron, 0g
en OFF-tilstand, nar den aktuelle helt opskruede forsteerkningsmargin
AGrocm ligger under en anden teerskelveerdi AGoir,oFF.

13. Hgreapparat (HD) ifelge krav 12, hvor forsteerkerstyreenheden (CONT) er
konfigureret til at bestemme en udjaevnet veerdi <AGroem> af den aktuelle helt
opskruede forsteerkningsmargin AGroem, 0g til at anvende den udjeevnede
veerdi <AGroem> i bestemmelsen af straleformerstyresignalet D/Rctri stedet
for den aktuelle helt opskruede forstaerkningsmargin AGrocm.

14. Hgreapparat (HD) ifelge et hvilket som helst af kravene 1-13, der omfatter
en flerned M af analysefilterbanker (FB-A1, FB-A2) hver til tilvejebringelse af
en tidsfrekvensrepraesentation INj(k,m) af en respektive forskellig en af
flerneden af elektriske indgangssignaler INi, =1, ..., M, hvor ker et
frekvensindeks, og m er et tidsindeks.

15. Hereapparat (HD) ifelge et hvilket som helst af kravene 1-14, der omfatter
et hegreinstrument eller en aktiv grebeskyttelsesanordning eller en anden
audiobehandlingsanordning, der er indrettet til at forbedre, supplere og/eller
beskytte en brugers hgreevne ved at modtage akustiske signaler fra brugerens
omgivelser, generere tilsvarende audiosignaler, muligvis @&ndring af
audiosignalerne og til tilvejebringelse af de mulige modificerede audiosignaler
som hgrbare signaler til i det mindste et af brugerens grer.

16. Fremgangsmade til at betjene et hgreapparat (HD), der omfatter
+ en fremfgringsvej, der omfatter
o en flerhed af indgangsenheder til tilvejebringelse af en flerhed af
elektriske indgangssignaler IN;, i=1, ..., M, der er repraesentative for lyd,
o en udgangsenhed til tilvejebringelse af stimuli, der kan opfattes af en
bruger som lyd baseret pa et behandlet signal eller et signal, der er
afledt derfra,

hvor fremgangsmaden omfatter
« tilvejebringelse af en tidligere bestemt helt opskruet
forstaerkningsveaerdi Grog,
- tilvejebringelse af et straleformet signal Ysr fra flerheden af elektriske
indgangssignaler,
« at styre det straleformede signal i afhaengighed af en aktuel helt
opskruet forsteerkningsmargin  AGroem, AGroem, der er en forskel
mellem den tidligere bestemte helt opskruede forstaerkningsveerdi Groc
og en sum af den aktuelle hgreapparatforsteerkning Guaog en
maksimal veerdi Goir max af de aktuelle retningsforstaerkninger AGrocm,
« at anvende en aktuel frekvensafhaengig retningsforstaerkning Goir;i til
hver af flerheden af elektriske indgangssignaler IN;,
+ at bestemme en modificeret helt opskruet forstaerkningsvaerdi G'rog i
afhaengighed af de aktuelle retningsforstaerkninger Goir,i, i=1, ..., M, 0g
den tidligere bestemte helt opskruede forsteerkningsvaerdi Grog, 0g
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« at begraense hgreapparatforstaerkningen Gha til den modificerede helt
opskruede forsteerkningsveaerdi G'rog,

+ at anvende en hgreapparatforsteerkning Gua pa det straleformede
signal Yer, og til tilvejebringelse af et behandlet signal.
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Providing a multitude of electrid imput signals
INj, ,i=1,...,.M

Y

S2

Providing a beam formed signal Ygg from
said multitude of electric input signals IN;,
including applying a current frequency
dependent directional gain GDIR,; to each of
said multitude of electric input signals IN;,

4

Applying a hearing aid gain Gya to said beam
formed signal Y gy, and providing a processed
signal,

¥

Providing a previously determined Full-on
gain value Grog,

¥

Limiting said hearing aid gain Gy to a
modified Full-on gain value G’rog,

2

Determining said modified Full-on gain value
G’k in dependence of said current
directional gains Gp j, 1=1, ..., M, and said
previously determined full-on gain value
Grog

FIG. 4
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