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DESCRIPTION

FIELD OF TECHNOLOGY

[0001] The present invention relates to a hearing device, such as a hearing aid, with digital
feedback suppression circuitry having parameters that are initialised, e.g. during fitting of the
hearing device to a specific user.

BACKGROUND

[0002] Feedback is a well known problem in hearing devices and systems for suppression and
cancellation of feedback are well-known in the art, see e.g., US 5,619,580, US 5,680,467 and
US 6,498,858.

[0003] Conventionally, a Digital Feedback Suppression Circuit is employed in hearing devices
to suppress the feedback signal from the receiver output. During use, the Digital Feedback
Suppression Circuit estimates the feedback signal, e.g. utilising one or more digital adaptive
filters that model the feedback path. The feedback estimate from the Digital Feedback
Suppression Circuit is subtracted from the microphone output signal to suppress the feedback
signal.

[0004] The feedback signal may propagate from the receiver back to the microphone along an
external signal path outside the hearing device housing and along an internal signal path inside
the hearing device housing.

[0005] External feedback, i.e. propagation of sound from the receiver to the microphone of the
hearing device along a path outside the hearing device, is also known as acoustical feedback.
Acoustical feedback occurs, e.g., when a hearing device ear mould does not completely fit the
wearer's ear, or in the case of an ear mould comprising a canal or opening for, e.g., ventilation
purposes. In both examples, sound may "leak" from the receiver to the microphone and
thereby cause feedback.

[0006] Internal feedback may be caused by sound propagating through air inside the hearing
device housing, and by mechanical vibrations in the hearing device housing and in
components inside the hearing device housing. The mechanical vibrations are generated by
the receiver and are transmitted to other parts of the hearing device, e.g. through receiver
mounting(s). In some hearing devices, the receiver is flexibly mounted in the housing, whereby
transmission of vibrations from the receiver to other parts of the hearing device is reduced.

[0007] WO 2005/081584 discloses a hearing device having two separate digital feedback
suppression circuits, namely one for compensation of the internal mechanical and acoustical
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feedback and one for compensation of the external feedback.

[0008] The external feedback path extends "around" the hearing device and is therefore
usually longer than the internal feedback path, i.e. sound has to propagate a longer distance
along the external feedback path than along the internal feedback path to get from the receiver
to the microphone. Accordingly, when sound is emitted from the receiver, the part of it
propagating along the external feedback path will arrive at the microphone with a delay in
comparison to the part propagating along the internal feedback path. Therefore, it is preferred
that the separate digital feedback suppression circuits operate on first and second time
windows, respectively, and that at least a part of the first time window precedes the second
time window. Whether the first and second time windows overlap or not, depends on the length
of the impulse response of the internal feedback path.

[0009] While external feedback may vary considerably during use, internal feedback is more
constant and typically coped with during the manufacturing process.

[0010] It is well-known that accurate initialisation of the Digital Feedback Suppression Circuit is
essential for effective suppression of feedback in the hearing device. Although in principle, an
adaptive filter automatically adapts to changes of the feedback path, there are limitations to the
extent and accuracy of feedback path changes that the adaptive filter can track. However,
accurate initialization of the Digital Feedback Suppression Circuit leads to fast and accurate
modelling of the feedback path response and effective feedback suppression during
subsequent operation by provision of a starting point for the adaptation that is close to the
desired end result. The initialisation may take place during a fitting session and possibly
whenever the user turns the hearing device on.

[0011] Typically, the Digital Feedback Suppression Circuit is initialized during fitting of the
hearing device to a specific user. The hearing device is connected to a PC, and a probe signal
is transmitted to the receiver, and based on the microphone output signal that includes a
response to the probe signal, the impulse response of the feedback path is estimated.
Typically, the probe signal is 10 seconds long and has a high level that disturbs the user. In
order to allow the user to adapt to the probe signal, the probe signal is ramped linearly on a
logarithmic scale from zero during one second preceding the ten seconds constant signal level
of the probe signal. The received microphone output signal is transmitted to the PC and the
respective impulse response is calculated. Then the PC determines the parameters required
by the Digital Feedback Suppression Circuit, e.g. filter coefficients of fixed digital filters and
initial filter coefficients of an adaptive digital filter, to be capable of modelling the feedback path.

[0012] In a hearing device with more than one microphone, e.g. having a directional
microphone system, the hearing device may comprise separate Digital Feedback Suppression
Circuits for each microphone that are initialised separately utilising the same probe signal.

[0013] Hearing device users have complained about discomfort and pain during the
initialisation process.



DK/EP 3185586 T3

[0014] Recently, open solutions have emerged. In accordance with hearing device terminology,
a hearing device with a housing that does not obstruct the ear canal when the housing is
positioned in its intended operational position in the ear canal; is categorized "an open
solution”. The term "open solution” is used because of the passageway between a part of the
ear canal wall and a part of the housing allowing sound waves to escape from behind the
housing between the ear drum and the housing through the passageway to the surroundings
of the user. With an open solution, the occlusion effect is diminished and preferably
substantially eliminated.

[0015] Typically, a standard sized hearing device housing which fits a large number of users
with a high level of comfort represents an open solution.

[0016] Open solutions may lead to feedback paths with long impulse responses, since the
receiver output is not separated from the microphone input by a tight seal in the ear canal. This
makes the feedback path relatively open leading to a long impulse response which may further
increase the required duration of the probe signal for estimation of the feedback path.

[0017] Thus, it is desirable to provide a way of initialising the Digital Feedback Suppression
Circuit that reduces user discomfort during the initialisation process.

[0018] EP 2 205 005 A1 discloses a hearing instrument with digital feedback suppression
circuitry having parameters that are initialised, e.g. during fitting of the hearing instrument to a
specific user, according to a method of modelling a feedback path from a receiver to a
microphone of the hearing instrument, comprising the initialisation steps of transmitting an
electronic probe signal to the receiver for conversion into an acoustic probe signal output by
the receiver while recording the microphone output signal, and determining at least one
parameter of the feedback path based on the recorded microphone output signal, and wherein
the step of transmitting a probe signal to the receiver comprises the steps of increasing the
level of the probe signal while monitoring values of a first quality parameter calculated based
on the recorded microphone output signal, and refraining from further increasing the level of
the probe signal when the determined first quality parameter has reached a predetermined first
threshold value.

[0019] Document US 3,848,091 A discloses a method of fitting a prosthetic device for providing
compensatory amplification for aurally handicapped persons. The method includes the steps of
determining absolute threshold information and tone discomfort information.

[0020] Document WO 96/35314 A1 discloses a process for controlling a programmable or
program-controllable hearing aid for in-situ adjustment of said hearing aid to an optimum target
gain in one or more frequency bands by establishing the hearing threshold level of the wearer
for one or more frequency bands. Document US 2017/0270292 A1 discloses a sound
processor including a module configured to identify a feedback artefact in a current sample of
an input spectral component by determining that a change in a signal level of an input spectral
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component is approximately equal to a predicted change. The predicted change may be based
on one or more characteristics of an external feedback loop.

SUMMARY

[0021] Accordingly, a new initialisation process is provided wherein the signal level as a
function of time and the duration of the probe signal is set as required for appropriate
initialization of the Digital Feedback Suppression Circuit. The initialisation process is finalized
with a time period during which the signal level of the probe signal is decreased so that the
initialisation process is terminated with a signal level of the probe signal that is smaller than a
previous signal level, such as a peak level, an average level, an rms level, etc., of the probe
signal during the initialisation process before optional turn-off of the probe signal or lowering of
the signal level to an inaudible level.

[0022] Discomfort experienced by the user that has to listen to the probe signal is alleviated by
decreasing the signal level of the probe signal at the end of the initialisation process due to the
so-called "peak/end rule” and "duration neglect” discovered by Nobel Prize winner in
Economics Daniel Kahneman, see Daniel Kahneman and Richard H. Thaler: "Anomalies: Utility
Maximization and Experienced Ultility", The Journal of Economic Perspectives, Vol. 20, No. 1
(Winter, 2006), pp. 221-234, published by American Economic Association.

[0023] By "duration neglect”, retrospective evaluations of episodes are radically insensitive to
variations of duration.

[0024] By the "peak/end rule", extending a period of pain can improve its remembered utility if
the peak is unchanged and the new end is less aversive than the original end.

[0025] Thus, a first period of high pain followed by a second period of reduced pain was rated
less painful than the first period experienced alone, i.e. ending abruptly.

[0026] This observation is utilized in the new initialisation process to alleviate user discomfort
caused by the probe signal.

[0027] For example, the initialisation process may be finalized with a time period during which
the signal level of the probe signal is decreased linearly from its current value, e.g. by more
than 1 %, such as by more than 2 %, such as by more than 5 %, such as by more than 10 %,
such as by more than 20 %, such as by more than 50 %, etc., below a previous signal level,
such as a peak signal level, an average signal level, an rms signal level, etc., of the probe
signal.

[0028] The initialisation process may be finalized with a time period during which the signal
level of the probe signal is decreased in one or more steps of similar magnitude from its
current value, e.g. by more than 1 %, such as by more than 2 %, such as by more than 5 %,
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such as by more than 10 %, such as by more than 20 %, such as by more than 50 %, etc. ,
below a previous signal level, such as a peak signal level, an average signal level, an rms
signal level, etc., of the probe signal.

[0029] The initialisation process may be finalized with a time period during which the signal
level of the probe signal is decreased linearly on a logarithmic scale, e.g. by more than 1 dB,
such as by more than 2 dB, such as by more than 3 dB, such as by more than 4 dB, such as
by more than 5 dB, such as by more than 6 dB, etc., , below a previous signal level, such as a
peak signal level, an average signal level, an rms signal level, etc., of the probe signal.

[0030] The time period of finalizing the initialisation process during which the signal level of the
probe signal is decreased, may be more than 10 %, such as more than 20 %, more than 30 %,
more than 40 %, more than 50 %, more than 60 % of the time period required for appropriate
initialization of the Digital Feedback Suppression Circuit.

[0031] The initialisation process may have finalized initialisation of parameters of the Digital
Feedback Suppression Circuit before finalizing the initialisation process with a time period
during which the signal level of the probe signal is decreased.

[0032] The initialisation process may continue initialisation of parameters of the Digital
Feedback Suppression Circuit during finalizing the initialisation process with a time period
during which the signal level of the probe signal is decreased.

[0033] The initialisation process may start with ramping of the probe signal, e.g. linearly on a
logarithmic scale, from a low level, such as an inaudible level, e.g. a zero level, while the value
of a first quality parameter is monitored. When the first quality parameter value has reached a
predetermined first threshold value, the probe signal is kept constant at the corresponding
signal level while the value of a second quality parameter is monitored. VWhen the second
quality parameter value has reached a predetermined second threshold value, the probe
signal level is decreased again, e.g. to an inaudible level, e.g. is turned off.

[0034] Accordingly, a new initialisation process is provided wherein the signal level as a
function of time and the duration of the probe signal is set as required for appropriate
initialization of the Digital Feedback Suppression Circuit, and wherein the initialisation process
is finalized with a time period during which the signal level of the probe signal is decreased so
that the initialisation process is terminated with a signal level of the probe signal that is lower
than a previous peak signal level of the probe signal during the initialisation process before
optional turn-off of the probe signal or lowering of the probe signal level to an inaudible level.

[0035] The level and duration of the probe signal may be kept at a minimum required for
appropriate initialization of the Digital Feedback Suppression Circuit. Initially, the probe signal
may be ramped, e.g. linearly on a logarithmic scale, from a low level, such as an inaudible
level, e.g. a zero level, while the value of a first quality parameter is monitored. When the first
quality parameter value has reached a predetermined first threshold value, the probe signal is
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kept constant at the corresponding signal level while the value of a second quality parameter is
monitored. WWhen the second quality parameter value has reached a predetermined second
threshold value, the initialisation process is finalized by decreasing the signal level of the probe
signal level as explained above.

[0036] The signal level may be defined as the sound pressure level (SPL) the hearing device
generates, e.g. in front of the tympanic membrane, or at the acoustic input of a microphone of
the hearing device or of a separate microphone that is not a part of the hearing device.

[0037] The sound pressure level is a logarithmic measure of the rms sound pressure of a
sound relative to a reference value. It is measured in decibels (dB). The commonly used
reference sound pressure in air is 20 pPa (rms), which is usually considered the threshold of
human hearing.

[0038] The sound pressure level is controlled by the signal level, e.g. the rms value, of the
electronic input signal to the receiver of the hearing device.

[0039] The resulting sound pressure level need not be determined. The resulting maximum
sound pressure level reached will be a function of the first and second threshold values of the
first and second quality parameters, respectively.

[0040] The sound pressure level may be determined at selected frequencies, or within a
selected frequency range, or as a function of frequency, or, the sound pressure level may be
determined in substantially the whole frequency range of the probe signal.

[0041] During monitoring of the quality parameters, the quality parameter in question is
calculated repeatedly based on the microphone output signal and successive values of the
quality parameter are compared to the relevant first or second threshold value.

[0042] Increasing values of the first or second quality parameter may indicate increased quality
of the microphone output signal. For a quality parameter of this type, the quality parameter
starts at a low value and gradually increases. The respective first or second threshold value is
reached when the quality parameter in question is larger than or equal to the respective
threshold value.

[0043] For another type of quality parameter, decreasing values of the quality parameter
indicate increased quality of the microphone output signal. For a quality parameter of this type,
the quality parameter starts at a high value and gradually decreases. The respective threshold
value is reached when the quality parameter in question is less than or equal to the threshold
value.

[0044] For example, the first quality parameter may relate to differences in the determined
impulse response of the feedback path. Ramping of the probe signal may be stopped when the
determined impulse response has become sufficiently stable, i.e. when the first quality



DK/EP 3185586 T3

parameter, being a measure of a difference in successively determined impulse responses, is
equal to or less than the first threshold value.

[0045] As another example, the first quality parameter may relate to the signal level at a
microphone of the hearing device, or at an external microphone that is not a part of the
hearing device, for example the first quality parameter may be equal to, or a function of, the
rms value of the electronic output signal of the microphone in question.

[0046] Thus, a new method according to claim 1 is provided for modelling a feedback path
from a receiver to a microphone in a hearing device. In an aspect it comprises the steps of
transmitting an electronic probe signal with a maximum allowable signal level and duration to
the receiver for conversion into an acoustic probe signal output by the receiver whiles
recording the microphone output signal, and

determining at least one parameter of the feedback path based on the recorded microphone
output signal, and

finalizing the transmitting by decreasing the signal level of the probe signal so that the
transmitting is terminated with a signal level of the probe signal that is smaller than a previous
signal level of the probe signal.

[0047] The step of determining at least one parameter of the feedback path may be completed
before finalizing the transmitting with decreasing the signal level of the probe signal.

[0048] The step of determining at least one parameter of the feedback path may continue
during finalizing the transmitting with decreasing the signal level of the probe signal.

[0049] The step of transmitting the probe signal may further comprise the steps of

monitoring values of a second quality parameter calculated based on the recorded microphone
output signal, and

terminating transmission of the probe signal to the receiver when the determined second
quality parameter has reached a predetermined second threshold value.

[0050] The first quality parameter and the second quality parameter may be identical.

[0051] The method may further comprise the step of estimating the impulse response of the
feedback path.

[0052] At least one of the first quality parameter and the second quality parameter may be a
parameter of the impulse response.

[0053] The parameter of the impulse response may be selected from the group consisting of
the peak to peak ratio of head and tail parts of the impulse response,

noise to noise ratio of head and tail parts of the impulse response, and peak to signal to noise
ratio of the impulse response.
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[0054] In one embodiment, the Digital Feedback Suppression Circuit comprises a fixed IIR
filter, and an adaptive FIR filter. The adaptive FIR filter coefficients may be updated based on
minimisation of least means squared error. An adaptive filter may also be utilised that is
allowed to adapt during the initialisation process. After initialisation, the filter continues its
operation with frozen filter coefficients so that the filter operates as a static filter.

[0055] The probe signal may be a maximum length sequence, e.g. a repeated 255-sample
maximum length sequence, a broadband noise signal, etc. With a maximum length sequence,
generation of standing waves is avoided.

[0056] The recorded microphone output signal that includes a response to the probe signal
may be uploaded to an external computer that is adapted for estimating the feedback signal
path and for transferring the estimate to the Digital Feedback Suppression Circuit, e.g. by
transferring determined parameters to the Digital Feedback Suppression Circuit, such as filter
coefficients of fixed digital filters and of an adaptive digital filter.

[0057] In one embodiment, the Digital Feedback Suppression Circuit comprises an adaptive
filter that is allowed to adapt during transmission of the probe signal to the receiver.
Initialisation may be terminated when the changes of the filter coefficients have become less
than a predetermined threshold value constituting the second threshold value, the change of
the filter coefficients from one adaptation cycle to the next constituting the second quality
parameter value.

[0058] According to the provided method, user discomfort is reduced or eliminated due to use
of a probe signal with a signal level or amplitude which is sufficiently large to facilitate
estimation of the feedback path, but not larger than required.

[0059] Determination of the required probe signal level may be performed starting
transmission of the probe signal to the receiver from a low level, e.g. a inaudible level, such as
0 dBgpL, and gradually increasing the level of the probe signal until the impulse response of

the feedback path is deemed to be of sufficient quality for determination of the required
parameters, e.g. by monitoring changes in a determined parameter of the impulse response
constituting the first quality parameter and stopping increase of the level of the probe signal
when the changes are less than the first threshold value.

[0060] A maximum allowable signal level and duration of the probe signal may be imposed,
e.g., which are equivalent to what the standard initialization signal level and duration would
have been according to the conventional initialisation process.

[0061] Likewise, transmission of the probe signal at the determined constant level may be
stopped when impulse response determination is deemed to be of sufficient quality thereby

making duration of the probe signal as short as possible.

[0062] The determined required level of the probe signal may vary in dependence of the type
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and model of the hearing device, and the type of fitting (open/closed).

[0063] The rate of increase and/or decrease of the probe signal level may be varied in
dependence of the expected required signal level and a predetermined time period set to
reach the expected required signal level. The expected signal level may for example be 85
dBgp_ for a non-hearing impaired user. At the level of 85 dBgp|, there is generally no

discomfort experienced by a person of normal hearing. It should be noted that hearing
impaired users are generally subjected to far higher initialization levels, such as 102 DBgpy.

The level may reach the maximum of the output level of the device (e.g. 120 dBgpL) but is

limited at a level which limits distortion caused from overdriving the receiver.

[0064] Calculations of the first and second quality parameters and parameters of a Digital
Feedback Suppression Circuit may be performed in a computer external to the hearing device
and thus, a bi-directional data communication link may be established between the hearing
device and the external computer as is well-known in the art. The external computer may
receive the microphone output signal and may control the probe signal generator, e.g., start
and stop signal generation by the probe signal generator, current signal level of the probe
signal generator output, etc., in accordance with calculations of the first and possibly the
second quality parameter.

[0065] Calculations and control required to perform the initialisation process may be shared
between the external computer and the hearing device in a variety of ways, e.g. all required
tasks of the initialisation process may be performed in the hearing device provided that the
signal processor has sufficient computational power and memory for the corresponding
program to be executed.

[0066] Thus, a hearing device according to claim 12 is provided. In an aspect it comprises a
microphone for converting incoming sound into an audio signal,

a Digital Feedback Suppression Circuit for modelling a feedback path of the hearing device,

a signal processor for processing the audio signal into a processed audio signal,

a receiver connected to an output of the signal processor for converting the processed audio
signal into a sound signal,

a probe signal generator for generation of a probe signal to the receiver for conversion into an
acoustic probe signal output by the receiver, and wherein the signal processor is further
configured for operation in accordance with the method of modelling a feedback path from the
receiver to the microphone.

[0067] The signal processor may be configured for
recording the microphone output signal,

determining parameters of the Digital Feedback Suppression Circuit based on the recorded
microphone output signal, and

finalizing the transmitting by decreasing the signal level of the probe signal.
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[0068] The signal processor may further be configured for

monitoring values of a second quality parameter calculated based on the recorded microphone
output signal, and

terminating transmission of the probe signal to the receiver when the determined second
quality parameter has reached a predetermined second threshold value.

[0069] The signal processor may further be configured for estimating the impulse response of
the feedback path.

[0070] The Digital Feedback Suppression Circuit may form a feed forward control circuit.

[0071] The Digital Feedback Suppression Circuit may form a feedback

control circuit and thus, in another aspect a hearing device is provided comprising

a microphone for converting incoming sound into an audio signal,

a Digital Feedback Suppression Circuit for generating a feedback compensation signal by
modelling an external feedback path of the hearing device,

a subtractor for subtracting the feedback compensation signal from the audio signal to form a
feedback compensated audio signal,

a signal processor connected for reception of the feedback compensated audio signal and
configured for processing the compensated audio signal,

a receiver connected to an output of the signal processor for converting the processed signal
into a sound signal,

a probe signal generator for generation of a probe signal to the receiver for conversion into an
acoustic probe signal output by the receiver, and wherein the signal processor is further
configured for

recording the microphone output signal, and

determining parameters of the Digital Feedback Suppression Circuit based on the recorded
microphone output signal,

wherein the signal processor is further configured for

increasing the level of the probe signal while

monitoring values of a first quality parameter calculated based on the recorded microphone
output signal, and

maintaining the level of the probe signal at a constant level when the determined first quality
parameter has reached a predetermined first threshold value.

[0072] The Digital Feedback Suppression Circuit may be included in the signal processor.

[0073] The hearing device may be a hearing aid, such as a BTE, RIE, ITE, ITC, or CIC, etc.,
hearing aid including a binaural hearing aid.

[0074] The hearing device may be a headset, headphone, earphone, ear defender, or
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earmuff, etc., such as an Ear-Hook, In-Ear, On-Ear, Over-the-Ear, Behind-the-Neck, Helmet, or
Headguard, etc.

[0075] For example, the new hearing device is a new hearing aid comprising a hearing loss
processor that is configured to process the audio signal in accordance with a predetermined
signal processing algorithm to generate a hearing loss compensated audio signal
compensating a hearing loss of a user.

[0076] Processing, including signal processing, in the new hearing device may be performed
by dedicated hardware or may be performed in a signal processor, or performed in a
combination of dedicated hardware and one or more signal processors.

[0077] As used herein, the terms "processor”, "central processor”, "message processor",
"signal processor”, "controller”, "system", etc., are intended to refer to CPU-related entities,
either hardware, a combination of hardware and software, software, or software in execution.
[0078] For example, a "processor"”, "signal processor”, "controller”, "system", etc., may be, but
is not limited to being, a process running on a processor, a processor, an object, an executable
file, a thread of execution, and/or a program.

[0079] By way of illustration, the terms "processor”, "central processor”, "message processor”,
"signal processor"”, "controller”, "system", etc., designate both an application running on a
processor and a hardware processor. One or more "processors”, "central processors”,
"message processors”, "signal processors”, "controllers”, "systems" and the like, or any
combination hereof, may reside within a process and/or thread of execution, and one or more
"processors”, "central processors"”, "message processors”, "signal processors”, "controllers”,
"systems”, etc., or any combination hereof, may be localized in one hardware processor,
possibly in combination with other hardware circuitry, and/or distributed between two or more

hardware processors, possibly in combination with other hardware circuitry.

BRIEF DESCRIPTION OF THE DRAWINGS

[0080] Other and further aspects and features will be evident from reading the following
detailed description of the embodiments.

[0081] The drawings illustrate the design and utility of embodiments, in which similar elements
are referred to by common reference numerals. These drawings are not necessarily drawn to
scale. In order to better appreciate how the above-recited and other advantages and objects
are obtained, a more particular description of the embodiments will be rendered, which are
illustrated in the accompanying drawings. These drawings depict only typical embodiments and
are not therefore to be considered limiting of its scope.

[0082] In the drawings:
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Fig. 1
shows a block-diagram of a typical hearing device system with one feedback
compensation filter,

Fig. 2
shows a block-diagram of a hearing device system with both internal and external
feedback compensation filters,

Fig. 3
is a plot of a prior art probe signal level as a function of time,

Fig. 4
shows plots of prior art probe signals together with a probe signal according to the new
method, and

Fig. 5
is a blocked schematic illustrating the operational principles of the method.

DETAILED DESCRIPTION OF THE DRAWINGS

[0083] Various illustrative examples of the new hearing device according to the appended
claims will now be described more fully hereinafter with reference to the accompanying
drawings, in which various embodiments of the new hearing device and method are illustrated.
The new hearing device according to the appended claims may, however, be embodied in
different forms and should not be construed as limited to the embodiments set forth herein. In
addition, an illustrated embodiment needs not have all the aspects or advantages shown. An
aspect or an advantage described in conjunction with a particular embodiment is not
necessarily limited to that embodiment and can be practiced in any other examples even if not
so illustrated, or if not so explicitly described. It should also be noted that the accompanying
drawings are schematic and simplified for clarity, and they merely show details which are
essential to the understanding of the new hearing device, while other details have been left
out.

[0084] As used herein, the singular forms "a," "
unless the context clearly dictates otherwise.

an," and "the" refer to one or more than one,

[0085] A block-diagram of a typical (prior-art) hearing device 100 with a feedback
compensation filter 106 is shown in Fig. 1. The hearing device 100 comprises a microphone
101 for receiving incoming sound and converting it into an audio signal. A receiver 102
converts output from the hearing device processor 103 into output sound, e.g. modified to
compensate for a users hearing impairment in the event that the hearing device 100 is a
hearing aid. Thus, the hearing device processor 103 may comprise elements such as
amplifiers, compressors, noise reduction systems, etc.
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[0086] A feedback path 104 is shown as a dashed line between the receiver 102 and the
microphone 101. Sound from the receiver 102 may propagate along the feedback path to the
microphone 101 which may lead to well known feedback problems, such as whistling.

[0087] The (frequency dependent) gain response (or transfer function) H(w) of the hearing
device 100 (without feedback compensation) is given by:

_ ___Aw)
H(w) = 1-F(w)A(w) )

where w represents (angular) frequency, F(w) is the gain function of the feedback path 104
and A(w) is the gain function provided by the hearing device processor 103.

[0088] When the feedback compensation filter 106 is enabled, it feeds a compensation signal
to the subtraction unit 105, whereby the compensation signal is subtracted from the audio
signal provided by the microphone 101 prior to processing in the hearing device processor
103. The transfer function now becomes:

_ A(w)
H(w) = 1-(F(w)-F'(0))A(w) @

where F'(w) is the gain function of the compensation filter 106. Thus, the better F'(w)
estimates the true gain function F(w) of the feedback path, the closer H(w) will be to the
desired gain function A(w).

[0089] As previously explained, the feedback path 104 is usually a combination of internal and
external feedback paths.

[0090] A hearing device with separate Digital Feedback Suppression Circuits for compensating
the internal mechanical and acoustical feedback within the hearing device housing and for
compensating the external feedback, respectively, is shown in Fig. 2.

[0091] Again, the hearing device 200 comprises a microphone 201, a receiver 202 and a
hearing device processor 203. An internal feedback path 204a is shown as a dashed line
between the receiver 202 and the microphone 201. Furthermore, an external feedback path
204b between the receiver 202 and the microphone 201 is shown (also dashed). The internal
feedback path 204a comprises an acoustical connection, a mechanical connection or a
combination of both acoustical and mechanical connection between the receiver 202 and the
microphone 201. The external feedback path 204b is a (mainly) acoustical connection between
the receiver 202 and the microphone 201. A first compensation filter 206 is adapted to model
the internal feedback path 204a and a second compensation filter 207 is adapted to model the
external feedback path 204b. The first 206 and second 207 compensation filters feed separate
compensation signals to the subtracting units 205, whereby feedback along both the internal
and external feedback paths 204a, 204b is cancelled before processing takes place in the
hearing device processor 203.

[0092] The internal compensation filter 206 models the internal feedback path 204a, which is
usually static or quasi-static, since the internal components of the hearing device substantially
do not change their properties regarding transmission of sound and/or vibrations over time.
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The internal compensation filter 206 may therefore be a static filter with filter coefficients
derived from an open loop gain measurement, which is preferably done during production of
the hearing device. However, in some hearing devices, the internal feedback path 204a may
change over time, e.g. if the receiver is not fixed and therefore is able to move around within
the hearing device housing. In this case, the internal compensation filter may preferably
comprise an adaptive filter, which adapts to changes in the internal feedback path.

[0093] The external compensation filter 207 is preferably an adaptive filter which adapts to
changes in the external feedback path 204b. These changes are usually much more frequent
than the aforementioned possible changes in the internal feedback path 204a, and therefore

the compensation filter 207 should adapt more rapidly than the internal compensation filter
2086.

[0094] Because the length of the internal feedback path 204a is smaller than the length of the
external feedback path 204b, the impulse response of the external feedback path 204b will be
delayed in comparison to the impulse response of the internal feedback path 204a when these
impulse responses are measured separately. The delay of the external feedback signal
depends on the size and shape of the hearing device, but will usually not exceed 0.25 ms
(milliseconds). Typical delays are 0.01 ms, such as 0.02 ms, such as 0.03 ms, such as 0.04
ms, such as 0.05 ms, such as 0.06 ms, such as 0.07 ms, such as 0.08 ms, such as 0.09 ms,
such as 0.1 ms, such as 0.11 ms, such as 0.12 ms, such as 0.13 ms, such as 0.14 ms, such as
0.15 ms, such as 0.16 ms, such as 0.17 ms, such as 0.18 ms, such as 0.19 ms, such as 0.2
ms, such as 0.21 ms, 0.22 ms, such as 0.23 ms, such as 0.24 ms.

[0095] The respective impulse responses of the internal and external feedback paths 204a,
204b also differ in signal level since the attenuation along the internal feedback path 204a
usually has reached the attenuation along the external feedback path 204b. Therefore, the
external feedback signal will usually be stronger than the internal feedback signal.

[0096] In summary, the internal and external feedback compensation filters 206, 207 differ at
least on the following three points:

1. 1. Needed frequency of adaptation,
2. 2. Position of impulse response in the time domain, and
3. 3. Dynamic range of the impulse response.

[0097] Thus, provision of two compensation filters 206, 207 saves processing power in
comparison to provision of one single adaptive filter due to the higher number of filter
coefficients required by the single filter. Furthermore, precision may be improved because of
the differences in the dynamic range.

[0098] Still further, provision of separate circuits for internal and external feedback
compensation, improves the new initialisation process for the same reasons.
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[0099] The internal compensation filter 206 is preferably programmed during production of the
hearing device. Thus, when the hearing device has been assembled, a model of the internal
feedback path is estimated. To get a good estimate of the internal feedback path 204, it is
necessary to do a system identification of the hearing device with a blocked external feedback
path. One way to do this is to place the hearing device in a coupler (ear simulator) to provide
suitable acoustic impedance to the receiver, i.e. an impedance substantially equal to the
impedance of a wearer's ear. Any leaks, such as vents in In-The-Ear (ITE) hearing devices,
must be sealed, so that all external feedback paths are eliminated. The hearing device (and
coupler) may further be placed in an anechoic test box to eliminate sound reflections and noise
from the surroundings. Then a system identification procedure, such as an open-loop gain
measurement, is performed to measure F(w), cf. equations (1) and (2) above. One way to
perform this is to have the device play back an MLS sequence (Maximum Length Sequence)
on the output 202 and record it on the input 201. From the recorded feedback signal the
internal feedback path can be estimated. The filter coefficients for the obtained model is then
stored in the device and used during operation of the hearing device.

[0100] Fig. 3 is a plot of a prior art probe signal level as a function of time utilised for
initialisation of two individual Digital Feedback Suppression Circuits in a hearing aid with a
directional microphone system comprising a front microphone and a rear microphone. During
fitting, the hearing aid is connected to a PC, and the illustrated probe signal is transmitted to
the receiver of the hearing aid. Based on the microphone output signal that includes a
response to the probe signal, the impulse responses of the feedback paths of the front
microphone and the rear microphone are estimated. The illustrated probe signal ramps, e.g.,
linearly on a logarithmic scale, from zero level to the steady-state level in one second in order
to allow the user to adapt to the probe signal. Subsequently, the probe signal remains at a
constant level for 10 seconds. Typically, the constant level is of a magnitude that disturbs the
user. The resulting front and rear microphone output signals are transmitted to the PC and the
respective impulse responses are calculated. Then the PC determines the required
parameters of the respective Digital Feedback Suppression Circuits, e.g. initial filter coefficients
of adaptive digital filters, making them capable of modelling the respective feedback paths.

[0101] Fig. 4(a) shows a plot of a probe signal generated in accordance with an embodiment
of the new method compared with the prior art probe signal shown in Fig. 3

[0102] According to the known method shown in Fig. 3, and in order to allow the user to adapt
to the probe signal, the probe signal is initially ramped (a) for one second linearly on a
logarithmic scale from a low level, such as an inaudible level, e.g. a zero level, to a constant
signal level (b). Thereafter, the signal level remains at the constant level (b) for 10 seconds
during which, the initialization of the Digital Feedback Suppression Circuit is performed, and
subsequently, the signal level of the probe signal is decreased again (c), e.g. to an inaudible
level, e.g. is turned off.

[0103] According to the illustrated embodiment of the new method, the probe signal is also
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initially ramped (a) for one second linearly on a logarithmic scale from a low level, such as an
inaudible level, e.g. a zero level, to a constant signal level (b). Thereafter, the signal level
remains at the constant level (b) for 10 seconds during which, the initialization of the Digital
Feedback Suppression Circuit is performed; however, instead of decreasing the probe signal
level (c), e.g. to an inaudible level, e.g. turn the probe signal off, the probe signal is decreased
linearly on a logarithmic scale (d) for a period of time that is equal to 5 seconds to a signal level
that is equal to 70 % of the signal level of the probe signal when the signal level was kept
constant (b). Finally, the probe signal is turned-off (e).

[0104] The prolonging of the time period during which the user has to listen to the probe signal
has the surprising effect that the user perceives the initialisation process to be less annoying.
This is believed to be due to the above-mentioned "peak/end rule" and "duration neglect”
according to which extending a period of pain can improve its remembered utility if the peak is
unchanged and the new end is less aversive than the original end.

[0105] Fig. 4(b) shows a plot of a probe signal generated in accordance with an embodiment
of the new method compared with the prior art probe signal disclosed in Fig. 4 of EP 2 205 005
Al

[0106] According to the known method disclosed in EP 2 205 005 A1, the probe signal is
initially ramped (a) linearly on a logarithmic scale from a low level, such as an inaudible level,
e.g. a zero level, while the value of a first quality parameter is monitored. When the first quality
parameter value has reached a predetermined first threshold value, the probe signal is kept
constant at the corresponding signal level (b) while the value of a second quality parameter is
monitored. WWhen the second quality parameter value has reached a predetermined second
threshold value, the initialization of the Digital Feedback Suppression Circuit has been
performed to the desired accuracy, and the probe signal level is decreased again (c), e.g. to an
inaudible level, e.g. is turned off.

[0107] According to the illustrated embodiment of the new method, the probe signal is also
initially ramped (a) linearly on a logarithmic scale from a low level, such as an inaudible level,
e.g. a zero level, while the value of a first quality parameter is monitored, and when the first
quality parameter value has reached a predetermined first threshold value, the probe signal is
kept constant at the corresponding signal level (b) while the value of a second quality
parameter is monitored, and when the second quality parameter value has reached a
predetermined second threshold value, the initialization of the Digital Feedback Suppression
Circuit has been performed to the desired accuracy; however instead of decreasing the probe
signal level (¢), e.g. to an inaudible level, e.g. turn the probe signal off, the probe signal is
decreased linearly on a logarithmic scale (d) for a period of time that is equal to 50 % of the
time during which the signal level of the probe signal was kept constant (b) to a signal level that
is equal to 70 % of the signal level of the probe signal when the signal level was kept constant
(b). Finally, the probe signal is turned-off (e).

[0108] The prolonging of the time period during which the user has to listen to the probe signal
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has the surprising effect that the user perceives the initialisation process to be less annoying.
This is believed to be due to the above-mentioned "peak/end rule" and "duration neglect”
according to which extending a period of pain can improve its remembered utility if the peak is
unchanged and the new end is less aversive than the original end.

[0109] Fig. 5 schematically illustrates a hearing aid with a Digital Feedback Suppression Circuit
initialised in accordance with the new method. The probe signal is a Maximum Length
Sequence (MLS) signal generated in the MLS Signal Generator and output to an amplifier
(Ramp Scale) with a controlled gain that is controlled as function of time as illustrated in Figs.
4(a) and 4(b). The feedback signal is received by the microphone and digitised and a block of
signal samples is accumulated in the frame accumulator. In the illustrated example, the data
block is transferred to a PC for processing to extract the impulse response. The PC performs
cross-correlation of the probe signal with the received signal to determine the impulse
response. Alternatively, the impulse response may be calculated by the signal processor of the
hearing aid itself. The quality of the impulse response is then assessed, in the illustrated
example by the PC, but alternatively by the signal processor of the hearing aid. A first quality
parameter value is calculated and compared with a first threshold value. If the first quality
parameter value has not reached the first threshold value, the probe signal level is increased,
otherwise the signal level remains at a constant level and the steady-state measurement stage
is entered. A second quality parameter value is calculated and compared to a second
threshold value. If the second quality parameter value has not reached the second threshold
value, a new block of data is collected and a new second quality parameter value is calculated,
otherwise, the initialization sequence is terminated, and in the illustrated hearing aid, the PC
calculates the corresponding parameter values of the Digital Feedback Suppression Circuit
and transfers the values to the hearing aid.

[0110] A maximum allowable signal level and duration of the probe signal are imposed which
are equivalent to what the standard initialization signal level and duration would have been
according to the conventional initialisation process.

[0111] The quality parameters based on the impulse response of the feedback path may be
= Peak to Peak Ratio (PPR) of the head and tail parts of an impulse response
= Noise to Noise Ratio (NNR) of the head and tail parts of an impulse response

= Peak to Signal Noise Ratio (PSNR) of the impulse response

[0112] The impulse response may be extracted by the Digital Signal Processor of the hearing
aid. The impulse response may be obtained by cross-correlating the MLS sequence with the
received response. Although the DSP operates in a block-based manner, extracting the
impulse response is a computationally-intensive process and the cross-correlation cannot be
completed within one block. The impulse response extraction has to be spread over many
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blocks.

[0113] The PPR is defined as the ratio of the peak magnitude in the head part to the peak in
the tail part of the impulse response, expressed in dB. In this application the head and tail parts
are defined as the first-half and last-half of the impulse response respectively.

[0114] The NNR is defined as the ratio of the noise level in the head part to the noise level in
the tail part of the impulse response, expressed in dB. In this application the head and tail parts
are defined as the first-half and last-half of the impulse response respectively. The noise level
is computed using the RMS value. In an application without a DC removal filter, the variance
could be used to obtain similar results.

[0115] PSNR is defined as the ratio of the signal peak to Root-Mean-Square (RMS) noise,
expressed in dB. In this application it is estimated as the ratio of the peak magnitude of the
extracted impulse response to the RMS value of the last 64 samples of the response.

[0116] In the illustrated example, the new initialization process is terminated when both PPR
and NNR exceed specific threshold values. The PSNR may also constitute a robust and
reliable measure of quality.

[0117] Although particular embodiments have been shown and described, it will be understood
that they are not intended to limit the claimed inventions, and it will be obvious to those skilled
in the art that various changes and modifications may be made without departing

from the scope of the appended claims.
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HOREAPPARAT MED FORBEDRET TILBAGEKOBLINGSUNDERTRYKKELSE

PATENTKRAV

1. Fremgangsmade til modellering af en tilbagekoblingsvej fra en modtager til
en mikrofon i et hereapparat med et digitalt
tilbagekoblingsundertrykkelseskredslab til modellering af tilbagekoblingsvejen for
hereapparatet og med parametre, der initialiseres, og hvor det digitale
tilbagekoblingsundertrykkelseskredslgb omfatter et adaptivt filter, og hvor de
parametre, der initialiseres, indbefatter filterkoefficienter for det adaptive filter,

hvilken fremgangsmade omfatter

overfgrsel af et elektronisk sondesignal med et maksimalt tilladeligt
signalniveau og en maksimal tilladelig signalvarighed til modtageren til
omdannelse til et akustisk sondesignal, som ydes af modtageren, under
optagelse af mikrofonudgangssignalet, og

bestemmelse af filterkoefficienter for det adaptive filter baseret pa det
optagne mikrofonudgangssignal, kendetegnet ved, at trinnet med overfarsel af
et sondesignal til modtageren omfatter,

efter fuldendelse af trinnet med bestemmelse af filterkoefficienterne for
det adaptive filter:

afslutning af overferslen ved nedsaettelse af signalniveauet for
sondesignalet, saledes at overferslen afsluttes med et signalniveau for
sondesignalet, der er mindre end et tidligere topniveau for sondesignalet, inden

seenkning af sondesignalniveauet til et ikke-harbart niveau, hvor

tidsrummet til afslutning af initialiseringsprocessen, i labet af hvilken
signalniveauet for sondesignalet nedseettes, er mere end 10 % af den maksimalt

tilladelige varighed af sondesignalet.

2. Fremgangsmade ifelge krav 1, hvor signalniveauet for sondesignalet
nedseettes lineaert fra den aktuelle veerdi med mere end en veerdi, der er valgt fra
gruppen bestaende af 1 %, 2 %, 5 %, 10 %, 20 % og 50 %, under det tidligere

signalniveau.
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3. Fremgangsmade ifelge krav 2, hvor signalniveauet for sondesignalet
nedseettes i ét eller flere trin af tilsvarende starrelse fra den aktuelle veerdi med
mere end en veerdi, der er valgt fra gruppen bestaende af 1 %, 2 %, 5 %, 10 %,

20 % og 50 %, under det tidligere signalniveau.

4. Fremgangsmade ifelge krav 1 eller 2, hvor signalniveauet for
sondesignalet nedsaettes lineeert pa en logaritmisk skala fra den aktuelle veerdi
med mere end en veerdi, der er valgt fra gruppen bestaende af 1 dB, 2 dB, 3 dB,

4 dB, 5 dB og 6 dB, under det tidligere signalniveau.

5. Fremgangsmade ifelge et hvilket som helst af de foregaende krav, hvor
tidsrummet til afslutning af initialiseringsprocessen, i lgbet af hvilken
signalniveauet for sondesignalet nedseaettes, er mere end en veerdi, der er valgt fra
gruppen bestaende af 20 %, 30 %, 40 %, 50 % og 60 %, af den maksimailt

tilladelige varighed af sondesignalet.

6. Fremgangsmade ifelge et hvilket som helst af de foregaende krav, der
omfatter falgende trin

foragelse af sondesignalets niveau fra et lavt niveau under

monitorering af veerdier for en farste kvalitetsparameter beregnet pa
basis af det optagne mikrofonudgangssignal, og

undladelse af yderligere for@gelse af sondesignalets niveau, nar den

bestemte farste kvalitetsparameter har ndet en forudbestemt farste teerskelvaerdi.

7. Fremgangsmade ifelge krav 6, hvor trinnet med overfarsel af
sondesignalet endvidere omfatter falgende trin

monitorering af veerdier for en anden kvalitetsparameter beregnet pa
basis af det optagne mikrofonudgangssignal og

afslutning af overfarsel af sondesignalet til modtageren, nar den bestemte

anden kvalitetsparameter har ndet en forudbestemt anden teerskelveerdi.

8. Fremgangsmade ifelge krav 7, hvor den ferste kvalitetsparameter og den

anden kvalitetsparameter er identiske.
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9. Fremgangsmade ifelge et hvilket som helst af de foregaende krav, hvor
mindst én af den farste kvalitetsparameter og den anden kvalitetsparameter er

en funktion af det elektroniske udgangssignal fra mikrofonen i hareapparatet.

10. Fremgangsmade ifelge et hvilket som helst af de foregaende krav, der

endvidere omfatter trinnet med estimering af impulssvaret fra tilbagekoblingsvejen.

11. Hareapparat, der omfatter

en mikrofon til omdannelse af indgéende lyd til et audiosignal,

et digitalt tilbagekoblingsundertrykkelseskredslab til modellering af en
tilbagekoblingsvej for hereapparatet og med parametre, der initialiseres, og hvor det
digitale tilbagekoblingsundertrykkelseskredslab omfatter et adaptivt filter, og hvor de
parametre, der initialiseres, indbefatter filterkoefficienter for det adaptive filter

en signalprocessor til processering af audiosignalet,

en modtager, som er forbundet med en udgang i signalprocessoren, til
omdannelse af det processerede signal til et lydsignal,

en sondesignalgenerator til generering af et sondesignal med et
maksimalt tilladeligt signalniveau og en maksimal tilladelig signalvarighed til
modtageren til omdannelse til et akustisk sondesignal, som ydes af modtageren,
og hvor signalprocessoren endvidere er konfigureret til at udfere

fremgangsmaden ifelge et hvilket som helst af de foregaende krav.

12. Hareapparat ifelge krav 11, hvor hgreapparatet er et hereapparat, der
omfatter en haretabsprocessor til processering af audiosignalet til et
heretabskompenseret audiosignal til kompensation af et haretab hos en bruger

af hgreapparatet.
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