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HEARING AID WITH PROBABILISTIC
HEARING LOSS COMPENSATION

RELATED APPLICATION DATA

[0001] This application claims priority to and the benefit of
Danish Patent Application No. PA 2013 70656, filed on Nov.
7, 2013, pending, and European Patent Application No.
13191993 .8, filed on Nowv. 7, 2013, pending. The entire dis-
closures of the above applications are expressly incorporated
by reference herein.

FIELD

[0002] An embodiment described herein relates to a new
hearing aid that is configured to perform probabilistic hearing
loss compensation in accordance with a predetermined hear-
ing loss model.

BACKGROUND

[0003] There are three main types of hearing loss:

[0004] Conductive hearing loss is present when the outer
ear canal to the eardrum and the tiny bones (ossicles) of the
middle ear cannot conduct sounds efficiently so that sound is
not reaching the inner ear, the cochlea.

[0005] Sensorineural hearing loss is present when the inner
ear (cochlea) or the nerve that transmits the impulses from the
cochlea to the hearing centre in the brain or in the brain is
damaged. The most common reason for sensorineural hearing
loss is damage to the hair cells in the cochlea.

[0006] Mixed hearing loss isa combination ofthe two types
of hearing loss discussed above.

[0007] Typically, a hearing impaired human suffering from
sensorineural hearing loss experiences a loss of hearing sen-
sitivity that is 1) frequency dependent and 2) dependent upon
the loudness of sound at an ear.

[0008] Thus, a hearing impaired human may be able to hear
certain frequencies, e.g., low frequencies, as well as a human
with normal hearing, while other frequencies are not heard as
well. Typically. hearing impaired humans experience loss of
hearing sensitivity at high frequencies.

[0009] At frequencies with reduced sensitivity, the hearing
impaired human is often able to hear loud sounds as well as
the human with normal hearing, but unable to hear soft sounds
with the same sensitivity as the human with normal hearing,
Thus, the hearing impaired human suffers from a loss of
dynamic range.

SUMMARY

[0010] A dynamic range compressor may be used in a hear-
ing aid to compress the dynamic range of sound arriving at an
ear of the hearing impaired human to match the residual
dynamic range of the human in question. The degree of
dynamic hearing loss of the hearing impaired human may be
different in different frequency bands.

[0011] The slope of the input-output compressor transfer
function is referred to as the compression ratio. The compres-
sion ratio required by a human may not be constant over the
entire input power range, i.e. typically the compressor char-
acteristic has one or more knee-points.

[0012] Thus, dynamic range compressors may be config-
ured to perform differently in different frequency bands,
thereby accounting for the frequency dependence of the hear-
ing loss of the human in question. Such a multiband or multi-
band compressor divides an input signal into two or more
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frequency bands or frequency channels and then compresses
each frequency band or channel separately. The parameters of
the compressor, such as compression ratio, positions of knee-
points, attack time constant, release time constant, etc. may
be different for each frequency band.

[0013] Dynamic range compressors are fitted to the hearing
loss of the human by adjustment of compressor parameters in
accordance with accepted fitting rules and based on hearing
thresholds determined for the human.

[0014] The fitting rules may not be motivated by a math-
ematical or algorithmic description of the hearing loss that the
dynamic range compressor is intended to compensate for, so
for example, time constants have to be set in accordance with
empirical rules.

[0015] In absence of a proper description of the actual
hearing loss, performance evaluation of the compressor’s
hearing loss compensation may be difficult. Indeed compara-
tive evaluation of dynamic range compressor algorithms for
hearing loss compensation is almost entirely based on sub-
jective testing.

[0016] There is a need for a new method of hearing loss
compensation that is based on proper mathematical descrip-
tions of hearing loss. Such methods can be compared to each
other and other methods of hearing loss compensation based
on objective measures facilitating progress in hearing loss
compensation methods.

[0017] It is an object of the new method of hearing loss
compensation to perform probabilistic hearing loss compen-
sation in accordance with a selected hearing loss model.
[0018] According to the new method, an acoustic signal
arriving at an ear canal of a hearing impaired human is pro-
cessed in such a way that the human’s auditory system
according to the hearing loss model obtains the same listening
result as an auditory system of a human with normal hearing.
[0019] Thus, a new method of hearing loss compensation is
provided, comprising the steps of

providing an audio signal in response to sound,

providing a hearing loss model for calculation of hearing loss
as a function of a signal level of the audio signal,
probabilistically processing the audio signal into a hearing
loss compensated audio signal in such a way that hearing loss
is compensated to normal hearing in accordance with the
hearing loss model.

[0020] Further, a new hearing aid is provided, comprising
an input transducer for provision of an audio signal in
response to sound,

a hearing loss model for calculation of a hearing loss as a
function of a signal level of the audio signal,

a probabilistic hearing loss compensator that is configured to
process the audio signal into a hearing loss compensated
audio signal in such a way that the hearing loss is restored to
normal hearing in accordance with the hearing loss model,
and preferably

an output transducer for conversion of the hearing loss com-
pensated audio signal to an auditory output signal, such as an
acoustic output signal, an implanted transducer signal, etc,
that can be received by the human auditory system.

[0021] For example, the hearing aid may aim to restore
loudness, such that the loudness of the received signal as it is
perceived by a normal listener will match the perceived loud-
ness of the processed signal for the hearing impaired listener.
[0022] Likewise, the hearing loss model may model spec-
tral power patterns, speech intelligibility of the hearing
impaired human, or quality of music of the hearing impaired
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human, or any combination of features of the hearing loss of
the hearing impaired human in question.

[0023] The hearing loss model may be a Zurek Model as
disclosed in: Patrick M. Zurek and Joseph G. Desloge: “Hear-
ing loss and prosthesis simulation in audiology” The Hearing
Journal, 60(7), 2007, Brian Moore and Brian Glasberg:
“Simulation ofthe effects of loudness recruitment and thresh-
old elevation of the intelligibility of speech in quiet and in
background of speech”, J. Acoust. Soc. Am, 94(4), 2050-
2062, J. Chalupper and H. Fastl: “Simulation of hearing
impairment based on the Fourier time transformation”,
Acoustics, Speech, and Signal Processing, ICASSP 00 Pro-
ceedings, 2000, etc.

[0024] Theprobabilistic compensator may include an algo-
rithm based on Bayesian inference.

[0025] The probabilistic compensator may be a Kalman
filter, an Extended Kalman filter, an online variational Baye-
sian Kalman filter, a particle filter or an Unscented Kalman
filter, etc.

[0026] The signal level of the audio signal may be calcu-
lated as an average value of the audio signal, such as an
rms-value, a mean amplitude value, a peak value, an envelope
value, etc.

[0027] Often, the hearing loss of a human varies as a func-
tion of frequency. Thus, signal processing according to the
new method, e.g. in the new hearing aid, may be performed
differently for different frequencies, thereby accounting for
the frequency dependence of the hearing loss ofthe human in
question.

[0028] In the new hearing aid, the audio signal may be
divided (e.g., using circuitry) into two or more frequency
bands or frequency channels, and each frequency band or
frequency channel may be processed individually.

[0029] Thenew hearingaid may form part of a new binaural
hearing aid system comprising two hearing aids, one of which
is intended for compensation of hearing loss of the left ear of
the human and the other of which is intended for compensa-
tion of hearing loss of the right ear of the human. Both hearing
aids may operate according to the new method.

[0030] The new probabilistic method of hearing loss com-
pensation has the following advantages:

[0031] Thepredetermined hearing loss model forms part of
the signal processing algorithm,

[0032] Automatic inference of the hearing loss compensa-
tion gain for any given hearing loss model,

[0033] Proper description of time constants, namely as
inverse variances of probability distributions,

[0034] Allows for probabilistic descriptions of the hearing
loss model. In principle, hierarchical hearing loss models that
relate individual models to ‘average group’ models are facili-
tated,

[0035] Learning hearing loss compensation is facilitated,
and

[0036] A properevaluation framework is provided for hear-
ing loss compensation algorithms.

[0037] A transducer is a device that converts a signal in one
form of energy to a corresponding signal in another form of
energy.

[0038] The input transducer may comprise a microphone
that converts an acoustic signal arriving at the microphone
into a corresponding analogue audio signal in which the
instantaneous voltage of the audio signal varies continuously
with the sound pressure of the acoustic signal. Preferably, the
input transducer comprises a microphone.
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[0039] The input transducer may also comprise a telecoil
that converts a magnetic field at the telecoil into a correspond-
ing analogue audio signal in which the instantaneous voltage
ofthe audio signal varies continuously with the magnetic field
strength at the telecoil. Telecoils may be used to increase the
signal to noise ratio of speech from a speaker addressing a
number of people in a public place, e.g. in a church, an
auditorium, a theatre, a cinema, etc., or through a public
address systems, such as in a railway station, an airport, a
shopping mall, etc. Speech from the speaker is converted to a
magpnetic field with an induction loop system (also called
“hearing loop™), and the telecoil is used to magnetically pick
up the magnetically transmitted speech signal.

[0040] The input transducer may further comprise at least
two spaced apart microphones, and a beamformer configured
for combining microphone output signals of the at least two
spaced apart microphones into a directional microphone sig-
nal.

[0041] The input transducer may comprise one or more
microphones and a telecoil and a switch, e.g. for selection of
an omni-directional microphone signal, or a directional
microphone signal, or a telecoil signal, either alone or in any
combination, as the audio signal.

[0042] Typically, the analogue audio signal is made suit-
able for digital signal processing by conversion into a corre-
sponding digital audio signal in an analogue-to-digital con-
verter whereby the amplitude of the analogue audio signal is
represented by a binary number. In this way, a discrete-time
and discrete-amplitude digital audio signal in the form of a
sequence of digital values represents the continuous-time and
continuous-amplitude analogue audio signal.

[0043] Throughout the present disclosure, the “audio sig-
nal” may be used to identify any analogue or digital signal
forming part of the signal path from the output of the input
transducer to an input of the processor.

[0044] Throughout the present disclosure, the “hearing loss
compensated audio signal” may be used to identify any ana-
logue or digital signal forming part of the signal path from the
output of the signal processor to an input of the output trans-
ducer.

[0045] Signal processing in the new hearing aid may be
performed by dedicated hardware or may be performedinone
or more signal processors, or performed in a combination of
dedicated hardware and one or more signal processors.
[0046] As used herein, the terms “processor”, “signal pro-
cessor”, “controller”, “system”, etc., are intended to refer to
CPU-related entities, either hardware, a combination of hard-
ware and software, software, or software in execution.

2% &

[0047] 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.

35 &«

[0048] By way of illustration, the terms “processor”, “sig-
nal processor”, “controller”, “system”, etc., designate both an
application running on a processor and a hardware processor.
One or more “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”, “signal processors”, “controllers”, “systems”,
etc., or any combination hereof, may be localized on one

hardware processor, possibly in combination with other hard-
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ware circuitry, and/or distributed between two or more hard-
ware processors, possibly in combination with other hard-
ware circuitry.

[0049] Also, a processor (or similar terms) may be any
component or any combination of components that is capable
of performing signal processing. For examples, the signal
processor may be an ASIC processor, a FPGA processor, a
general purpose processor, a microprocessor, a circuit com-
ponent, or an integrated circuit.

[0050] A hearing aid includes: an input transducer for pro-
vision of an audio signal in response to sound; a hearing loss
model for calculation of a hearing loss as a function of a signal
level of the audio signal; and a probabilistic hearing loss
compensator that is configured to process the audio signal
into a hearing loss compensated audio signal in such a way
that the hearing loss is restored to normal hearing in accor-
dance with the hearing loss model.

[0051] Optionally, the hearing loss relates to at least one of
spectral power, loudness, speech reception threshold, and
quality of music.

[0052] Optionally, the probabilistic hearing loss compen-
sator is configured to operate based on Bayesian inference.
[0053] Optionally, the probabilistic hearing loss compen-
sator comprises a Kalman filter, an Extended Kalman filter, an
online variational Bayesian Kalman filter, an Unscented Kal-
man filter, or a particle filter.

[0054] Optionally, the hearing loss model is based on a
Zurek model.

[0055] Optionally, the signal level of the audio signal com-
prises an average value of the audio signal, a rms-value of the
audio signal, a mean amplitude value of the audio signal, a
peak value of the audio signal, or an envelope value of the
audio signal.

[0056] Optionally, the probabilistic hearing loss compen-
sator is configured to determine a gain using a recursive
technique.

[0057] Optionally, the probabilistic hearing loss compen-
sator is configured to determine the gain based on the hearing
loss model.

[0058] Optionally, the probabilistic hearing loss compen-
sator is configured to determine the gain using Kalman filter-
ing principle that comprises the recursive technique.

[0059] A method of hearing loss compensation includes:
providing an audio signal in response to sound; providing a
hearing loss model for calculation of hearing loss as a func-
tion of a signal level of the audio signal; and probabilistically
processing the audio signal into a hearing loss compensated
audio signal in such a way that the hearing loss is restored to
normal hearing in accordance with the hearing loss model.
[0060] Optionally, the hearing loss relates to at least one of
spectral power, loudness, speech reception threshold, and
quality of music.

[0061] Optionally, the probabilistically processing is per-
formed based on Bayesian inference.

[0062] Optionally, the probabilistically processing is per-
formed using a probabilistic compensator, the probabilistic
compensator being a Kalman filter, an Extended Kalman
filter, an online variational Bayesian Kalman filter, an
Unscented Kalman filter, or a particle filter.

[0063] Optionally, the probabilistically processing com-
prises determining a gain using a recursive technique.
[0064] Optionally, the probabilistically processing com-
prises determining the gain using Kalman filtering principle
that comprises the recursive technique.
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[0065] Other and further aspects and features will be evi-
dent from reading the following detailed description.

BRIEF DESCRIPTION OF THE FIGURES

[0066] The drawings illustrate the design and utility of
embodiments, in which similar elements are referred to by
common reference numerals. These drawings may or may not
be 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 exemplary embodiments and are not
therefore to be considered limiting in the scope of the claims.
[0067] Inthe following, the new method and hearing aid is
explained in more detail with reference to the drawings,
wherein

[0068] FIG. 1 shows a plot of human normal hearing audi-
tory threshold levels as a function of frequency,

[0069] FIG. 2 shows an exemplary plot of human hearing
loss thresholds and recruitment threshold as a function of
frequency,

[0070] FIG. 3 shows a plot of input-output transfer function
of a Zurek hearing loss model,

[0071] FIG. 4 shows a block diagram of a probabilistic
prediction model,

[0072] FIG. 5 shows a plot of gain calculations based on the
Zurek hearing loss model,

[0073] FIG. 6 shows a plot of gain calculations based on a
modified Zurek hearing loss model,

[0074] FIG. 7 shows a block diagram of a probabilistic
hearing loss compensator,

[0075] FIG. 8 shows a block diagram of a hearing aid oper-
ating according to the new method, and

[0076] FIG. 9 shows a block diagram of a hearing aid with
a probabilistic hearing loss compensator.

DETAILED DESCRIPTION

[0077] Various embodiments are described hereinafter
with reference to the figures. It should also be noted that the
figures are only intended to facilitate the description of the
embodiments. They are not intended as an exhaustive
description of the invention or as a limitation on the scope of
the invention. 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 embodi-
ment is not necessarily limited to that embodiment and can be
practiced in any other embodiments even if not so illustrated.
[0078] In the following, various examples of the new
method and hearing aid are illustrated. The new method and
hearing aid according to the appended claims may, however,
be embodied in different forms and should not be construed as
limited to the examples set forth herein.

The Hearing Loss Model

[0079] FIG. 1 shows a plot 10 of human normal hearing
auditory threshold levels as a function of frequency. Humans
are able to hear sounds in the frequency range from about 20
Hz to about 20 kHz.

[0080] Thelower curve 20 shows the hearing threshold, i.e.
the lowest sound pressure levels the human auditory system
can detect. Sound pressure levels below the lower curve can-
not be heard by a human with normal hearing.
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[0081] Theuppercurve 30 shows the upper comfort level or
pain threshold. i.e. the highest sound pressure levels the
human can listen to without feeling pain or discomfort.
[0082] The range between the hearing threshold 20 and the
pain threshold 30 is the dynamic range of normal hearing 40
that varies as a function of frequency.

[0083] Different hearing loss models may be provided for
the respective types of hearing loss.

[0084] For ease of understanding, in the following, the new
method of hearing loss compensation is disclosed with rela-
tion to a particular hearing loss model, namely the hearing
loss model proposed by Patrick M Zurek and Joseph G Des-
loge: “Hearing loss and prosthesis simulation in audiology”,
The Hearing Journal, 60(7), 2007, in the following denoted
the Zurek model. However, obviously other models of hear-
ing loss may substitute the Zurek model in the new method.
[0085] FIG. 2 illustrates a hearing loss modelled by the
Zurek model. FI1G. 2 shows a plot 50 of four hearing auditory
threshold levels as a function of frequency. The thresholds of
normal hearing shown in FIG. 1 are plotted as dashed curves
20, 30 in FIG. 2. The second lower most curve 60 is the
hearing threshold of a hearing impaired human. The hearing
impaired human cannot hear sounds below the second lower
most curve 60. The range between the lower most and the
second lower most curves 20, 60 represents the lost dynamic
range 70 of the hearing impaired human.

[0086] The second upper most curve 80 is the recruitment
threshold. The hearing impaired human hears sounds above
the recruitment threshold 80 as with normal hearing.

[0087] FIG. 3 shows a plot 100 of input-output transfer
function of a corresponding Zurek hearing loss model in a
specific frequency band with ahearing threshold 110 of L=70
dB HL and a recruitment threshold 120 of R=90 dB HL.
[0088] According to this hearing loss model, the hearing
sensation level f, i.e. the sound level in dB relative to the
hearing threshold, is given by:

0 x<L L
_ R
fzurek (X) = R_L(x—L) L<x=<R
x x>R

wherein x is the input sound level in dB HL.

Probabilistic Hearing Loss Compensator

[0089] In the following, the new method of hearing loss
compensation is disclosed with relation to loudness restora-
tion; however, obviously hearing loss may be characterized
otherwise, e.g. by speech reception threshold, combinations
ofloudness and speech reception threshold, etc, to be restored
to normal hearing, whereby the human’s auditory system
according to the selected hearing loss model obtains the same
listening result as an auditory system of a human with normal
hearing.

[0090] For loudness restoration with any model of hearing
loss, in a frequency band w, it is desired to apply a gain g, to
the input signal so that loudness as perceived by the hearing
impaired human is restored to the loudness as perceived by a
normal hearing human:

S Vut8u) Ve @

where

Y., 18 the audio signal level in dB in the frequency band w,
2., 1s the estimated gain in dB in the frequency band w, and
Tz (1) is the hearing loss model.
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[0091] For simplicity, the frequency band suffix m is omit-
ted in the equations below.

[0092] FIG. 4 illustrates a block diagram of a prediction
model 400 formed in accordance with the new method. The
illustrated prediction model 400 has a state transition part 410
and an observation part 420, and it calculates the gain based
on the audio signal level y,430 and a human’s hearing model
1y, 440.

[0093] FIG. 4 illustrates processing in a single frequency
band or channel. The illustrated single frequency band may
constitute the entire frequency band of a single band proba-
bilistic hearing loss compensator; or, the illustrated single
frequency band may constitute one individual frequency band
of a plurality of frequency bands of a multiband probabilistic
hearing loss compensator.

[0094] Rapidly changing gain has unfavourable effects on
the sound quality and is therefore not desired.

[0095] The prediction model is defined accordingly:

&1 tW, (3)

where tis the discrete time index, g is the provided gain in dB,
and w, is the process noise which is modelled by a white
Gaussian noise—w ~N(0, St), where St is the (possibly time-
varying) variance of the process noise.

[0096] The estimated gain g, is updated based on an obser-
vation model. As mentioned above with relation to equation
(1), the hearing-impaired human is desired to perceive loud-
ness similar to a normal-hearing human.

[0097] Therefore, the difference between f,; (v,+g,) and y,
is observed as a zero-mean noise process:

Y, t:fHL(yt+ t)+vt (4)

where v, is the observation noise which is modelled by a white
Gaussian noise—v,~N(0,Qt), where Qt is the (possibly time-
varying) variance of the observation noise modelling uncer-
tainties relating to the hearing loss model.

[0098] As an example, we compute the steady state gain as
a function of the input power for Zurek’s hearing loss model.
Equation (2) is applied to the Zurek hearing loss model:

Sourad0+y—> 5)
S e W)Y (6)
[0099] In the Zurek model, see FIG. 3, in order to restore

loudness to that of normal hearing, sounds with sound levels
between the normal hearing threshold and the recruitment
threshold have to be compressed into sound levels between
the impaired hearing threshold and the recruitment threshold.
[0100] When x=L, the Zurek’s model f, _,(x) is a one-to-
one function, and f_,, . (x)=0.

[0101] Thus, for x=L:

R-L 0)]
1 x+L O=x=R
JrwaX)=1 R
X x>R
And
R-L 8)
x+L-x O0<x=<R
8steady_state = R
0 x> R

where x is the sound level in dB HL; L is the human’s hearing
threshold, and R is the human’s recruitment threshold in dB
HL.

[0102] FIG.5is aplot450 of the gain vs. input curve of the
steady-state gain based on the Zurek’s hearing loss model. It
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is shown that the gain 460 required for restoring normal
loudness perception, decreases linearly as a function of the
hearing level (dB HL) from L dB at 0 dB hearing level to 0 dB
atrecruitment threshold R. The compression thresholdis 0 dB
HL and the compression ratio is R/(R-L).

[0103] According to Zurek’s hearing loss model, the
human can hear almost like a normal-hearing human when
the input sound hearing level is larger than the recruitment
threshold R and thus, the provided gain above the recruitment
threshold should be 0 dB.

[0104] The gain-input curve 460 shown in FIG. 5 restores
loudness to normal in accordance with Zurek’s hearing loss
model, butin practise, the large gain at low signals 1s likely to
cause feedback and also amplifies noise that the human does
not want to hear. Also large gain variations are likely to be
experienced at low signal levels that undesirably distort the
signal waveform.

[0105] Therefore, it is preferred to modify the gain-input
curve 460 of FIG. 5 into the gain-input curve 200 shown in
FIG. 6 wherein the gain is kept constant at o, dB below a
selected compression threshold C.

[0106] The compression threshold C may be determined
during fitting of the hearing aid to the human.

[0107] The gain-input curve 470 shown in FIG. 6 is given

by:
al x<C 9
—alL
g= (x-R) C<x=<R
R-C
0 x>R

wherein x is the input signal level in dB HL.
[0108] Equation (9) is inserted into equation (2), whereby

x—al x<C+al (10)
R-C
fL(x)= m(%—R)+R C+al=<x=<R
X x> R

where x is the input sound level in dB HL. L and R represent
the hearing threshold and the recruitment threshold of the
human in dB HL, respectively. ae[0, 1], and C is the com-
pression threshold in dB HL, and

R-C
R-(C+al)

is the compression ratio of the model.

Probabilistic Hearing Loss Compensator

[0109] FIG. 7 shows a block diagram of a probabilistic
hearing loss compensator 500 that operates in accordance
with the new method.

[0110] FIG. 7 illustrates processing in a single frequency
band or channel w. The illustrated single frequency band w
may constitute the entire frequency band of a single band
probabilistic hearing loss compensator; or, the illustrated
single frequency band o may constitute one individual fre-
quency band of a plurality of frequency bands of a multiband
probabilistic hearing loss compensator.
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[0111] Inamultiband probabilistic hearing loss compensa-
tor, the frequency bands o may have the same bandwidth, or,
some or all of the frequency bands may have different band-
widths. Varying bandwidths may for example result from
frequency warping.

[0112] Theillustrated probabilistic hearing loss compensa-
tor has a hearing loss model f,,; 510 and an Extended Kalman
filter K, 520 for determination of the gain applied in the
respective frequency band o.

[0113] Inthe following, the system is assumed to constitute
a dynamic system perturbed by Gaussian noise; however it
should be noted that any type of Kalman filter may be used as
K,520inFIG. 7, such as a Kalman filter, an Extended Kalman
filter, an online variational Bayesian Kalman filter, an
Unscented Kalman filter or a particle filter, etc, reference is
made to the extensive literature on Kalman filters.

[0114] Likewise, the Zurek model is used in the illustrated
example; however it should be noted that any hearing loss
model may be used as the hearing loss model f;, 510 in FIG.
7.

[0115] In order to infer the time-varying gain g, in the
selected frequency band, we first describe the problem by a
generative probabilistic model:

& &1t Wp
yt:ﬁxl()yt+gt)+vt’
W,~N(0,St:\,

V,~N(0 tht)

[0116] Wherein g, is the gain compensating the hearing loss
in accordance with the hearing loss model f;, 510, y, is the
input signal level in dB SPL, w, is the system noise, and v, is
the observation noise.

[0117] The generative model can be inverted through Baye-
sian reasoning. In the case that model f;,; is anonlinear model,
Bayesian inference by an Extended Kalman filter leads to the
following equations:

d
F <

08 a7y
& =8,
Pr=P+Q

B =y~ ful& +y)

K= P FTFEPF 45"

& = g f + Krj’r
P, = (I -K,F,)P;.
[0118] In another example and under the assumption that

the system is a linear dynamic system perturbed with Gaus-
siannoise, a regular Kalman filter may update the gain. In that
case, I, would refer to the linear transfer function of the
hearing loss model.

[0119] FIG. 8is a simplified block diagram of a new digital
hearing aid 800 operating according to the new method of
hearing loss compensation. The hearing aid 800 comprises an
input transducer 810, preferably a microphone, for provision
of an audio signal 820 input to an analogue-to-digital (A/D)
converter 830 for provision of a digital audio signal 840 in
response to sound signals received at the input transducer
810, a signal processor 850, e.g. a digital signal processor or
DSP, that is configured to process the digital audio signal 840
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in accordance with the new method of hearing loss compen-
sation into a hearing loss compensated output signal 860, a
digital-to-analogue (D/A) converter 870 for conversion of the
digital signal 860 into a corresponding analogue output signal
880, and an output transducer 890, preferably a receiver 890,
for conversion of the analogue output signal 880 into an
acoustic output signal for transmission towards an eardrum of
the human.

[0120] FIG. 9 shows parts of the signal processor 850 in
more detail, namely an exemplary multiband probabilistic
hearing loss compensator 850. In the illustrated example, the
multiband probabilistic hearing loss compensator 850 has
K+1 frequency bands, and K may be any integer larger than or
equalto 1.

[0121] The illustrated multiband probabilistic hearing loss
compensator 850 has a digital input for receiving a digital
input signal 910 from the A/D converter 830, and a multiband
amplifier 920 that performs compensation for frequency
dependent hearing loss. The multiband amplifier 920 applies
appropriate gains G,,, G, .. ., G to therespective signals X,,,
X,y ..., Xgin each of its frequency bands 0, 1, . .., K for
compensation of frequency dependent hearing loss. The
amplified signals G, X, G, X, . . ., GxXy of each frequency
band are added together in adder 930 to form the output signal
940.

[0122] Ingeneral, the probabilistic hearing loss compensa-
tion may take place individually in different frequency bands.
Various probabilistic hearing loss compensators may have
different number of frequency bands and/or frequency bands
with different bandwidths and/or crossover frequencies.
[0123] The multiband probabilistic hearing loss compen-
sator 850 illustrated in FI1G. 9 is a warped multiband proba-
bilistic hearing loss compensator 850 that divides the digital
input signal into warped frequency bands 0, 1, 2, . .., K.
[0124] A non-warped FFT 950 operates on a tapped delay
line 960 with first order all-pass filters providing frequency
warping enabling adjustment of crossover frequencies, which
are adjusted to provide the desired response in accordance
with the humans hearing impairment.

[0125] The multiband probabilistic hearing loss compen-
sator 850 further comprises a multiband signal level detector
970 for individual determination of the signal level Sy, S, ..
., Sof eachrespective frequency band signal X, X, ..., Xz
Theoutputs S, S, .. ., Sy of the signal level detectors 970 are
provided to the respective Kalman filters 580 of the probabi-
listic hearing loss compensator 850 as shown in more detail in
FIGS. 6 and 8 for determination of probabilistic hearing loss
compensating band gains G,, G, . . ., G to be applied by the
multiband amplifier 920 to the signals X, X, .. ., X -of the
respective frequency bands.

[0126] The multiband signal level detector 970 calculates
an average value of the audio signal in each warped frequency
band, such as an rms-value, a mean amplitude value, a peak
value, an envelope value, e.g. as determined by a peak detec-
tor, etc.

[0127] The multiband signal level detector 970 may calcu-
late running average values of the audio signal; or operate on
block of samples. Preferably, the multiband signal level
detector operates on blocks of samples whereby required
processor power is lowered.

[0128] The probabilistic hearing loss compensator gain
outputs G, G, . . ., Grare calculated and applied batch-wise
for a block of samples whereby required processor power is
diminished. When the probabilistic hearing loss compensator
operates on blocks of signal samples, the probabilistic hear-
ing loss compensator gain control unit 980 operates at a lower
sample frequency than other parts of the system. This means
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that the probabilistic hearing loss compensator gains only
change every N’th sample where N is the number of samples
in the block. Probable artefacts caused by fast changing gain
values are suppressed by low-pass filters 990 at the gain
outputs of the probabilistic hearing loss compensator gain
control unit 980 for smoothing gain changes at block bound-
aries.

[0129] 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 department from the spirit and scope of the
claimed inventions. The specification and drawings are,
accordingly, to be regarded in an illustrative rather than
restrictive sense. The claimed inventions are intended to
cover alternatives, modifications, and equivalents.

We claim:

1. A hearing aid comprising;

an input transducer for provision of an audio signal in

response to sound;

a hearing loss model for calculation of a hearing loss as a

function of a signal level of the audio signal; and

a probabilistic hearing loss compensator that is configured

to process the audio signal into a hearing loss compen-
sated audio signal in such a way that the hearing loss is
restored to normal hearing in accordance with the hear-
ing loss model.

2. The hearing aid according to claim 1, wherein the hear-
ing loss relates to at least one of spectral power, loudness,
speech reception threshold, and quality of music.

3. The hearing aid according to claim 1, wherein the proba-
bilistic hearing loss compensator is configured to operate
based on Bayesian inference.

4. The hearing aid according to claim 1, wherein the proba-
bilistic hearing loss compensator comprises a Kalman filter,
an Extended Kalman filter, an online variational Bayesian
Kalman filter, an Unscented Kalman filter, or a particle filter.

5. The hearing aid according to claim 1, wherein the hear-
ing loss model is based on a Zurek model.

6. The hearing aid according to claim 1, wherein the signal
level of the audio signal comprises an average value of the
audio signal, a rms-value of the audio signal, a mean ampli-
tude value of the audio signal, a peak value of the audio signal,
or an envelope value of the audio signal.

7. The hearing aid according to claim 1, wherein the proba-
bilistic hearing loss compensator is configured to determine a
gain using a recursive technique.

8. The hearing aid according to claim 7, wherein the proba-
bilistic hearing loss compensator is configured to determine
the gain based on the hearing loss model.

9. The hearing aid according to claim 7, wherein the proba-
bilistic hearing loss compensator is configured to determine
the gain using Kalman filtering principle that comprises the
recursive technique.

10. A method of hearing loss compensation comprising:

providing an audio signal in response to sound,

providing a hearing loss model for calculation of hearing
loss as a function ofa signal level of the audio signal; and

probabilistically processing the audio signal into a hearing
loss compensated audio signal in such a way that the
hearing loss is restored to normal hearing in accordance
with the hearing loss model.

11. The method according to claim 10, wherein the hearing
loss relates to atleast one of spectral power, loudness, speech
reception threshold, and quality of music.
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12. The method according to claim 10, wherein the proba-
bilistically processing is performed based on Bayesian infer-
ence.

13. The method according to claim 10, wherein the proba-
bilistically processing is performed using a probabilistic
compensator, the probabilistic compensator being a Kalman
filter, an Extended Kalman filter, an online variational Baye-
sian Kalman filter, an Unscented Kalman filter, or a particle
filter.

14. The method according to claim 10, wherein the proba-
bilistically processing comprises determining a gain using a
recursive technique.

15. The method according to claim 14, wherein the proba-
bilistically processing comprises determining the gain using
Kalman filtering principle that comprises the recursive tech-
nique.
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