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DESCRIPTION

SUMMARY

[0001] Filter banks are used In hearing devices, such as hearing aids, in order to provide the
possibility of signal processing in frequency bands. Individual processing in a number of distinct
or overlapping frequency sub-bands iIs e.g. of interest in some signal processing algorithms.
Different processing types may pose different requirements on the frequency channels In
which the processing is performed.

[0002] Signal processing algorithms that operate in the time-frequency domain suffer from the
fact that filtering into sub-bands as done with filter banks leads to temporal smearing of very-
short-in-time input signals such as transients. Examples of such time-frequency processing Is
noise reduction, dynamic range compression and output power limiting in hearing aids. All
these algorithms use level estimation in some form.

[0003] Level estimation based on filter bank sub-bands suffers from time delay in the analysis
stage, even when the fastest possible time constants are used In the level estimator. This
means that input-dependent gain may not be on time and the processed signal may be
corrupted with overshoot artefacts. The problem increases with higher frequency resolution
and higher number of sub-bands.

[0004] US8929574B2 deals with a hearing aid and a method of detecting and attenuating
transients. The hearing aild has means for detecting fast transients in the input signal and
means for attenuating the detected transients prior to presenting the signal with the attenuated
transients to a user. Detection Is performed by measuring the peak difference of the signal
upstream of a band split filter bank and comparing the peak difference against at least one
peak difference limit. US 2011/268301 discloses a hearing aid having means for detecting fast
transients In the Input signal and means for attenuating the detected transients prior to
presenting the signal with the attenuated transients to a user.

A hearing device:

[0005] The present disclosure proposes to adjust a level estimator, based on the input signal
to the filter bank. The level estimator usually consists of a pre-smoother that reduces large
variance In an aspect of the present application there 1s provided a hearing device, e.g. a
hearing aid, as defined in claim 1. The hearing device comprises

o A forward path comprising the following operationally connected units

o An Input unit for providing a time-domain electric input signal y(n) representing a sound
signal In a full-band frequency range forming part of the audible human frequency
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range, n being a time-sample index,

o An analysis filter bank configured to provide a time-frequency representation Y(k,m) of
sald electric input signal y(n), where k=1, 2, ..., Kis a frequency sub-band index, K being
the number of frequency sub-bands, and each frequency sub-band signal Y(k,m)
representing a frequency sub-band FBk of the full-band frequency range, and m is a
time frame index,

o A signal processing unit configured to execute one or more processing algorithms for
processing a signal of the forward path In a number of processing channels, each
comprising one or more of said frequency sub-bands, and providing a number of
processed channel-signals,

[0006] The hearing device further comprises

e An onset detector configured to receive said time-domain electric input signal y(n) or a
signal derived therefrom before entering said analysis filter bank, and to determine a
current first order derivative of said time-domain electric input signal y(n), or a signal
derived therefrom, and to provide an onset control signal;

o A level estimation unit for estimating a current level of said frequency sub-band signals
Y(k,m) or frequency sub-band signals derived therefrom, the level estimation unit
comprising
o A level adjustment unit configured to receive said frequency sub-band signals from the
analysis filter bank, or signals derived therefrom, and to adjust their current levels, and
to control said level adjustment in dependence of said onset control signal.

[0007] Thereby an improved hearing device may be provided.

[0008] In an embodiment, the hearing device further comprises a synthesis filter bank
configured to convert said processed channel-signals to a time-domain electric signal
representing a sound signal.

[0009] The input unit Is configured to provide the time-domain electric input signal y(n) as
digitized samples with a first rate Fgq corresponding to a sampling frequency fs. In an

embodiment, a predefined number of samples are arranged in a time frame, e.g. 64 or 128
time samples. In an embodiment, the sampling frequency fs i1s 20 kHz or larger.

[0010] The onset detector i1s configured to provide the onset control signal at a second rate
Fs2. In an embodiment, the rate at which the onset detector delivers the onset control signal is

a second rate F¢5, smaller than the first rate Fg1.
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[0011] The onset detector comprises an envelope estimator unit comprising

» An ABS unit for providing a magnitude of the time-domain electric input signal y(n) or a
signal derived therefrom at said first rate Fq1,

e A buffer unit of a buffer size D for buffering D samples of the magnitude of the time-
domain electric input signal,

e A MAX unit for determining a maximum magnitude value among the D samples of the
magnitude of the time-domain electric input signal presently stored in said buffer unit,

wherein a maximum value i1s provided at a second rate Fg> lower than said first rate F¢¢. In an

embodiment, the second rate Fs5 Is equal to the ratio of the first rate Fg1 and said buffer size D
(Fs2=Fs1/D).

[0012] In an embodiment, the onset detector comprises a LOG unit to convert an input signal
to the logarithmic domain [dB]. In an embodiment, the LOG unit i1s connected to the MAX unit
to provide the maximum values of the magnitude of the time-domain electric input signal the
logarithmic domain [dB].

[0013] In an embodiment, the onset detector comprises a differentiator for determining said
first order derivative of the envelope of said time-domain at electric input signal or a signal
derived therefrom and to provide the onset control signal dependent thereon.

[0014] In an embodiment, the hearing device Is configured to modify the onset control signal
according to a predefined criterion.

[0015] In an embodiment, the hearing device Is configured to modify said onset control signal
according to a predefined criterion

e to be equal to a constant value, when the current value of said first order derivative Is
below an onset threshold value, and

» to be equal to the current value of said first order derivative, when it iIs above an onset
threshold value.

[0016] In an embodiment, the constant value 1s zero. In an embodiment, the modification Is

performed In the level detector. In an embodiment, the modification Iis performed in the onset
detector.

[0017] In an embodiment, the level estimation unit comprises a pre-smoothing unit for
reducing large variance In the said frequency sub-band signals, or signals derived therefrom,
and to provide pre-smoothed levels of said frequency sub-band signals. In an embodiment, the
pre-smoothing unit comprises an ABS unit for providing a magnitude (or magnitude squared)
of the frequency sub-band signals, or signals derived therefrom. In an embodiment, the pre-
smoothing unit Is electrically connected to and located before the level adjustment unit.
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Thereby a better stability of the level estimate Is provided In case of large variances In the
electric input signal. In an embodiment, the level estimation unit comprises a LOG unit to
convert an input signal to the logarithmic domain [dB].

[0018] In an embodiment, the hearing device comprises a configurable smoothing unit
providing dynamically determined attack and release time-constants, which are applied in the
determination of final level estimates of said frequency sub-band signals, or signals derived
therefrom. In an embodiment, the configurable smoothing unit form part of the level estimation
unit. In an embodiment, the configurable smoothing unit form part of the signal processing unit.

[0019] In an embodiment, the level adjustment unit i1s located between the pre-smoothing unit
and the configurable smoothing unit.

[0020] In an embodiment, the level adjustment unit is configured to base the level adjustment
on the level-change, which is given by the onset detector and the pre-smoothed level observed
at the output of the pre-smoothing unit.

[0021] In an embodiment, the level adjustment unit is configured to maintain the adjusted level
estimate at a certain level for a predefined time. In an embodiment, the predefined time iIs
dependent on a delay of the analysis filter bank.

[0022] In an embodiment, the level adjustment unit i1s configured to keep the level estimate
after the pre-smoother at a fixed level for a first time period (e.g. a predefined time), when an
onset detected by the onset detector exceeds a certain threshold, wherein the fixed level value
IS determined Iin dependence of the level-increase which is given by the onset detector and the
actual level observed at the pre-smoother output.

[0023] In an embodiment, the level adjustment unit i1s configured to provide that the level
estimate returns to the pre-smoother level when the first time period (e.g. the predefined time)
IS exceeded or when the level at the pre-smoother output exceeds the adjusted level.

[0024] In an embodiment, the level adjustment unit comprises a counter and is configured to
maintain the adjusted level estimate for a number of time frames smaller than a threshold
number. In an embodiment, the predefined time and/or the threshold number of time frames
Is/are determined to provide that the resulting time i1s smaller than a delay of the analysis filter
bank. In an embodiment, the level adjustment unit is configured to return to the adjusted level
to the level of the pre-smoother unit when the counter has reached said threshold number or
when said predefined time Is exceeded, or when the level at the pre-smoother output exceeds
the adjusted level.

[0025] In an embodiment, the signal processing unit is configured to receive said current level
of said frequency sub-band signals Y(k,m) or frequency sub-band signals derived therefrom
from said level estimation unit and to control said one or more processing algorithms In
dependence thereof. In an embodiment, the one or more processing algorithms comprise a
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compression algorithm, maximum power output algorithm, a transient noise reduction
algorithm, or the like.

[0026] In an embodiment, the hearing device comprises a hearing aid (e.g. a hearing
Instrument), a headset, an ear protection device or a combination thereof.

[0027] In an embodiment, the hearing device 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 device
comprises a signal processing unit for enhancing the input signals and providing a processed
output signal.

[0028] In an embodiment, the hearing device 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 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).

[0029] In an embodiment, the hearing device comprises an input unit for providing an electric
iInput 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 Iinput unit comprises a wireless receiver for receiving a wireless signal
comprising sound and for providing an electric input signal representing said sound. In an
embodiment, the hearing device comprises a directional microphone system adapted to
spatially filter sounds from the environment, and thereby 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. This can be
achieved In various different ways as e.g. described in the prior art.

[0030] In an embodiment, the hearing device 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 device.

[0031] In an embodiment, the communication between the hearing device and the other
device I1s In the base band (audio frequency range, e.g. between 0 and 20 kHz). Preferably,
communication between the hearing device and the other device Is based on some sort of
modulation at frequencies above 100 kHz. Preferably, frequencies used to establish a
communication link between the hearing device and the other device iIs below 50 GHz, e.g.
located In a range from 50 MHz to 50 GHz, e.g. above 300 MHz, e.g. in an ISM range above
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300 MHz, e.g. in the 900 MHz range or in the 2.4 GHz range or In the 5.8 GHz range or In the
60 GHz range (ISM=Industrial, Scientific and Medical, such standardized ranges being e.qg.
defined by the International Telecommunication Union, ITU). In an embodiment, the wireless
ink Is based on a standardized or proprietary technology. In an embodiment, the wireless link
IS based on Bluetooth technology (e.g. Bluetooth Low-Energy technology).

[0032] In an embodiment, the hearing device Is portable device, e.g. a device comprising a
local energy source, e.g. a battery, e.g. a rechargeable battery.

[0033] In an embodiment, the hearing device comprises a forward or signal path between an
Input transducer (microphone system and/or direct electric input (e.g. a wireless receiver)) and
an output transducer. In an embodiment, the signal processing unit is located in the forward
path. 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 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 i1s conducted in the time domain.

[0034] 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 fg, fs 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/f5, e.g. 50 us, for fg = 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.

[0035] In an embodiment, the hearing devices 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 devices 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.

[0036] In an embodiment, the hearing device, e.g. the microphone unit, and or the transceiver
unit comprise(s) a TF-conversion unit for providing 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 TF conversion unit comprises a filter bank for filtering
a (time varying) Iinput signal and providing a number of (time varying) output signals each
comprising a distinct frequency range of the input signal. In an embodiment, the TF conversion
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unit comprises a Fourier transformation unit for converting a time variant input signal to a (time
variant) signal in the frequency domain. In an embodiment, the frequency range considered by
the hearing device from a minimum frequency fqin t0 @ maximum frequency f5x 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. In an embodiment, a signal of the forward and/or analysis path of
the hearing device is split into a number N/ of frequency bands, where Nl 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 device
Is/are adapted to process a signal of the forward and/or analysis path in a number NP of
different frequency channels (NP < N/). The frequency channels may be uniform or non-
uniform in width (e.g. increasing in width with frequency), overlapping or non-overlapping.

[0037] In an embodiment, the hearing device comprises a number of detectors configured to
provide status signals relating to a current physical environment of the hearing device (e.g. the
current acoustic environment), and/or to a current state of the user wearing the hearing device,
and/or to a current state or mode of operation of the hearing device. Alternatively or
additionally, one or more detectors may form part of an external/ device in communication (e.g.
wirelessly) with the hearing device. 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.

[0038] 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).

[0039] 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 i1s above or below a given
(L-)threshold value.

[0040] In a particular embodiment, the hearing device comprises a voice detector (VD) for
determining whether or not an input signal comprises a voice signal (at a given point in time). A
voice signal i1s 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 identifled, 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.

[0041] In an embodiment, the hearing device 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.
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In an embodiment, the microphone system of the hearing device Is adapted to be able to
differentiate between a user's own voice and another person’'s voice and possibly from NON-

voice sounds.

[0042] 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

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

o

the hearing device.

[0043] In an embodiment, the hearing device further comprises other relevant functionality for
the application In question, e.g. compression, noise reduction, feedback detection and/or

reduction, etc.

Use:

[0044] In an aspect, use of a hearing device as described above, In the 'detailed description of
embodiments' and in the claims, 1s moreover provided. In a non claimed embodiment, use Is
provided In a system comprising audio distribution. In a non claimed 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.

A method:

[0045] In an aspect, a method of operating a hearing device, e.g. a hearing aid, as defined In
claim 16 is furthermore provided by the present application. The method comprises

e providing a time-domain electric input signal y(n) representing a sound signal in a full-
band frequency range forming part of the audible human frequency range, n being a
time-sample index;



DK/EP 3253074 T3

e converting said electric input signal y(n) to a time-frequency representation Y(k,m),
where k=1, 2, ..., Kis a frequency sub-band index, K being the number of frequency
sub-bands, and each frequency sub-band signal Y(k,m) representing a frequency sub-
band FBK of the full-band frequency range, and m is a time frame index;

e executing one or more processing algorithms for processing a signal of the forward path
IN a number of processing channels, each comprising one or more of said frequency

sub-bands, and providing a number of processed channel-signals;

[0046] The method further comprises

o determining a current first order derivative of said time-domain electric input signal y(n),
or a signal derived therefrom before said conversion to a time-frequency representation
Y(k,m), and providing an onset control signal;

o estimating a current level of said frequency sub-band signals Y(k,m) or frequency sub-

band signals derived therefrom,
e adjusting the current levels of said frequency sub-band signals, or signals derived

therefrom, and
e controlling said level adjustment in dependence of said onset control signal.

[0047] It Is Intended that some or all of the structural features of the 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 device.

A data processing system:

[0048] In a non claimed 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 i1s furthermore provided by the present application.

A hearing system:

[0049] In a further non claimed aspect, and In the following non-claimed embodiments, a
hearing system comprising a hearing device as described above, In the 'detailed description of

embodiments’, and in the claims, AND an auxiliary device i1s moreover provided.

[0050] In an embodiment, the system Is adapted to establish a communication link between
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the hearing device 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.

[0051] In an embodiment, the auxiliary device 1s 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 device. In an embodiment, the
auxiliary device Is or comprises a remote control for controlling functionality and operation of
the hearing device(s). In an embodiment, the function of a remote control is iImplemented in a
smartPhone, the SmartPhone possibly running an APP allowing to control the functionality of
the audio processing device via the SmartPhone (the hearing device(s) comprising an
appropriate wireless interface to the SmartPhone, e.g. based on Bluetooth or some other
standardized or proprietary scheme).

[0052] In an embodiment, the auxiliary device Is another hearing device. In an embodiment,
the hearing system comprises two hearing devices adapted to implement a binaural hearing
system, e.g. a binaural hearing aid system.

Definitions:

[0053] In the present context, a 'hearing device' 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 device' 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.

[0054] The hearing device may be configured to be worn In any known way, €.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 device may comprise a single unit or
several units communicating electronically with each other.

[0055] More generally, a hearing device comprises an Input transducer for receiving an
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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 devices, 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 device
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 devices, 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 devices, the
output means may comprise one or more output electrodes for providing electric signals.

[0056] In some hearing devices, the vibrator may be adapted to provide a structure-borne
acoustic signal transcutaneously or percutaneously to the skull bone. In some hearing devices,
the vibrator may be implanted in the middle ear and/or in the inner ear. In some hearing
devices, 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 devices, 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 devices, 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.

[0057] A 'hearing system' refers to a system comprising one or two hearing devices, and a
'binaural hearing system' refers to a system comprising two hearing devices 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 device(s) and affect and/or benefit from the function of the
hearing device(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 devices, 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.

[0058] Embodiments of the disclosure may e.g. be useful in applications such as hearing aids,
headsets, ear phones, active ear protection systems or combinations thereof. The disclosure
may further be useful in audio processing devices comprising signal processing frequency sub-
bands where filter banks In's Involved, e.g. In communication devices, such as mobile
telephones, eftc.
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BRIEF DESCRIPTION OF DRAWINGS

[0059] 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 within the scope defined by the appended claims. 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. 1A shows a first embodiment of an onset detector for a hearing device according to the
present disclosure, and

FIG. 1B shows a second embodiment of an onset detector for a hearing device according to
the present disclosure,

FIG. 2 shows an embodiment of a hearing device comprising an onset detector and a level
adjustment unit according to the present disclosure,

FIG. 3A shows an example of signals involved Iin detection of an onset of a signal comprising
modulation (e.g. speech) in a time range spanning 1 s (1000 ms), and

FIG. 3B shows an example of the adjusted level and the resulting output signal for a power
output limitation algorithm (MPO) exploiting the adjusted level estimate according to the
present disclosure contra the non-adjusted level estimate in the time range of FIG. 3A, and

FIG. 4A shows a time segment between time=160 ms and time=190 ms of the signals of FIG.
3A, and

FIG. 4B shows a time segment between time=160 ms and time=190 ms of the signals of FIG.
3B,

FIG. 5 shows an embodiment of a hearing aid according to the present disclosure comprising a
BT E-part located behind an ear or a user and an ITE part located in an ear canal of the user,
and

FIG. 6 shows a flow diagram for a method of operating a hearing device, e.g. a hearing aid
according to the present disclosure.

[0060] The figures are schematic and simplified for clarity, and they just show details which are
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.
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[0061] 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

[0062] 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 detalls. 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.

[0063] 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.

[0064] The present application relates to the field of hearing devices, e.g. hearing aids, and In
particular to devices and methods for improving temporal performance of time-frequency
signal processing.

[0065] Signal processing algorithms that operate in the time-frequency domain suffer from the
fact that filtering into sub-bands as done with filter banks leads to temporal smearing of very-
short-in-time Input signals such as transients. Examples of such time-frequency processing Is
noise reduction, dynamic range compression and output power limiting in hearing aids. All
these algorithms use level estimation in some form. Level estimation based on filter bank sub-
bands suffers from time delay Iin the analysis stage, even when the fastest possible time
constants are used in the level estimator. This means that input-dependent gain may not be on
time and the processed signal may be corrupted with overshoot artefacts. The problem
Increases with higher frequency resolution and higher number of sub-bands,

[0066] A solution to this problem may be to adjust a level estimator, based on the input signal
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to the filter bank. The level estimator usually consists of a pre-smoother that reduces large
variance at the input and a smoother that gives the correct time-constant behaviour of the final
level estimate. This consists of two parts. 1. Onset Detection and 2. Level Adjustment.

1. Onset Detection

[0067] An onset-detector Is used on the input. The onset detector does the following. If the
first-order derivative of the input signal envelope exceeds a threshold, the level increase iIs
passed on as the onset-detector output.

[0068] FIG. 1A shows a first embodiment of an onset detector for a hearing device according
to the present disclosure.

Input unit:

[0069] The onset detector comprises an input unit (denoted /nput unit In FIG. 1A and box
symbol o Iin FIG. 1B) for providing a time-domain electric input signal y(n) (where n is a time-
sample index) as digital samples at a first rate F¢4 (corresponding to a sampling frequency of

fe, €.g. 10 kHz or more, e.g. 20 kHz or more). The electric input signal y(n) represents a sound

signal in a full-band frequency range (e.g. ~0 Hz to 8 kHz) forming part of the human audible
frequency range (20 Hz to 20 kHz). The output of the Input unit i1s time-domain electric /nput
Signal y(n) and i1s denoted (1) in FIG. 1A and 1B. An example of /nput Signal (1) (Amplitude
versus Time [ms]) is given Iin FIG. 3A (for a time range 0-1000 ms) and in FIG. 4A (as FIG 3A

but only for the time range 160-190 ms) as the /nput Signal (1) in the top, left graph of FIG. 3A
and 4A.

Envelope Estimator

[0070] The onset detector of FIG. 1A further comprises an envelope estimator unit (Envelope
Estimator iIn FIG. 1A). The purpose of the envelope estimator i1s to provide a fast estimate of

the Input signal magnitude at the same rate at in which the onset detector delivers its output.
The operations used are ABS, Buffer, Max and LOG (cf. FIG. 1B). The ABS operation

calculates the signal magnitude at Fg sample rate, the buffer collects a number of D samples

and the max operation takes the largest in the buffer before it is filled with new values. The
maximum value comes therefore at a sample rate of F¢/D. Finally the logarithm iIs taken to

convert the magnitude into a dB scale. The output of the envelope estimator unit is denoted (2)
(@fs/D) In FIG. 1A and 1B. An example of an output of the Envelope Estimator unit (Magnitude
[dB] versus Time [ms]) showing an envelope of the time-domain electric input signal y(n) (/nput
Signal (1)) as given In FIG. 3A and 4A1s shown as the Input Magnitude (2) In the bottom, left
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graph of FIG. 3A and 4A.

Slow Differentiator

[0071] The onset detector of FIG. 1A further comprises a slow differentiator unit (Slow
Differentiator In FIG. 1A). The slow differentiator takes the fast envelope estimate as its input. It
calculates the difference between a smoothed version of the envelope and the envelope itself.
This means that desired fast variations in the envelope are filtered out of the envelope signal.
The output of the slow differentiator unit is denoted (3) in FIG. 1A and 1B. An example of an
output of the Slow Differentiator unit (Magnitude [dB] versus Time [ms]) resulting from the
envelope signal /nput Magnitude (2) as given In FIG. 3A and 4A i1s shown as the Difference
signal (3) In the top, middle graph of FIG. 3A and 4A.

Time Constant Map and 1-st order lIR LP Smoothing

[0072] The onset detector of FIG. 1A further comprises a time constant mapping unit (7ime
Constant Map In FIG. 1A) for determining appropriate time constants (e.g. attack and release
time constants) of a smoothing filtering unit (7-st Order /IR LP Smoothing). The fast variations
of the envelope (output of the Envelope Estimator unit) are then used to control a smoothing
filter (1-st Order IR LP Smoothing) In the envelope signal, such that the envelope i1s smoothed
when it contains small variations and not smoothed when there are large variations, this means
that small variations (noise variance) are removed from the envelope estimate and large
variations (signal onsets and offsets) are maintained. The output of the 7-st Order /IR LP
Smoothing unit Is denoted (4) In FIG. 1A and 1B. An example of an output of the 1-st Order /IR
LP Smoothing unit (Magnitude [dB] versus Time [ms]) resulting from the Difference signal (3)
and the Input Magnitude (2) as given In FIG. 3A and 4Ais shown as the Smoothed Level (4) In
the bottom, middle graph of FIG. 3A and 4A.

Differentiator

[0073] The onset detector of FIG. 1A further comprises a differentiator unit (Differentiator In
FIG. 1A) for providing a time derivative of an Input signal. A differentiator calculates the
difference between the current input values and the previous input value. By doing this, onsets
and offsets are captured from the smoothed envelope signal and occur as spikes In the
differentiator output. (positive spikes for onsets, and negative spikes for offsets). The value of
the spikes represent the level of change In the input signal magnitude. The output of the
Differentiator unit 1s denoted (5) In FIG. 1A and 1B. An example of an output of the
Differentiator unit (Magnitude [dB] versus Time [ms]) resulting from the Smoothed Level (4) as
given In FIG. 3A and 4A1s shown as the Differentiator Output (5) In the top, right graph of FIG.
3A and 4A.
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Clippin

[0074] The onset detector of FIG. 1A further comprises a clipping unit (Clipping In FIG. 1A) for
providing a limitation of an input signal to a certain magnitude range. Clipping is e.g. used to let
positive spikes through and block negative spikes, as to only let information on onsets be
passed through and to block information on offsets. The output of the Differentiator unit Is
denoted (6) In FIG. 1A and 1B. An example of an output of the Clipping unit (Magnitude [dB]
versus Time [ms]) resulting from the Differentiator Output (5) as given In FIG. 3A and 4A Is
shown as the Clipping Output (6) In the bottom, right graph of FIG. 3A and 4A.

An example of an onset detector implementation

[0075] FIG. 1B shows a second embodiment of an onset detector for a hearing device
according to the present disclosure, where some of the units of the embodiment of FIG. 1A are
further detailled out. The embodiments of the blocks that are detailed out In FIG. 1B, are
enclosed by dotted rectangles with the same names as in FIG. 1A. The various nodes (1) - (6)
(for which examples of corresponding signals are lillustrated in FIG. 3A and 4A) are also
Indicated in FIG. 1B.

[0076] The Envelope Estimator unit of FIG. 1A 1s e.g. embodied In units ABS, Buffer, MAX, and
LOG. The purpose of these blocks Is to take the envelope of the electric input signal (Input
signal (1) in FIG. 3A and FIG. 4A), buffer D samples of the signal, take the maximum value
from the buffer each time the buffer is filled with new values and finally calculate the magnitude
In dB (cf. Input Magnitude (2) In FIG. 3A and FIG. 4A).

[0077] The Slow Differentiator unit in FIG. 1A Is e.g. embodied by Smoother unit and sum unit
'+ In FIG. 1B. The embodiment of the Slow Differentiator in FIG. 1B (and the following time
constant mapping units) is configured to smooth the input signal magnitude (signal (2)) by
Input-controlled smoothing such that onsets pass through immediately and a release
mechanism controls how fast the next onset may pass through. The first order derivative of the
smoothed magnitude Is taken and passed on as the detector output. The output value Is a
measure of magnitude of the onset. The value I1s only passed on when it exceeds a certain
threshold, otherwise the detector output is zero.

[0078] The Time Constant Map unit In FIG. 1A In FIG. 1A Is e.g. embodied In FIG. 1B by
discrimination unit denoted >, release time map Re/ Map and attack time map Atk Map units,
and switch unit Switch for providing appropriate release times and attack times to the 7-st
order [IR LP Smoothing unit via combination unit (here multiplication unit) 'X. The
discrimination unit determines whether the input signal increases or decreases and thus
determines whether the Switch unit i1s In release '0' or attack '1' mode. The release time map
Rel Map and attack time map Atk Map units (adaptively) provide appropriate current values of
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attack and release times, respectively, in dependence of the current incremental level changes
(denoted (3) In FIG. 1A and 1B and shown as Difference Signal (3) In FIG. 3A and 4A). The
attack time and release time maps are e.g. step like maps that provide larger attack and
release times at smaller current incremental level changes and smaller attack and release
times at higher current incremental level changes. This results In the 7-st order /IR LP
Smoothing unit providing slower smoothing at lower incremental level changes and faster
smoothing at higher incremental level changes. A transition between lower and higher values
of attack and release times may be binary (step-like) or linear with a predetermined slope or

curved (decreasing time constants with increasing incremental level changes). The maps for
attack and release times may be equal or different. In an embodiment the value of the

Incremental level changes where the time constant starts to decrease is higher for the release
time map than for the attack time map.

[0079] The 7-st Order IIR LP Smoothing unit In FIG. 1A 1s e.g. embodied in FIG. 1B by delay

unit 27 and combination units '+ and 'X' implementing an IIR low pass filter with configurable
smoothing coefficient via output [0, 1] from the Switch unit of the time constant mapping unit to
the multiplication unit 'X' of the IR filter.

[0080] The Differentiator unit is in FIG. 1A is e.g. embodied in FIG. 1B by delay unit z-7 and
combination unit '+', which provide a difference of the input level between a value at given time
unit and the value at the preceding time unit.

[0081] The Input unit, the Clipping unit, and the Output unit In FIG. 1A are not further detailed
out in FIG. 1B.

[0082] FIG. 2 shows an embodiment of a hearing device comprising an onset detector and a
level adjustment unit according to the present disclosure.

[0083] A hearing device, e.g. a hearing aid, may e.g. comprise a forward path comprising an
input unit (cf. /nput unit In FIG. 2), e.g. a microphone, and an analysis filter bank (cf. Analysis
Filter Bank In FIG. 2) configured to provide a time-frequency representation Y(k,m) of the
electric input signal y(n), where k=1, 2, ..., K is a frequency sub-band index, and K is the

number of frequency sub-bands. Each frequency sub-band signal Y(k,m) represents a
frequency sub-band FBy of the full-band frequency range (e.g. O to 8 kHz), and m Is a time

frame Index. The forward path further comprises a combination unit (cf. multiplication unit X' In
FIG. 2) for applying a resulting gain (or attenuation) to the electric input signal Y(k,m) and

providing processed channel signals (e.g. for compensating for a user's hearing impairment),
and a synthesis filter bank (cf. Synthesis Filter Bank in FIG. 2) configured to convert said

processed channel-signals to a time-domain electric signal representing a sound signal. The
forward path further comprises an output unit (cf. Output unit in FIG. 2) for converting the time-
domain electric signal to output stimuli perceivable to a user as sound.

Level Adjustment
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[0084] A Level Estimator (cf. dashed block In FIG. 2) normally consists of ABS (or ABS
Square), smoothing and dB conversion operations. Level adjustment is proposed In such a
way that the smoothing operation includes a pre-smoother (cf. Pre Smoother in FIG. 2) and a
level adjustment stage (cf. unit Level Adjust in FIG. 2), prior to the final smoothing (cf. unit
Smoother In FIG. 2). The final smoothing Is typically integrated with the gain conversion
algorithm (Algorithm In FIG. 2, e.g. a compressive amplification algorithm) as indicated by
dashed outline around the Smoother and Algorithm blocks In FIG. 2. The time constants of the
final smoothing may be fixed or adaptive (configurable), e.g. In dependence of the input signal
(e.g. its level, or change In level), or in dependence of parameters related to the input signal
(e.g. SNR). In an embodiment, the final smoothing unit (Smoother in FIG. 2) have fixed attack
and release times, but different in different frequency bands, and/or the band coupling may be
adaptively determined (e.g. In dependence of the input signal or characteristics of the input
signal).

[0085] VWhen an onset Is detected (i.e. the value from the onset detector ((cf. Onset Detector
unit in FIG. 2) exceeds a certain threshold), the level estimate after the pre-smoother is kept at
a certain level during a certain time (preferably related to the delay of the analysis filter bank,
cf. Analysis Filter Bank in FIG. 2). This fixed level value I1s based on the level-increase which is
given by the onset detector and the actual level observed at the pre-smoother output. This
level value Is e.g. kept for a number of frames, e.g. using a counter. The level returns to the
pre-smoother level when the counter has stopped counting or when the level at the pre-
smoother output exceeds the adjusted level.

[0086] The following parameters can be used to control the behavior of this mechanism:

» Onset threshold; this parameter controls which level-increase to be regarded as onsets;
e Frame counter; this parameter controls for how many frames an adjustment should be
hold (should at least correspond to the filter bank delay).

[0087] More parameters can be added to the system, in order to fine-tune the behavior.

[0088] In an embodiment, a single onset detector can be reused to supply the adjustment for
multiple level estimators, possibly having different criteria for using the output of the onset
detector (e.g. different thresholds for the clipping unit Clipping in FIG. 1A, 1B, which may form
part of the Level Estimator instead of the Onset Detector).

[0089] FIG. 3A shows an example of signals involved In detection of an onset of a signal
comprising modulation (e.g. speech) in a time range spanning 1 s (1000 ms).

[0090] The ©6 graphs of FIG. 3A correspond to corresponding signals of nodes (1)-(6) of the
block diagrams of FIG. 1A and 1B and are described in connection therewith.
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[0091] FIG. 3B shows an example of the adjusted level and the resulting output signal
(Magnitude [dB]) for a power output limitation algorithm (MPO) exploiting the adjusted level
estimate according to the present disclosure contra the non-adjusted level estimate in the time
range of FIG. 3A (1000 ms).

[0092] The two graphs of FIG. 3B illustrate the effect of onset detection and level adjustment
as proposed In the present disclosure when exposed to an input signal as shown Iin FIG. 3A
(Input Signal (1)).

[0093] The top graph shows In solid line the adjusted level estimate provided by the scheme of
the present disclosure, whereas the dotted graph illustrates a non-adjusted level estimate. It
appears that the adjusted level provides a level adjustment of the onset of the signal (as even
more clearly observed in the focused view of FIG. 4B).

[0094] The bottom graph shows the non adjusted and adjusted output signals. The dotted
graph illustrates an output signal that is not subject to processing. The dashed graph illustrates
an output signal that 1s subject to processing but not to level adjustment. The solid graph
llustrates an output signal that has been subject to processing and level adjustment according
to the present disclosure. It is clear that the onset detection and level adjustment according to
the present disclosure removes the spike like overshoot of the non-adjusted signal (dashed
graph). In other words, the algorithm or device according to the present disclosure Is able to
control the gain such that overshoot at the output can be avoided.

[0095] Examples of algorithms that can exploit level-adjustment are dynamic range
compression, maximum power output limiters, fast noise reduction and transient noise
reduction and other algorithms that process signals in the time-frequency domain.

[0096] FIG. 4A shows a time segment between time=160 ms and time=190 ms of the signals

of FIG. 3A, and FIG. 4B shows a time segment between time=160 ms and time=190 ms of the
signals of FIG. 3B.

[0097] The 6 graphs of FIG. 4A correspond to corresponding signals of nodes (1)-(6) of the
block diagrams of FIG. 1A and 1B and are described in connection therewith.

[0098] The two graphs of FIG. 4B illustrate a focused segment FIG. 3B at an onset around 160
ms to 190 ms. The results have been discussed In connection with FIG. 3B but are more
clearly visible in FIG. 4B.

[0099] FIG. 5 shows an embodiment of a hearing aid according to the present disclosure
comprising a BT E-part located behind an ear or a user and an ITE part located in an ear canal

of the user.

[0100] FIG. 5 shows an embodiment of a hearing aid according to the present disclosure
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comprising a BT E-part located behind an ear or a user and an ITE part located in an ear canal
of the user.

[0101] FIG. 5 lllustrates an exemplary hearing aid (HD) formed as a receiver In the ear (RITE)
type hearing aid comprising a BTE-part (BTE) adapted for being located behind pinna and a
part (/TE) comprising an output transducer (e.g. a loudspeaker/receiver, SPK) adapted for
being located In an ear canal (Ear canal) of the user (e.g. exemplifying a hearing aid (HD) as
shown In FIG. 13A, 13B). The BTE-part (BTE) and the |TE-part (/TE) are connected (e.g.
electrically connected) by a connecting element (/C). In the embodiment of a hearing aid of
FIG. 5, the BTE part (BTE) comprises two Input transducers (here microphones) (Mg7ge1,

MpgTE2) each for providing an electric input audio signal representative of an input sound signal
(Sg7e) from the environment. In the scenario of FIG. 5, the input sound signal Sg7= Includes a

contribution from sound source S, S being e.g. sufficiently far away from the user (and thus
from hearing device HD) so that its contribution to the acoustic signal Sg7£ I1s In the acoustic

far-field. The hearing aid of FIG. 5 further comprises two wireless receivers (WLR,, WLR») for

providing respective directly received auxiliary audio and/or information signals. The hearing
ald (HD) further comprises a substrate (SUB) whereon a number of electronic components are
mounted, functionally partitioned according to the application in question (analogue, digital,
passive components, etc.), but including a configurable signal processing unit (SPU), a beam
former filtering unit (BFU), and a memory unit (MEM) coupled to each other and to input and
output units via electrical conductors Wx. The mentioned functional units (as well as other
components) may be partitioned In circuits and components according to the application In
guestion (e.g. with a view to size, power consumption, analogue vs. digital processing, etc.),
e.g. Integrated In one or more Integrated circuits, or as a combination of one or more
Integrated circuits and one or more separate electronic components (e.g. inductor, capacitor,
etc.). The configurable signal processing unit (SPU) provides an enhanced audio signal, which
IS Intended to be presented to a user. In the embodiment of a hearing aid device In FIG. 5, the
ITE part (/TE) comprises an output unit in the form of a loudspeaker (receiver) (SPK) for
converting the electric signal (OUT) to an acoustic signal (providing, or contributing to, acoustic
signal Sgp at the ear drum (Ear drum). In an embodiment, the ITE-part further comprises an

Input unit comprising an input transducer (e.g. a microphone) (M;7g) for providing an electric
Input audio signal representative of an input sound signal S;7= from the environment (including

from sound source S) at or In the ear canal. In another embodiment, the hearing aid may
comprise only the BTE-microphones (Mg7e1, MgT7e5). In another embodiment, the hearing aid

may comprise only the ITE-microphone (M;7g). In yet another embodiment, the hearing aid
may comprise an input unit (/73) located elsewhere than at the ear canal in combination with

one or more Input units located in the BTE-part and/or the ITE-part. The ITE-part further
comprises a guiding element, e.g. a dome, (DO) for guiding and positioning the ITE-part in the
ear canal of the user.

[0102] The hearing aid (HD) exemplified in FIG. 5 1s a portable device and further comprises a
battery (BAT) for energizing electronic components of the BTE- and ITE-parts.
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[0103] The hearing aid (HD) may e.g. comprise a directional microphone system (beam former
filtering unit (BFU)) adapted to enhance a target acoustic source among a multitude of acoustic
sources In the local environment of the user wearing the hearing aid 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 (e.g. a target part and/or a noise part)
originates. In an embodiment, the beam former filtering unit is adapted to receive inputs from a
user interface (e.g. a remote control or a smartphone) regarding the present target direction.
The memory unit (MEM) may e.g. comprise predefined (or adaptively determined) complex,
frequency dependent constants (W) defining predefined or (or adaptively determined) 'fixed’

beam patterns (e.g. omni-directional, target cancelling, etc.), together defining the
beamformed signal YgE.

[0104] The hearing aid of FIG. 5 may constitute or form part of a hearing aid and/or a binaural
hearing aid system according to the present disclosure. The hearing aid comprises an analysis
filter bank and an onset detector and level adjustment unit as described above. The processing
of an audio signal in a forward path of the hearing aid may e.g. be performed fully or partially in
the time-frequency domain. Likewise, the processing of signals in an analysis or control path of
the hearing aid may be fully or partially performed in the time-frequency domain.

[0105] The hearing aid (HD) according to the present disclosure may comprise a user
Interface Ul, e.g. as shown In FIG. 5 implemented in an auxiliary device (AUX), e.g. a remote
control, e.g. implemented as an APP In a smartphone or other portable (or stationary)
electronic device. In the embodiment of FIG. 5, the screen of the user interface (Ul) illustrates
a Level Adjustment APF. Parameters that govern or influence the current onset detection and

adaptive level adjustment, here attack and release coefficients of the low pass filter (75! Order
[IR LP Smoothing In FIG. 1A) (cf. discussion in connection with FIG. 1A, 1B) can be controlled
via the Level Adjustment APP (with the subtitle: 'Configure onset detection parameters'). The
smoothing parameters 'Attack coefficient' and ‘release coefficient’' can be set via respective
sliders to a value between a minimum value (0) and a maximum value (1). The currently set
values (here 0.8 and 0.2, respectively) are shown on the screen at the location of the slider on
the (grey shaded) bar that span the configurable range of values. The arrows at the bottom of
the screen allow changes to a preceding and a proceeding screen of the APP, and a tab on the
circular dot between the two arrows brings up a menu that allows the selection of other APPs
or features of the device.

[0106] The auxiliary device and the hearing aid are adapted to allow communication of data
representative of the currently selected direction (if deviating from a predetermined direction
(already stored in the hearing aid)) to the hearing aid via a, e.g. wireless, communication link
(cf. dashed arrow WL2 In FIG. 5). The communication link WL2 may e.g. be based on far field
communication, e.g. Bluetooth or Bluetooth Low Energy (or similar technology), implemented
by appropriate antenna and transceiver circuitry in the hearing aid (HD) and the auxiliary
device (AUX), indicated by transceiver unit WLR> In the hearing aid.
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[0107] FIG. 6 shows a flow diagram for a method of operating a hearing device, e.g. a hearing
ald according to the present disclosure.

[0108] The method comprises

S1. providing a time-domain electric input signal y(n) representing a sound signal in a full-band
frequency range forming part of the audible human frequency range, n being a time-sample
Index;

S2. converting said electric input signal y(n) to a time-frequency representation Y(k,m), where
k=1, 2, ..., Kis a frequency sub-band index, K being the number of frequency sub-bands, and
each frequency sub-band signal Y(k,m) representing a frequency sub-band FBy of the full-

band frequency range, and m is a time frame index;

S3. executing one or more processing algorithms for processing a signal of the forward path In
a number of processing channels, each comprising one or more of said frequency sub-bands,
and providing a number of processed channel-signals;

S4. converting said processed channel-signals to a time-domain electric signal representing a
sound signal,

S5. determining a current first order derivative of said time-domain electric input signal y(n), or
a signal derived therefrom before said conversion to a time-frequency representation Y(k,m),
and providing an onset control signal;

S6. estimating a current level of said frequency sub-band signals Y(k,m) or frequency sub-
band signals derived therefrom,

S7. adjusting the current levels of said frequency sub-band signals, or signals derived
therefrom, and

S8. controlling said level adjustment in dependence of said onset control signal.

[0109] 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.

[0110] 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
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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
isted items.

[0111] The claims are not intended to be Iimited 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.

[0112] Accordingly, the scope should be judged in terms of the claims that follow.
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Patentkrav

1. Hereanordning, for eksempel et h@areapparat, der omfatter
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* En fremfaringsve), der | det mindste omfatter de felgende operativt
forobundne enheder

o En Indgangsenhed (Indgangsenhed) til tilvejebringelse af et elektrisk
tidsdomeaene-indgangssignal y(n) som digitale aftastninger ved en
ferste hastighed Fs1, hvor det elektriske indgangssignal y(n)
repraesenterer et lydsignal i et fuldbands-frekvensomrade, der danner
en del af det menneskelige harbare frekvensomrade, hvor n er et tids-
aftastnings-indeks,

o En analysefilterbank (Analysefilterbank), der er konfigureret til at
tilvejebringe en tidsfrekvens-repraesentation Y(k,m) for det elektriske
Indgangssignal y(n), hvor k=1, 2, ..., K er et
frekvensunderbandsindeks, K er antallet af frekvensunderband, og
hvert frekvensunderbandssignal Y(k,m) repraesenterer et
frekvensunderband FBk for fuldbands-frekvensomradet, og m et et
tidsrammeindeks,

hvor h@reanordningen yderligere omfatter

« En onset-detektor (Onset-Detektor), der er konfigureret til at
modtage det elektriske tidsdomeaene-indgangssignal y(n) fer det gar
INd 1 analysefilterbanken (Analysefilterbank), og til at bestemme en
aktuel farste ordens afledning af en indnhylling af det elektriske
tidsdomeaene-indgangssignal y(n), eller et signal afledt derfra, og til at
tilvejebringe et onset-styresignal, der er atheengigt deraf;

* En niveauestimeringsenhed (Niveauestimator) til at estimere et
aktuelt niveau for frekvensunderbandssignalerne Y(k,m) eller
frekvensunderbandssignaler afledt derfra, hvor
niveauestimeringsenheden (Niveauestimator) omfatter

o En niveaujusteringsenhed (Niveaujustering), der er konfigureret til at
modtage frekvensunderbandssignalerne fra analysefilterbanken
(Analysefilterbank), eller signaler afledt derfra, og til at justere deres
aktuelle niveauestimater, og til at styre niveaujusteringen |
afheengighed af onset-styresignalet,

KENDETEGNET VED, AT onset-detektoren (Onset-Detektor) omfatter
en Indhyllingsestimatorenhed (Indhylling Estimator) til at estimere
iIndnhyllingen, hvor indhyllingsestimatorenheden omfatter

o En ABS-enhed (ABS) til at tilvejebringe en starrelse af det elektriske
tidsdomeaene-indgangssignal y(n) eller et signal afledt derfra ved den
farste hastighed Fs1,

o En buffer-enhed (Buffer) med en buffer-starrelse D til buffering af D
aftastninger af starrelsen for det elektriske tidsdomeene-
iIndgangssignal, og

o En MAX-enhed (MAX) til bestemmelse af en maksimal
starrelsesveerdi blandt D aftastninger af starrelsen for det elektriske
tidsdomaene-indgangssignal, der | @jeblikket lagres | buffer-enheden,
hvor en maksimal veerdi er tilvejebragt ved en anden hastighed

Fs2, der er mindre end den ferste hastighed Fsi.



10

15

20

25

30

35

40

45

DK/EP 3253074 T3

2. Horeanordning ifelge krav 1, hvor onset-detektoren (Onset-Detektor) er
konfigureret til at tilvejebringe onset-styresignalet ved den anden hastighed
Fs2.

3. Hereanordning Ifelge krav 1 eller 2, hvor indhyllingsestimatorenheden
(Indhyllingsestimator) omfatter en differentiator til bestemmelse af den ferste
ordens afledning af indhyllingen for tidsdomeaenet ved et elektrisk
Indgangssignal eller et signal afledt derfra og til at tilvejebringe onset-
styresignalet, der er afhaengigt deraf.

4. Hereanordning Ifalge et hvilket som helst af kravene 1-3, der er
konfigureret til at modificere onset-styresignalet ifelge et foruddefineret
Kriterium
« til at veere lig med en konstant veerdi, nar den aktuelle veerdi for den
ferste ordens afledning ligger under en onset-teerskelveerdi, og
* til at veere lig med den aktuelle veerdi for den ferste ordens afledning,
nar den ligger over en onset-taerskelveerdi.

5. Hereanordning ifalge et hvilket som helst af kravene 1-4, hvor
niveauestimeringsenheden (Niveauestimator) omfatter en
forudglatningsenhed (Forudglatter) til at reducere stor varians |
frekvensunderbandssignalerne, eller signaler afledt derfra, og til at
tilvejebringe forudglattede niveauer af frekvensunderbandssignalerne.

6. Horeanordning ifalge et hvilket som helst af kravene 1-5, der omfatter en
sidste udglatningsenhed (Udglatter) til at udglatte de justerede niveauer fra
niveaujusteringsenheden (Niveaujustering).

/. Hereanordning Ifelge krav 6, hvor den sidste udglatningsenhed (Udglatter)
kan konfigureres, idet den tilvejebringer dynamisk bestemte angrebs- og
frigivelses-tidskonstanter, som anvendes til bestemmelsen af de sidste
niveauestimater af frekvensunderbandssignalerne, eller signaler afledt derfra.

8. Hareanordning ifalge et hvilket som helst af kravene 5-7, hvor
niveaujusteringsenheden (Niveaujustering) er konfigureret til at basere
niveaujusteringen pa niveausendringen, som er givet af onset-detektoren
(Onset-Detektor) og det forudglattede niveau, der er observeret ved
udgangen af forudglatningsenheden (Forudglatter).

9. Hereanordning ifalge et hvilket som helst af kravene 1-8, hvor
niveaujusteringsenheden (Niveaujustering) er konfigureret til at bibeholde det
justerede niveauestimat pa et bestemt niveau i en foruddefineret tid.

10. Hereanordning ifelge et hvilket som helst af kravene 1-9, hvor
niveaujusteringsenheden (Niveaujustering) omfatter en teeller og er
konfigureret til at bibeholde det justerede niveauestimat | et antal tidsrammer,
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der er mindre end et taerskelantal.

11. Hereanordning ifelge et hvilket som helst af kravene 1-10, der omfatter
en signalbehandlingsenhed, der er konfigureret til at udfere en eller flere
behandlingsalgoritmer til behandling af et signal til fremfaringsvejen | et antal
af behandlingskanaler, hvor hver behandlingskanal omfatter en eller flere af
frekvensunderbandene, og tilvejebringelse af et antal af behandlede
kanalsignaler, hvor signalbehandlingsenheden er konfigureret til at modtage
det aktuelle niveau for frekvensunderbandssignalerne Y(k,m) eller
frekvensunderbandssignaler afledt derfra fra niveauestimeringsenheden og til
at styre den ene eller de flere behandlingsalgoritmer | afheengighed deraf.

12. Hereanordning ifelge et hvilket som helst af kravene 5-11, der er
konfigureret til at bevare niveauestimatet efter forudglatningsenheden
(Forudglatter) ved et fast niveau i en farste tidsperiode, nar en onset, der er
detekteret af onset-detektoren (Onset-Detektor), overstiger en bestemt
teerskel, hvor den faste niveauveaerdi bestemmes | afhaengighed af
niveaustigningen, der er givet af onset-detektoren og det faktiske niveau,
som er observeret ved udgangen af forudglatningsenheden (Forudglatter).

13. Hereanordning ifelge krav 12, hvor den farste tidsperiode er afhaengig af
en forsinkelse af analysefilterbanken (Analysefilterbank).

14. Hereanordning Ifelge krav 12 eller 13, der er konfigureret til at
tilvejebringe, at niveauestimatet vender tilbage til forudglatningsniveauet, nar
den farste tidsperiode er udlgbet, eller nar niveauet ved udgangen af
forudglatningsenheden (Forudglatter) overstiger det justerede niveau.

15. Hereanordning ifelge et hvilket som helst af kravene 1-14, der omfatter et
hareinstrument, et headset, en arebeskyttelsesanordning eller en
kombination deraf.

16. Fremgangsmade til betjening af en h@reanordning, for eksempel et

hareapparat, hvor fremgangsmaden omfatter
* tilvejebringelse af et elektrisk tidsdomaene-indgangssignal y(n) som
digitale aftastninger ved en farste hastighed Fs1, der repraesenterer et
lydsignal i et fuldbands-frekvensomrade, der danner en del af det
menneskelige harbare frekvensomrade, hvor n er et tids-aftastnings-
INdeks:;
» konvertering af det elektriske indgangssignal y(n) til en tidsfrekvens-
repraesentation Y(k,m), hvor k=1, 2, ..., Ker et
frekvensunderbandsindeks, K er antallet af frekvensunderband, og
hvert frekvensunderbandssignal Y(k,m) repreesenterer et
frekvensunderband F Bk af fuldbands-frekvensomradet, og m er et
tidsrammeindeks:

hvor fremgangsmaden yderligere omfatter
» pestemmelse af en aktuel f@rste ordens afledning af det elektriske
tidsdomeaene-indgangssignal y(n), eller et signal afledt derfra fer
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4

konverteringen til en tidsfrekvens-repraesentation Y(k,m), og
tilvejebringelse af et onset-styresignal;

» estimering af et aktuelt niveau for frekvensunderbandssignalerne
Y(k,m) eller frekvensunderbandssignaler afledt derfra,

» justering af de aktuelle niveauer af frekvensunderbandssignalerne,
eller signaler afledt derfra, og

» styring af niveaujusteringen | afhaengighed af onset-

styresignalet, KENDETEGNET VED, AT fremgangsmaden yderligere
omfatter

» estimering af indhyllingen, hvor estimeringen omfatter

o tilvejebringelse af en starrelse af det elektriske tidsdomeaene-
Indgangssignal y(n) eller et signal afledt derfra ved den farste
hastighed Fs1,

o buffering af D aftastninger af starrelsen for det elektriske
tidsdomeaene-indgangssignal, og

o bestemmelse af en maksimal sterrelsesveerdi blandt D
aftastningerne af starrelsen for det elektriske tiasdomaene-
Indgangssignal, der | gjeblikket lagres | buffer-enheden, hvor en
maksimal veerdi er tilvejebragt ved en anden hastighed Fs2, der er
mindre end den ferste hastighed Fs1.
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Configure onset detection | ~
parameters | S

Attack coefficient [0; 1]
Slide o select

Release coefficient
[0; 1]. Slide to select




Slh\\a

a full-band frequency range forming part of the audible human fiequency range,

1 being a time-sample index;

Providing a time-domain electric input signal y(n) representing a sound signalin |

42
D

Converting said clectric input signal ¥(n) 1o a nme-frequency representation
Y m), where k=1, 2, ..., K18 a frequency sub-band index,; K being the qumber

a frequency sub-band FBy of the full-band frequency range, and m1s a fime

frame 1ndex;

of [requency sub-bands, and each frequency sub-band signal Y{k,m) representing |

L — |

Hxecuting one or more processing algorithms for processing a signal of the
forward path in a mumber of processing channels, each comiprising one or mare
of said frequency sub-bands, and providing a number of processed channel-
signals;

st~

Converting said processed charmel-signals to a tme-domain electric signal
| represeniing a sound sigoal,

Q5 ~_ Determining a current first order derivative of said time-domain electric input

=1

signal vin), or a signal derived therefrom before said conversion 1o a timg-
frequency representahon Y(k,m), and providing an onset conlrol signal,

Estimating a current level of said frequency sub-band signals Y{k,m) or

56 ~_ frequency sub-band signals derived therefrom,

!g

Adjusting the current levels of said frequency sub-band signals, or signals

57 ~_ derived therefrom, and

88\\“

Controlling said level adjpustment i dependence of said onset control signal.
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