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Description

TECHNICAL FIELD

[0001] The present application relates to hearing aids,
and to the monitoring of auditory evoked potentials
(AEP). The disclosure relates specifically to a hearing
aid comprising means for picking up and analysing au-
ditory evoked potentials, e.g. an auditory brainstem re-
sponse (ABR). The application furthermore relates to a
method of operating a hearing aid and to the use of a
hearing aid. The application further relates to a data
processing system comprising a processor and program
code means for causing the processor to perform at least
some of the steps of the method.
[0002] The disclosure may e.g. be useful in hearing
aids or hearing aid systems where a continuous evalua-
tion of a user’s hearing thresholds is needed.

BACKGROUND

[0003] Fitting of a hearing aid to a particular person’s
hearing impairment generally requires knowledge of clin-
ically measured hearing thresholds for the person in
question. The auditory brainstem response can be used
as an objective estimate of audiometric hearing thresh-
olds (e.g. [Stürzebecher et al., 2006]). Future hearing
aids may include electrodes on the surface of the hearing
aid shell facing the ear canal to record electric brain wave
signals such as an electroencephalogram (EEG) (cf. e.g.
[Lunner, 2010]).
[0004] A portable EEG monitoring apparatus is de-
scribed in [Kidmose and Westermann, 2010]. A hearing
aid comprising electrodes for detecting electrical signals
such as brain waves is described in [Kidmose and Man-
dic, 2011]. The design of stimuli for a system for the re-
cordal of an auditory brainstem response (ABR) of a per-
son is e.g. described in WO 2006/003172 A1.
[0005] EP1073314A1 deals with a method of fitting a
hearing aid. The method involves detecting auditory, in-
voluntary body signals from the wearer of the hearing aid
using a measuring device connected to the wearer. An
evaluation device generates starting parameters for the
hearing aid based on the measured values. These pa-
rameters are transferred to the signal processing unit of
the hearing aid for individual adjustments. A signal may
be fed to at least one ear of the wearer of the hearing
aid. The measuring device detects the involuntary body
signals caused by this signal. The signal may be acoustic,
electrical, electromagnetic or mechanical.
[0006] WO2013017169A1 deals with a personal hear-
ing aid adapted to be carried at the head of a person.
The hearing aid comprises an EEG sensor part having
electrodes for measuring EEG responses from said per-
son. The hearing aid comprises an EEG signal analyzer
adapted for having an EEG signal transferred from the
EEG sensor part, and adapted for monitoring the EEG
response. The hearing aid further comprises EEG stimuli

controlling means adapted for performing at least one of
the following: providing a stimulus to the person, request-
ing the person to perform a stimuli creating act, or iden-
tifying a stimuli creating ambient sound. The hearing aid
comprises EEG response detection means for identifying
an induced response from the EEG response caused by
the stimuli, and a classifier for deciding based on said
induced response if the electrodes receive EEG respons-
es. The invention further provides a method of adjusting
a hearing aid.

SUMMARY

[0007] Auditory evoked potentials (AEPs) are a sub-
class of event-related potentials (ERP)s, such as auditory
brainstem response (ABR). ERPs are brain responses
that are time-locked to some "event", such as a sensory
stimulus, a mental event (such as recognition of a target
stimulus), or the omission of a stimulus. For AEPs, the
"event" is a sound. AEPs (and ERPs) are very small elec-
trical voltage potentials originating from the brain record-
ed from the scalp in response to an auditory stimulus,
such as different tones, speech sounds, etc.
[0008] The analysis of measured AEPs for a person
can be used to estimate audiometric hearing thresholds
(HTL) of that person. A fitting algorithm can be executed
in the hearing aid using the estimated hearing thresholds
as inputs to determine an appropriate frequency depend-
ent gain for the user wearing the hearing aid.
[0009] In an aspect of the present disclosure, it is pro-
posed to send out auditory test signals (e.g. chirps, clicks,
or narrowband signals such as tones making auditory
steady state response, ASSR) from a hearing aid receiv-
er under daily use and with the hearing aid equipped with
electrodes to electrically measure brain signals.
[0010] It s further proposed to use auditory models to
continuously being able to present an auditory test signal
that does not disturb the user of the hearing aid. The
auditory test signals are thus presented through the hear-
ing aid under daily life use in a way that the test signals
are partly or fully inaudible (via e.g. a loudness masking
model). The point is that through the hearing aid in daily
use, extremely many test signals may be presented since
measuring time is not really an issue compared to a clin-
ical AEP (e.g. ABR) testing situation, and therefore an
accurate estimation of the AEP response can be ob-
tained. The AEP test signal and the environmental signal
can be, at least to a first approximation, seen as inde-
pendent signals, and therefore will long term averaging
of the recorded electric brain waves make a good esti-
mate of an AEP and hence make an estimate of the
acoustic hearing thresholds. Thereby no clinically meas-
ured hearing thresholds are required, since the hearing
thresholds are estimated from the auditory brain re-
sponse.
[0011] An object of the present application is to provide
a hearing aid capable of monitoring a user’s hearing abil-
ity over time.
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[0012] Objects of the application are achieved by the
invention described in the accompanying claims and as
described in the following.

A hearing aid:

[0013] In an aspect of the present application, an object
of the application is achieved by a hearing aid as defined
in claim 1.
[0014] This has the advantage of providing a hearing
aid wherein at least a part of the fitting process of a hear-
ing aid to a particular user can be automated and/or con-
tinuously updated.
[0015] In an embodiment, the hearing aid comprises
at least two electrodes. In an embodiment, the hearing
aid comprises a reference electrode.
[0016] In an embodiment, the electric test signal is
adapted to provide that the auditory test stimulus is
masked and/or inaudible to the user. Such adaptation
may e.g. be based on a model of the human auditory
system, e.g. a loudness masking model. Psycho-acous-
tic models of the human auditory system are e.g. dis-
cussed in [Fastl & Zwicker, 2007], cf. e.g. chapter 4 on
’Masking’, pages 61-110, and chapter 7.5 on ’Models for
Just-Noticeable Variations’, pages 194-202. An advan-
tage thereof is that when the auditory test stimuli are part-
ly or fully masked they will not compromise the normal
daily use of the hearing aid.
[0017] In an embodiment, the signal processor is
adapted to estimate the user’s hearing thresholds based
on said processed brain signals. This has the advantage
that the hearing aid can be fully or partially self fitting.
[0018] In an embodiment, the auditory evoked poten-
tial is an auditory brainstem response. The auditory brain-
stem response is an auditory evoked potential extracted
from ongoing electrical activity in the brain and recorded
via electrodes placed on the scalp. AEP and ABR are
e.g. described in Wikipedia [Wiki-AEP] and [Wiki-ABR],
respectively.
[0019] In an embodiment, the auditory evoked poten-
tial is an auditory steady state response. Auditory Steady
State Response (ASSR) is an auditory evoked potential,
elicited with modulated tones that can be used to predict
hearing sensitivity in patients of all ages. It is an electro-
physiologic response to rapid auditory stimuli and creates
a statistically valid estimated audiogram (evoked poten-
tial used to predict hearing thresholds for normal hearing
individuals and those with hearing loss). The ASSR uses
statistical measures to determine if and when a threshold
is present and is a "cross-check" for verification purposes
prior to arriving at a differential diagnosis [Wiki-ABR] (see
e.g. US 7,035,745 or [Stürzebecher et al., 2006]).
[0020] In the same way, a frequency specific hearing
threshold level (HTL) estimate can be provided through
ASSR.
[0021] With such estimate, where the ASSR (or ABR)
signals have been presented through the hearing aid out-
put and recorded using the ear electrodes, the frequency

specific ASSR response provides an estimate of the
hearing sensitivity as a function of frequency. Further-
more, these HTLs can then be used to apply conventional
hearing threshold based prescription rules. In an embod-
iment, the signal processor is adapted to run a fitting al-
gorithm, such as NAL-RP, NAL-NL2 (National Acoustic
Laboratories, Australia), DSL (National Centre for Audi-
ology, Ontario, Canada), ASA (American Seniors Asso-
ciation), VAC (Veterans Affairs Canada), etc. using said
estimated hearing thresholds. The fitting algorithm uses
the estimated hearing thresholds to determine the ap-
propriate frequency dependent gain for the user. In an
embodiment, the hearing aid is adapted to execute the
fitting algorithm in real-time. In an embodiment, the hear-
ing aid is adapted to execute the fitting algorithm auto-
matically.
[0022] In certain cases where behavioral thresholds
cannot be attained, ABR thresholds can be used for hear-
ing aid fittings. New fitting formulas such as DSL v5.0
allow the user to base the settings in the hearing aid on
the ABR thresholds. Correction factors do exist for con-
verting ABR thresholds to behavioral thresholds. The De-
sired Sensation Level multistage input/output algorithm
(DSLm[i/o]) is an electroacoustic fitting algorithm partic-
ularly aimed at children (National Centre for Audiology,
Ontario, Canada).
[0023] So when the hearing aid records the AEP, e.g.
ASSR, response during daily use for some time (e.g. a
few days, e.g. at least 3-5 days) (without amplification or
just minor amplification) the estimate of the ASSR re-
sponse is accurate and the hearing aid can use the given
prescription rule (NAL, DSL, etc.) to provide an individ-
ually prescribed amplification scheme (without having to
measure and enter a clinically obtained audiogram).
[0024] AEP measurements may further be used to
measure supra-threshold effects. Supra-threshold AEPs
can help to determine whether the signal processing ap-
plied in a hearing aid is appropriate to make certain
acoustic information not just audible but usable to the
user. In other words, online supra-threshold AEP meas-
urements may be used to steer the signal processing,
e.g. it could be made more aggressive if the hearing loss
worsens (as verified by means of objective hearing
threshold measurements, for example), so that the im-
portant acoustic information still gets through.
[0025] One example of such supra-threshold measure
is the measure of the ABR activity as is it is (without ded-
icated periodic acoustic stimuli). However, since it will
not be based on repeated sound, it is difficult to use in
this application. However, Frequency Following Re-
sponse (FFR) may advantageously be used. It has been
shown that trained musicians have a more distinct and
pronounced FFR compared to untrained subjects. Hear-
ing impaired subjects have a poorer FFR.
[0026] Frequency following response (FFR), also re-
ferred to as Frequency Following Potential (FFP), is an
evoked response generated by continuous presentation
of low-frequency tone stimuli. Unlike the Acoustic Brain
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Reflex (ABR), the FFR reflects sustained neural activity;
integrated over a population of neural elements. It is
phased locked to the individual cycles of the stimulus
waveform and/or the envelope of the periodic stimuli.
[0027] The collection and analysis of auditory brain-
stem responses to complex sounds (cABR) may be used
to track the systemic changes due to intervention (e.g.
by the use of ordinary hearing aids) (cf. e.g. [Skoe &
Kraus, 2010]). According to the present disclosure, the
cABR generation and brainstem recording can be made
through the electrode equipped hearing aids, where the
hearing aid settings are changed in order to maximize
the measured FFR response. This means that the com-
pression settings and gain as a function of frequency are
altered in the direction of increased FFR response.
[0028] In general, the ambient real world sounds will
be cancelled/averaged out of the averaging process
since the only repeated response is the evoked poten-
tial/event related potential. In an embodiment, however,
the hearing aid comprises one or more filters, such as
one or more variable filters, adapted to filter the low volt-
age electric signal(s) (as picked up by the electrode(s))
and/or the amplified brain signal(s) before being further
processed to estimate the user’s hearing thresholds. In
an embodiment, the hearing aid is adapted to use or NOT
use the voltages or data from the electrodes depending
on an indication of the user’s current environment, e.g.
acoustic environment, and/or cognitive load, or e.g. de-
pending on an input from the user.
[0029] In an embodiment, the hearing aid comprises a
number of hearing aid programs adapted for providing a
signal processing of the input audio signal in various spe-
cific acoustic environments or situations (e.g. speech in
noise, speech in silence, live music, streamed music or
sound, telephone conversation, silence, ’cocktail party’,
etc.). In an embodiment, hearing aid comprises different
transfer functions for the variable filter(s) corresponding
to the different hearing aid programs, so that a transfer
function corresponding to a particular acoustic situation
is applied to the variable filter, when the program for that
acoustic situation is used in the hearing aid. Alternatively
or additionally, the hearing aid may comprise one or more
detectors for identifying the acoustic environment. In an
embodiment, the hearing aid is adapted to apply a trans-
fer function corresponding to a particular acoustic situa-
tion to the variable filter depending on the acoustic situ-
ation indicated by said detector(s).
[0030] In an embodiment, the hearing aid is adapted
to provide that the filtering of the low voltage electric sig-
nal(s) and/or the amplified brain signal(s) is dependent
on an estimate of the current cognitive load of the user.
A hearing aid wherein the processing of an audio input
is adapted in dependence of an estimate the present cog-
nitive load of the user is e.g. discussed in [Lunner, 2010].
[0031] In an embodiment, the hearing aid comprises a
user interface adapted for allowing a user to activate or
deactivate a specific mode (e.g. termed an AEP- or ABR-
mode) where the voltages or data from the electrodes

are recorded for further processing to determine an es-
timate of the user’s hearing thresholds. In an embodi-
ment, the user interface is adapted to allow a user to start
an estimation of new hearing thresholds (ignoring previ-
ously recorded values).
[0032] Furthermore, such online estimated ABR re-
sponse can be used to monitor (also in a relatively long-
term perspective, i.e. over days, or months) whether the
hearing thresholds deteriorate (i.e. increase) over time
(and if so, to possibly inform the user thereof).
[0033] In an embodiment, the hearing aid comprises a
memory for logging values of said estimated hearing
thresholds of the user over time. In an embodiment, val-
ues of the estimated hearing thresholds are stored with
a predefined log frequency, e.g. at least once every hour,
such as at least once every day.
[0034] In an embodiment, the signal processing unit is
adapted to determine whether said estimated hearing
thresholds or a hearing threshold measure derived there-
from change over time, e.g. by determining correspond-
ing rates of change (e.g. a rate of increase).
[0035] ERPs (including AEPs) can be reliably meas-
ured using electroencephalography (EEG), a procedure
that measures electrical activity of the brain through the
skull and scalp. As the EEG reflects thousands of simul-
taneously ongoing brain processes, the brain response
to a single stimulus or event of interest is not usually
visible in the EEG recording of a single trial; to see the
brain response to the stimulus, the experimenter must
conduct many trials (100 or more) and average the results
together, causing random brain activity to be averaged
out and the relevant ERP to remain. While evoked po-
tentials reflect the processing of the physical stimulus,
event-related potentials are caused by the "higher" proc-
esses that might involve memory, expectation, attention,
or changes in the mental state, among others (cf. [Wiki-
ERP]).
[0036] Such (automatic) real time AEP (e.g. ABR) may
be used for temporal fitting, meaning that the hearing aid
initially provided to the user may comprise no or little
amplification. Over time, when the AEP response grows
through averaging, the hearing threshold estimates be-
come more and more valid, and reliable values for such
threshold estimates emerge (possibly replacing previous
clinically measured hearing thresholds). Thereby auto-
matic hearing threshold based prescription of a hearing
aid through ’online AEP’ may be implemented.
[0037] In an embodiment, the signal processor is
adapted to modify the presently used (time and)
frequency dependent gains of the hearing aid, based on
said estimated hearing thresholds. In an embodiment,
such modification of the intended frequency dependent
gain values is performed according to a predefined
scheme, e.g. with a predefined update frequency and/or
if said currently estimated hearing thresholds deviate with
a predefined amount from the presently used hearing
thresholds. In an embodiment, a hearing threshold
difference measure is defined and used to determine said
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predefined amount. In an embodiment, the hearing
threshold difference measure comprises a sum (ΔHTcur)
of the differences between the currently estimated
hearing thresholds (CEHT(f)) and the presently used
hearing thresholds (PUHT(f)), where f is frequency. In an
embodiment, the hearing thresholds are estimated at a
number NHT of predefined frequencies, f1, f2, ..., fNHT.
In an embodiment, NHT is smaller than or equal to 12,
e.g. in the range from 2 to 10. In an embodiment, the
predefined frequencies comprise one or more of (such
as a majority or all of) 250 Hz, 500 Hz, 1 kHz, 1.5 kHz,
2 kHz, 3 kHz, 4 kHz and 6 kHz. In an embodiment, the
gain adaptation is performed with a predefined update
frequency in the range from once every 6 months to once
every month. In an embodiment, the gain adaptation is
performed, if the relative hearing threshold difference
measure (ΔHTcur/SUM(PUHT(f)) is larger than 10%,
such as larger than 25%. In an embodiment, the gain
adaptation is performed, if the rate of change (increase)
of the hearing threshold difference measure (or the
individual estimated hearing thresholds) is above a
predefined rate, e.g. if ΔHT(t2,t1)]/(t2-t1) is larger than a
predefined rate, ΔHT(t2,t1)=SUM(EHT(fi,t2)-EHT(fi,t1)),
where EHT(f,tn) is the estimated hearing threshold at
frequency fi (i=1, 2, ..., NHT) and time tn (n=1, 2) and
where the summation (SUM) is over frequencies fi. In an
embodiment, the gain adaptation is performed at the
request of a user via a user interface of the hearing aid
(e.g. a remote control).
[0038] The ABR estimates may be used to monitor
(possibly relatively short term, e.g. within hours or days)
temporal threshold shifts (TTS) as a consequence of be-
ing subject to excessively loud sounds. Also here a warn-
ing to the user can be appropriate.
[0039] In an embodiment, the hearing aid comprises
an alarm indication unit adapted for issuing an alarm sig-
nal to the user in case said estimated hearing thresholds
deteriorate over time.
[0040] In an embodiment, the deterioration is identified
in that said estimated hearing thresholds (e.g. in dB
sound pressure level (SPL)) increase above predeter-
mined relative or absolute levels or that said rates of
change of the hearing thresholds are above predefined
values. Alternatively, the deterioration is identified in that
said hearing threshold difference measure exceeds a
predetermined threshold value.
[0041] In an embodiment, an absolute hearing thresh-
old difference measure (ΔHTabs) is defined as a sum of
the differences between the originally stored (or estimat-
ed) hearing thresholds (OSHT(f)) and the currently esti-
mated hearing thresholds (CEHT(f)), where f is frequency
(e.g. ΔHTabs = SUM(OSHT(fi)-CEHT(fi)), i=1, 2, ..., NHT).
The term ’originally stored (or estimated) hearing thresh-
olds’ is taken to mean hearing thresholds that were used
when the hearing aid was initially taken into operation by
the user (or at a later point in time, where the thresholds
have been updated in a normal fitting procedure); such
original hearing thresholds e.g. being clinically deter-

mined and stored in the hearing aid or estimated and
stored by the hearing aid itself (’first time estimation’). In
an embodiment, the absolute hearing threshold differ-
ence measure is used as an indicator of the (long term)
hearing threshold deterioration.
[0042] In an embodiment, the hearing aid is adapted
to determine at least an estimate of the real or absolute
time elapsed between two time instances where esti-
mates of hearing thresholds are determined and possibly
stored. In an embodiment, the hearing aid is adapted to
receive a signal representative of the present time from
another device, e.g. from a cell phone or from a radio
time signal (e.g. DCF77 or MSF). In an embodiment, the
hearing aid comprises a real time clock circuit and a bat-
tery ensuring a constant functioning of the clock. In an
embodiment the hearing aid comprises an uptime clock
for measuring an uptime in which the hearing aid is in
operation, and/or a power-up counter for counting a
number of power-ups of the hearing aid, and the hearing
aid is adapted to estimate areal time range elapsed from
the uptime and/or the number of power-ups of the hearing
aid.
[0043] In an embodiment, the alarm indication unit is
adapted to issue a first alarm signal, if said deterioration
rate or if said current hearing threshold difference meas-
ure is above a predefined threshold value (indicating that
the user may have been exposed to an excessive acous-
tic dose, possibly over a relatively short period of time,
and that the user should take measures to minimize such
exposure).
[0044] In an embodiment, the alarm indication unit is
adapted to issue a second alarm signal, if said absolute
hearing threshold difference measure exceeds a prede-
fined threshold value (indicating that the user’s hearing
ability has deteriorated, possibly over a relatively long
period of time, and that the user should act to verify the
cause of such deterioration and identify a proper reme-
dy).
[0045] In an embodiment, the hearing aid comprises
at least two separate physical bodies, each comprising
a housing. In an embodiment, one part is adapted for
being mounted fully or partly in an ear canal of a user (a
so-called ITE-part). In an embodiment, one part is adapt-
ed for being mounted behind an ear of a user (a so-called
BTE-part). In an embodiment, the ITE-part as well as the
BTE-part comprises at least one electrode located at a
surface of the housing of the part in question to allow the
electrode or electrodes to contact the skin of a user’s
head when the part is operationally mounted on the user.
[0046] In an embodiment, time and frequency depend-
ent gain of the signal processing unit is adapted to com-
pensate for a hearing loss of a user. Various aspects of
digital hearing aids are described in [Schaub; 2008].
[0047] In an embodiment, the output transducer com-
prises a receiver (speaker) for providing the stimulus as
an acoustic signal to the user.
[0048] In an embodiment, the input transducer com-
prises a microphone. In an embodiment, the input trans-
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ducer comprises a directional microphone system adapt-
ed to separate two or more acoustic sources in the local
environment of the user wearing the hearing aid.
[0049] In an embodiment, the hearing aid comprises a
(possibly standardized) electric interface (e.g. in the form
of a connector or an antenna and transceiver circuitry)
for receiving a direct electric input signal from another
device, e.g. a communication device or another hearing
aid. In an embodiment, the direct electric input signal
represents or comprises an audio signal and/or a control
signal and/or an information signal. In an embodiment,
the hearing aid comprises demodulation circuitry for de-
modulating the received direct electric input to provide
the direct electric input signal representing an audio sig-
nal and/or a control signal e.g. for setting an operational
parameter (e.g. volume) and/or a processing parameter
of the hearing aid. In general, the wireless link established
by a transmitter and antenna and transceiver circuitry of
the hearing aid can be of any type. In an embodiment,
the wireless link is used under power constraints, e.g. in
that the hearing aid comprises a portable (typically bat-
tery driven) device. In an embodiment, the wireless link
is a link based on near-field communication, e.g. an in-
ductive link based on an inductive coupling between an-
tenna coils of transmitter and receiver parts. In another
embodiment, the wireless link is based on far-field, elec-
tromagnetic radiation. In an embodiment, the communi-
cation via the wireless link is arranged according to a
specific modulation scheme, e.g. an analogue modula-
tion scheme, such as FM (frequency modulation) or AM
(amplitude modulation) or PM (phase modulation), or a
digital modulation scheme, such as ASK (amplitude shift
keying), e.g. On-Off keying, FSK (frequency shift keying),
PSK (phase shift keying) or QAM (quadrature amplitude
modulation).
[0050] In an embodiment, the ear part of the hearing
aid is a device whose maximum physical dimension (and
thus of a possible antenna for providing a wireless inter-
face to the device) is smaller than 10 cm, such as smaller
than 5 cm, such as smaller than 2 cm.
[0051] In an embodiment, the hearing aid comprises a
forward or signal path between the input transducer (mi-
crophone system and/or direct electric input (e.g. a wire-
less receiver)) and the output transducer. In an embod-
iment, the signal processing unit is located (at least par-
tially) in the forward path. In an embodiment, the signal
processing unit is adapted to provide a frequency de-
pendent gain according to a user’s particular needs. In
an embodiment, the hearing aid comprises an analysis
path comprising functional components for analyzing the
input signal (e.g. determining a level, a modulation, a
type of signal, an acoustic feedback estimate, etc.). The
analysis path may further comprise functionality (e.g. im-
plemented in the signal processing unit) that is not directly
related to the current signal of the forward path, e.g. the
processing of the brain signals picked up by the one or
more electrodes. In an embodiment, some or all signal
processing of the analysis path and/or the signal path is

conducted in the frequency domain. In an embodiment,
some or all signal processing of the analysis path and/or
the signal path is conducted in the time domain.
[0052] In an embodiment, an analogue electric signal
representing an acoustic signal is converted to a digital
audio signal in an analogue-to-digital (AD) conversion
process, where the analogue signal is sampled with a
predefined sampling frequency or rate fs, fs being e.g. in
the range from 8 kHz to 40 kHz (adapted to the particular
needs of the application) to provide digital samples xn (or
x[n]) at discrete points in time tn (or n), each audio sample
representing the value of the acoustic signal at tn by a
predefined number Ns of bits, Ns being e.g. in the range
from 1 to 16 bits. A digital sample x has a length in time
of 1/fs, e.g. 50 ms, for fs = 20 kHz. In an embodiment, a
number of audi samples are arranged in a time frame. In
an embodiment, a time frame comprises 64 audio data
samples. Other frame lengths may be used depending
on the practical application.
[0053] In an embodiment, the hearing aids comprise
an analogue-to-digital (AD) converter to digitize an ana-
logue input with a predefined sampling rate, e.g. 20 kHz.
In an embodiment, the hearing aids comprise a digital-
to-analogue (DA) converter to convert a digital signal to
an analogue output signal, e.g. for being presented to a
user via an output transducer.
[0054] In an embodiment, the hearing aid, e.g. the input
transducer, comprises a TF-conversion unit for providing
a time-frequency representation of an input signal. In an
embodiment, the time-frequency representation com-
prises an array or map of corresponding complex or real
values of the signal in question in a particular time and
frequency range. In an embodiment, the TF conversion
unit comprises a filter bank for filtering a (time varying)
input signal and providing a number of (time varying) out-
put signals each comprising a distinct frequency range
of the input signal. In an embodiment, the TF conversion
unit comprises a Fourier transformation unit for convert-
ing a time variant input signal to a (time variant) signal in
the frequency domain. In an embodiment, the frequency
range considered by the hearing aid from a minimum
frequency fmin to a maximum frequency fmax comprises
a part of the typical human audible frequency range from
20 Hz to 20 kHz, e.g. a part of the range from 20 Hz to
12 kHz. In an embodiment, a signal of the forward and/or
analysis path of the hearing aid is split into a number NI
of frequency bands, where NI is e.g. larger than 5, such
as larger than 10, such as larger than 50, such as larger
than 100, such as larger than 500, at least some of which
are processed individually. In an embodiment, the hear-
ing aid is/are adapted to process a signal of the forward
and/or analysis path in a number NP of different frequen-
cy channels (NP ≤ NI). The frequency channels may be
uniform or non-uniform in width (e.g. increasing in width
with frequency), overlapping or non-overlapping.
[0055] In an embodiment, the hearing aid comprises
one or more detectors for classifying an acoustic envi-
ronment around the hearing aid and/or for characterizing
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the signal of the forward path of the hearing aid. Exam-
ples of such detectors are a level detector, a speech de-
tector, a feedback detector (e.g. a tone detector, an au-
tocorrelation detector, etc.), a directionality detector, etc.
[0056] In an embodiment, the hearing aid comprises
an acoustic (and/or mechanical) feedback suppression
system.
[0057] In an embodiment, the hearing aid further com-
prises other relevant functionality for the application in
question, e.g. compression, noise reduction, etc.
[0058] In an embodiment, the hearing aid comprises a
hearing instrument, e.g. a hearing instrument adapted
for being located at the ear or fully or partially in the ear
canal of a user, e.g. a headset, an earphone, an ear pro-
tection device or a combination thereof.

Use:

[0059] In an aspect, use of a hearing aid as described
above, in the ’detailed description of embodiments’ and
in the claims, is moreover provided. In an embodiment,
use is provided in a system comprising one or more hear-
ing instruments, headsets, ear phones, active ear pro-
tection systems, etc.

A method:

[0060] In an aspect, a method of operating a hearing
aid is furthermore provided by the present application as
defined in claim 10.
[0061] It is intended that the structural features of the
hearing aid described above, in the ’detailed description
of embodiments’ and in the claims can be combined with
the method, when appropriately substituted by a corre-
sponding process and vice versa. Embodiments of the
method have the same advantages as the corresponding
devices.
[0062] In an embodiment, the method comprises that
the user’s hearing thresholds are estimated based on the
processed brain signals.
[0063] In an embodiment, the method comprises run-
ning a fitting algorithm using said estimated hearing
thresholds to determine the appropriate frequency de-
pendent gain for the user. In an embodiment, the method
comprises executing the fitting algorithm in real-time.
[0064] In an embodiment, the method comprises that
the (time and) frequency dependent gain is modified
based on said estimated hearing thresholds.
[0065] In an embodiment, the method of measuring
auditory evoked potentials is selected among Auditory
Brainstem Response (ABR), including Auditory Brain-
stem Responses to complex sounds (cABR), Auditory
Steady State Response (ASSR), and Frequency Follow-
ing Response (FFR).

A computer readable medium:

[0066] In an aspect, a tangible computer-readable me-

dium storing a computer program comprising program
code means for causing a data processing system to
perform at least some (such as a majority or all) of the
steps of the method described above, in the ’detailed
description of embodiments’ and in the claims, when said
computer program is executed on the data processing
system is furthermore provided by the present applica-
tion. In addition to being stored on a tangible medium
such as diskettes, CD-ROM-, DVD-, or hard disk media,
or any other machine readable medium, the computer
program can also be transmitted via a transmission me-
dium such as a wired or wireless link or a network, e.g.
the Internet, and loaded into a data processing system
for being executed at a location different from that of the
tangible medium.

A data processing system:

[0067] In an aspect, a data processing system com-
prising a processor and program code means for causing
the processor to perform at least some (such as a majority
or all) of the steps of the method described above, in the
’detailed description of embodiments’ and in the claims
is furthermore provided by the present application.

A hearing aid system:

[0068] In a further aspect, a hearing aid system com-
prising a hearing aid as described above, in the ’detailed
description of embodiments’, and in the claims, AND an
auxiliary device is moreover provided.
[0069] In an embodiment, the system is adapted to es-
tablish a communication link between the hearing aid and
the auxiliary device to provide that information (e.g. con-
trol and status signals, possibly audio signals) can be
exchanged or forwarded from one to the other.
[0070] In an embodiment, the auxiliary device compris-
es an audio gateway device adapted for receiving a mul-
titude of audio signals (e.g. from an entertainment device,
e.g. a TV or a music player, a telephone apparatus, e.g.
a mobile telephone or a computer, e.g. a PC) and adapted
for selecting and/or combining an appropriate one of the
received audio signals (or combination of signals) for
transmission to the hearing aid. In an embodiment, the
auxiliary device a remote control for controlling operation
of the hearing aid.
[0071] In an embodiment, the auxiliary device is an-
other hearing aid. In an embodiment, the hearing aid sys-
tem comprises two hearing aids adapted to implement a
binaural hearing aid system.
[0072] In an embodiment, the hearing aid system com-
prises another hearing aid as described above, in the
’detailed description of embodiments’, and in the claims
and an auxiliary device, e.g. an audio gateway and/or a
remote control for the hearing aids. In an embodiment,
the two hearing aids implement or form part of a binaural
hearing aid system.
[0073] In an embodiment, the hearing aid system is
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adapted to transmit values of the amplified or processed
brain signals from at least one of the hearing aids to the
other. Thereby the electrodes of both hearing aids may
be used together in the estimation of the hearing thresh-
olds. In an embodiment, at least one of the electrodes is
a reference electrode.
[0074] In an embodiment, the hearing aid system is
adapted to transmit values of the amplified or processed
brain signals from the hearing aids to the auxiliary device.
The processing of the low voltage EEG-signals from the
electrodes (e.g. including the estimation of hearing
thresholds and resulting gains) may be fully or partially
performed in the auxiliary device. This has the advantage
of removing power consuming operations from the lis-
tening devices to the auxiliary device for which the size
limitations and thus the power consumption constraints
are less strict.
[0075] Further objects of the application are achieved
by the embodiments defined in the dependent claims and
in the detailed description of the invention.
[0076] As used herein, the singular forms "a," "an," and
"the" are intended to include the plural forms as well (i.e.
to have the meaning "at least one"), unless expressly
stated otherwise. It will be further understood that the
terms "includes," "comprises," "including," and/or "com-
prising," when used in this specification, specify the pres-
ence of stated features, integers, steps, operations, ele-
ments, and/or components, but do not preclude the pres-
ence or addition of one or more other features, integers,
steps, operations, elements, components, and/or groups
thereof. It will also be understood that when an element
is referred to as being "connected" or "coupled" to an-
other element, it can be directly connected or coupled to
the other element or intervening elements may be
present, unless expressly stated otherwise. Further-
more, "connected" or "coupled" as used herein may in-
clude wirelessly connected or coupled. As used herein,
the term "and/or" includes any and all combinations of
one or more of the associated listed items. The steps of
any method disclosed herein do not have to be performed
in the exact order disclosed, unless expressly stated oth-
erwise.

BRIEF DESCRIPTION OF DRAWINGS

[0077] The disclosure will be explained more fully be-
low in connection with a preferred embodiment and with
reference to the drawings in which:

FIG. 1 shows a first embodiment of a hearing aid
according to the present disclosure,

FIG. 2 shows a second embodiment of a hearing aid
according to the present disclosure,

FIG. 3 shows an embodiment of a binaural hearing
aid system comprising first and second hearing in-
struments according to the present disclosure,

FIG. 4 shows various elements of embodiments of
a binaural hearing aid system according to the
present disclosure,

FIG. 5 shows an application scenario comprising an
embodiment of a binaural hearing aid system com-
prising first and second hearing instruments and an
auxiliary device according to the present disclosure,
and

FIG. 6 shows a third embodiment of a hearing aid
according to the present disclosure.

[0078] The figures are schematic and simplified for
clarity, and they just show details which are essential to
the understanding of the disclosure, while other details
are left out. Throughout, the same reference signs are
used for identical or corresponding parts.
[0079] Further scope of applicability of the present dis-
closure will become apparent from the detailed descrip-
tion given hereinafter. However, it should be understood
that the detailed description and specific examples, while
indicating preferred embodiments of the disclosure, are
given by way of illustration only. Other embodiments may
become apparent to those skilled in the art from the fol-
lowing detailed description.

DETAILED DESCRIPTION OF EMBODIMENTS

[0080] Event related potentials. ERPs can be reliably
measured using electroencephalography (EEG). The
(weak) potentials we are measuring are buried deep into
the electrical activity of the brain. Actually the interesting
signal is magnitudes below the ’brain activity noise’. It is
here the evoked potentials comes in if the same stimuli
is sent out (where we know exactly when we have gen-
erated the sound, we can expect the weak interesting
response signal after some delay. If we now send exactly
the same signal again, the weak response will be the
same again but the ambient noise was different. If we
then add (or average) the two responses and assume
that the weak response is independent of the ambi-
ent/brain activity noise then the weak response will be
added in magnitude and phase while the two independ-
ent noise samples most probably will cancel parts of the
noise since the two noise samples are unrelated when
you add/average. If this procedure is repeated hundreds
or thousands or more times the estimate of the weak
response will be more and more certain since several
thousand or more responses are added in magnitude
and phase, while the uncorrelated noise parts will cancel
each other in the adding/averaging process since they
are uncorrelated samples. The very nice property with
the electrode equipped hearing aid doing this procedure
is that this procedure/averaging can be sustained for very
long time (days, weeks, months) and thereby a much
more certain estimate of the response can be obtained
compared to a time limited clinical measure (in the clinic
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you will need a silent room resting on a couch to be able
to get a stable ERP in a few minutes due to limited clinical
time).
[0081] FIG. 1 shows a first embodiment of a hearing
aid according to the present disclosure. FIG. 1 a shows
a hearing aid (HA) comprising a forward or signal path
(FP) from an input transducer (IT) to an output transducer
(OT) the forward path being defined there between and
comprising a signal processing unit (SPU) for (among
other things) applying a frequency dependent gain to the
audio signal picked up by the input transducer (e.g. as
here a microphone unit) and providing an enhanced sig-
nal to the output transducer (e.g. a loudspeaker). The
hearing aid comprises an EEG unit (DEEG) for picking
up and amplifying low voltage electric signals from the
user’s brain and providing corresponding (here digital)
amplified brain signals (DAEl1-DAElN, where N is the
number of electrodes picking up the low voltage electric
signal, cf. FIG. 1b). The signal processing unit is adapted
to determine a user’s hearing thresholds based on the
amplified brain signal(s) from the EEG unit (DEEG). The
hearing aid further comprises a memory (MEM) for stor-
ing the sets of hearing thresholds as determined in the
signal processing unit at different points in time (t1, t2, ...,
tn). The hearing aid further comprises a stimulus signal
generator (AEP-SG) for generating an electric test signal
specifically adapted to be used in an auditory evoked
potential (AEP, e.g. a brain stem response (ABR)) meas-
urement. The stimulus signal generator is operationally
connected to the output transducer (OT) via the signal
processing unit (SPU) allowing the electric test signal to
be mixed with the processed audio signal and converted
to an auditory test stimulus for being presented to a user
together with the acoustic version of the processed audio
signal. Preferably, the electric test signal is inaudible to
the user (e.g. masked). The signal processing unit is
adapted to control the stimulus signal generator (AEP-
SG), e.g. to provide that the electric stimulus signal is
masked when combined with the processed audio signal.
In an embodiment, the EEG unit (DEEG) comprising the
electrodes are enclosed in an ear part comprising a hous-
ing adapted for being mounted fully or partially at an ear
or in an ear canal of a user. The electrodes are located
at a surface of the housing to allow the electrodes to
contact the skin of the user when the ear part is opera-
tionally mounted at or in an ear of the user. In an embod-
iment, the ear part (ED) further comprises the output
transducer (OT) as indicated by the curved enclosure in
the embodiment of FIG. 1 a. In an embodiment, all the
mentioned components of the hearing aid (HA) and en-
closed in the solid rectangle are enclosed in the same
common housing adapted for being mounted fully or par-
tially at an ear or in an ear canal of a user. Other partitions
of the components in two or more separate bodies may
be implemented depending on the application in ques-
tion.
[0082] In the more detailed embodiment of the hearing
aid of FIG. 1 a shown in FIG. 1b, the main part of the

signal processing of the hearing aid (HA) is digital, so the
forward path further comprises an analogue-to-digital
(AD) converter to digitize an analogue audio input from
the microphone with a predefined sampling rate, e.g. 20
kHz, and a digital-to-analogue (DA) converter to convert
a digital signal from the signal processing unit (SPU) to
an analogue output signal, which is fed to the loudspeak-
er. The forward path of the hearing aid thus converts an
input sound (Sound-in) to an analogue electric input sig-
nal (unit IT), which is digitized (unit AD) and processed
(unit SPU), and the processed output signal is converted
to an analogue signal (unit DA), which is converted (OT)
to an output sound (Sound-out). The EEG unit (cf. dashed
rectangular outline DEEG) comprises N electrodes E1,
E2, ..., EN, each being adapted to pick up a low voltage
electric signal from the user’s brain when located in con-
tact with the user’s skin at different locations of the head
of the user. The EEG unit further comprises an amplifier
unit operationally connected to the N electrodes and
adapted for amplifying the low voltage electric signals
(Electrode inputs) from the electrodes and to provide am-
plified brain signals AEI1, AEI2, ..., AEIN. The EEG unit
further comprises an analogue-to-digital (AD) converter
to digitize the analogue inputs from the amplifier and to
provide digital amplified brain signals DAEI1, DAEI2, ...,
DAEIN., which are fed to the signal processing unit (SPU)
for further processing. The digital amplified brain signals
are used in the signal processing unit (SPU) to determine
a user’s hearing thresholds at different points in time (t1,
t2, ..., tn). These are stored in memory (MEM), cf. e.g.
FIG. 6. The memory (MEM) is operationally connected
to the signal processing unit (SPU), via signal SHT, to
allow storage and retrieval of data in/from the memory,
including the mentioned sets of hearing thresholds, con-
trolled by the signal processing unit. In the embodiment
of FIG. 1b, the stimulus signal ABR-S from signal gen-
erator (ABR-SG) is fed to the sum unit ’+’ together with
the processed audio signal PAS. The resulting output
signal OUT is fed to the output transducer (OT) allowing
the electric test signal to be converted to an auditory test
stimulus for being presented to a user together with the
processed acoustic signal. The signal processing unit
(SPU) is adapted to control the stimulus signal generator
(ABR-SG) via control signal ABR-C.
[0083] FIG. 2 shows a second embodiment of a hear-
ing aid according to the present disclosure. The hearing
aid HA of FIG. 2 comprises the same functional units as
the hearing aid discussed in connection with FIG. 1b.
However, the embodiment of a hearing aid of FIG. 2 fur-
ther comprises an alarm indication unit (ALU) adapted
for issuing a warning or information signal to a user of
the hearing aid (or to another person in the user’s envi-
ronment). The signal processing unit (SPU) is adapted
to determine a hearing threshold difference measure
comprising a sum (ΔHTcur) of the differences between
currently estimated hearing thresholds (CEHT(f)) and
presently used hearing thresholds (PUHT(f)), where f is
frequency. In an embodiment, the hearing thresholds are
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estimated at a number NHT of predefined frequencies,
f1, f2, ..., fNHT. The signal processing unit (SPU) is e.g.
adapted to determine when the hearing threshold differ-
ence measure exceeds a predetermined threshold value
and to generate an alarm signal AL which is fed to the
alarm indication unit (ALU). The alarm indication unit is
adapted to issue a corresponding alarm (e.g. a visual
and/or mechanical and/or acoustic alarm) in response to
the alarm signal AL. Alternatively or additionally, the
alarm signal may be transmitted to another device (e.g.
via a network), e.g. for presentation to a caring person.
Another difference is that the stimulus signal generator
(ABR-SG) for generating an electric test signal for use
to initiate an auditory brain stem response (ABR) is com-
bined with the processed audio signal in the signal
processing unit (instead of via SUM-unit (’+’) in FIG. 1b.
The combined signal OUT is fed to the DA converter con-
nected to the loudspeaker. Further, the analogue to dig-
ital conversion unit (AD) of the embodiment of FIG. 1b is
integrated with the amplifier unit (AMP) in FIG. 2 (cf. unit
AMP-AD in FIG. 2)
[0084] FIG. 3 shows an embodiment of a binaural hear-
ing aid system comprising first and second hearing in-
struments according to the present disclosure. The bin-
aural hearing aid system comprises first and second
(possibly, as in FIG. 3, essentially identical) hearing in-
struments (HI-1, HI-2) adapted for being located at or in
left and right ears of a user. The hearing instruments (HI-
1, HI-2) of FIG. 3 are similar to the embodiment of a hear-
ing aid (HA) shown in FIG. 2. The hearing instruments
(HI-1, HI-2) are additionally adapted for exchanging in-
formation between them via a wireless communication
link, e.g. a specific inter-aural (IA) wireless link (IA-WL).
The two hearing instruments HI-1, HI-2 are adapted to
(at least) allow the exchange of status signals, e.g. in-
cluding the transmission of characteristics of the input
signal received by a device at a particular ear to the de-
vice at the other ear, and/or (amplified) EEG-data (e.g.
signals DAEI(1:N) or signals derived therefrom) picked
up by one or more electrodes (E1, E2, ..., EN) of the con-
tra-lateral hearing instrument, cf. signal IAS. To establish
the inter-aural link, each hearing instrument comprises
antenna and transceiver circuitry (here indicated by block
IA-Rx/Tx). Each of the hearing instruments of the binaural
hearing aid system of FIG. 3 comprises two different input
transducers, 1) a microphone unit (MIC) for converting
an acoustic input sound to a first electric audio signal
INm, and 2) a wireless transceiver (at least a receiver)
(ANT and Rx/Tx-unit) for receiving (and possibly) trans-
mitting a signal from another device, e.g. an audio signal
INw. The hearing instruments HI-1, HI-2 are assumed to
process the audio signal of the forward path in the fre-
quency domain, and therefore each comprise analysis
(A-FB) and synthesis (S-FB) filter banks after and before
the input (MIC and ANT, Rx/Tx) and output (SP) trans-
ducers, respectively. The analysis filter bank (A-FB) is
adapted for splitting the (time varying) input signals (INm,
INw) into a number NI of (time varying) signals IFB1,

IFB2, ..., IFBNI, each comprising a distinct frequency
range of the input signal. The input transducer (MIC and
ANT, Rx/Tx) or the analysis filter bank (A-FB) is assumed
to comprise an analogue to digital converter (AD). Cor-
respondingly, the synthesis filter bank (S-FB) is adapted
for merging the a number NO of (time varying) signals
OFB1, OFB2, ..., OFBNO, each comprising a distinct fre-
quency range of the output signal into a (time varying)
output signal (OUT), which is fed to the output transducer
(SP) for conversion to an output sound for presentation
to the user. The output transducer (SP) or the synthesis
filter bank (S-FB) may comprise a digital to analogue con-
verter (DA). Each of the hearing instruments HI-1, HI-2
comprises the same functional units as discussed for the
hearing aid of FIG. 2, including the EEG-data generating
units (electrodes En and amplifier and analog to digital
converting unit AMP-AD). In the embodiments of hearing
instruments HI-1, HI-2 of FIG. 3, the amplifier blocks fur-
ther comprise a time to time-frequency conversion func-
tionality (as indicated by the name of the amplifier unit
AMP-AD-T->F) to provide the digital amplified brain sig-
nals (DAI1, DAI2, ..., DAIN) in the frequency domain to
adapt to further signal processing of the brain signals
(determining the frequency dependent hearing thresh-
olds) which may be performed by the signal processing
unit (SPU) in the frequency domain. The number of fre-
quency units provided by the time to time-frequency con-
version functionality may or may not be equal to the
number NI of frequency bands of the forward path (e.g.
smaller than NI). Alternatively the digital amplified brain
signals may be further processed in the signal processing
unit (SPU) in the time domain, in which case the time to
time-frequency conversion functionality of the amplifier
can be omitted.
[0085] In an embodiment, the hearing aid system fur-
ther comprises an auxiliary device, e.g. an audio gateway
device for receiving a number of audio signals and for
transmitting at least one of the received audio signals to
the hearing instruments (cf- transceivers (ANT, Rx/Tx),
as e.g. illustrated FIG. 5. In an embodiment, the listening
system is adapted to provide that a telephone input signal
can be received in the hearing instruments via the audio
gateway. In an embodiment, the hearing aid system com-
prises a remote control acting as a user interface to the
hearing instruments, e.g. to allow a user to change pro-
gram (e.g. to activate or deactivate the ABR-recordal) or
otherwise modify operational parameters of the hearing
instruments, e.g. output volume of the loudspeaker. In
an embodiment, the remote control and the audio gate-
way are integrated into the same communications device
(as e.g. illustrated in FIG. 5). The processing of (ampli-
fied) EEG-data (e.g. signals DAEI(1:N) of the hearing
instruments, or signals derived therefrom) picked up by
the one or more electrodes (E1, E2, ..., EN) may be fully
or partially performed in the auxiliary device (e.g. in the
audio gateway/remote control device).
[0086] FIG. 4 shows various elements of embodiments
of a binaural hearing aid system according to the present
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disclosure. FIG. 4a shows an ’in the ear’ part (ITE) of a
hearing aid. In an embodiment, the ITE part constitutes
the hearing aid. The ITE part is adapted for being located
fully or partially in the ear canal of the user U (cf. FIG.
4c, 4d). The ITE part comprises two electrodes E1, E2
located on (or extending from) the surface of the housing
of the ITE part. The ITE part e.g. comprises a mould
adapted to a particular user’s ear canal. The mould is
typically made of a form stable plastic material by an in-
jection moulding process or formed by a rapid prototyping
process, e.g. a numerically controlled laser cutting proc-
ess (see e.g. EP 1 295 509 and references therein). A
major issue of an ITE part is that it makes a tight fit to the
ear canal. Thus, electrical contacts on the surface (or
extending from the surface) of the mould contacting the
walls of the ear canal are inherently well suited for forming
an electrical contact to the body. FIG. 4b shows another
embodiment of a (part of a) hearing aid according to the
disclosure. FIG. 4b shows a part (BTE) of a ’behind the
ear’ hearing aid, where the BTE part is adapted for being
located behind the ear (pinna, EAR in FIG. 4c and 4d) of
a user U. The BTE part comprises four electric terminals
E3, E4, E5, E6, two of which are located on the face of
the BTE part, which is adapted for being supported by
the ridge where the ear (Pinna) is attached to the skull
and two of which are located on the face of the BTE part
adapted for being supported by the skull. The electric
terminals (electrodes) are specifically adapted for picking
up electric signals from the user’s body, in particular from
the brain, or related to a measure of cognitive load of the
user. The electrical terminals may all serve the same
purpose (e.g. measuring EEG) or different purposes.
Electrical terminals (electrodes) for forming good electri-
cal contact to the human body are e.g. described in lit-
erature concerning EEG-measurements (cf. e.g. US
2002/028991 or US 6,574,513).
[0087] FIG. 4c shows an embodiment of a binaural
hearing aid system according to the present disclosure
comprising first and second hearing aids comprising (or
being constituted by) left and right ear parts ITEl and
ITEr, respectively, adapted for being located in left and
right ear canals of a user, respectively (each ITE ear part
being an ear part as shown in FIG. 4a). Alternatively or
additionally, the left and right hearing aids may comprise
left and right ear parts BTEl and BTEr, respectively,
adapted for being located behind left and right ears of a
user, respectively (each BTE ear part being an ear part
as shown in FIG. 4b). The electric terminals (E1l, E2l and
E1r, E2r of the left and right parts, respectively) are adapt-
ed to pick up a relatively low voltage (from the body) and
is operationally connected to an amplifier for amplifying
the low voltage signals and to transmit a value represent-
ative of the amplified voltage to a signal processor of the
hearing aid (e.g. located in the ITE-part, in a BTE-part or
in an auxiliary device, e.g. unit Aux in FIG. 4d or audio
gateway/remote control (Aux) in FIG. 5). Preferably, the
hearing aid system comprises a reference terminal. At
least one of the left and right hearing aids or hearing aid

parts is adapted to allow transmission of signals from the
(amplified, EEG) voltages picked up by the electrodes of
the hearing aid in question to the other hearing aid (or to
an auxiliary device performing the further processing of
the voltages from (all) the electrodes) to allow the esti-
mate of hearing thresholds of the user to be based on all
available electrodes. Preferably, each of the hearing aids
(ITEl, ITEr) comprises antenna and transceiver circuitry
to establish an interaural wireless link (IA-WL) between
the two hearing aids as illustrated in FIG. 3.
[0088] FIG. 4d shows an embodiment of a binaural
hearing aid system according to the present disclosure,
which additionally comprises a number of electric termi-
nals or sensors contributing to an estimate of the present
cognitive load and/or a classification of the present en-
vironment of the user. The embodiment of FIG. 4d is iden-
tical to that of FIG. 4c apart from additionally comprising
a body-mounted auxiliary device (Aux) optionally having
2 extra electric terminals, e.g. EEG electrodes, (En)
mounted in good electrical contact with body tissue (but
NOT on the head). In an embodiment, the auxiliary device
(Aux) comprises amplification and processing circuitry to
allow a processing of the signals picked up by the electric
terminals En. In that case the auxiliary device (Aux) can
act as a sensor and provide a processed input to the
estimate of present cognitive load of the user (e.g. the
estimate itself). The auxiliary device and at least one of
the hearing aids (ITEl, ITEr) each comprise a wireless
interface (comprising corresponding transceivers and
antennas) for establishing a wireless link (ID-WL) be-
tween the devices for use in the exchange of data be-
tween the body-mounted auxiliary device (Aux) and the
hearing aid(s) (ITEl, ITEr). In an embodiment, the hearing
aids (ITEl, ITEr) transmit the amplified voltages picked
up by their respective electrodes to the auxiliary device,
where the estimate of the hearing thresholds of the user
is performed. This has the advantage that the (power
consuming) ABR-processing can be performed in the
(larger) auxiliary device, which typically can be equipped
with an energy source of larger capacity than that of a
hearing aid (due to the different size constraints). In this
case, the interaural link (IA-WL) of the embodiment of
FIG. 4c may be dispensed with for the sake of the calcu-
lation of hearing thresholds (and corresponding required
frequency dependent gains). In such case, the wireless
links ID-WL between the auxiliary device and each of the
hearing aids is preferably bidirectional, allowing the aux-
iliary device to forward revised hearing thresholds or
gains to the hearing aids, when the hearing thresholds
determined in the auxiliary device have changed more
than predefined amounts. The wireless link may be
based on near-field (capacitive of inductive coupling) or
far-field (radiated fields) electromagnetic fields. The volt-
ages from the electrodes of the auxiliary device may e.g.
be used to classify (’filter’) the voltages from the head
mounted electrodes of the hearing aids, e.g. based on
the correlation between the signals picked up by the head
worn and body worn electrodes, respectively. In an em-
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bodiment, the voltages picked up by the head worn elec-
trodes (which are used for the estimate of hearing thresh-
olds of the user) are NOT particularly related to hearing,
if the correlation with the voltages picked up by the body
worn electrodes is large (e.g. above a predefined value,
depending on the specific correlation measure used).
[0089] FIG. 5 shows an application scenario compris-
ing an embodiment of a binaural hearing aid system com-
prising first and second hearing instruments and an aux-
iliary device according to the present disclosure. The aux-
iliary device (Aux) comprises an audio selection device
adapted for receiving a multitude of audio signals (here
shown from an entertainment device, e.g. a TV (TV), a
telephone apparatus, e.g. a cellular telephone (CT), a
computer, e.g. a PC (PC), and an external microphone
(xMIC) for picking up sounds xIS from the environment,
e.g. the voice of another person). In the embodiment of
FIG. 5, the microphone (AD-MIC) of the audio gateway
device is adapted for picking up the user’s own voice
(OV) and to be capable of being connected to one or
more of the external audio sources via wireless links (AD-
WL), here assumed to be in the form of digital transmis-
sion links according to the Bluetooth standard as indicat-
ed by the Bluetooth transceiver (BT-Rx-Tx) in the audio
gateway device (Aux). The links may alternatively be im-
plemented in any other convenient wireless and/or wired
manner, and according to any appropriate modulation
type or transmission standard, possibly different for dif-
ferent audio sources. Other audio sources than the ones
shown in FIG. 5 may be connectable to the audio gate-
way, e.g. an audio delivery device (such as a music player
or the like). The audio gateway device of FIG. 5 further
has the function of a remote control of the hearing aids,
e.g. for changing program or operating parameters (e.g.
volume, cf. Vol-button) in the hearing aids, cf. user inter-
face UI-ID. In the context of the present disclosure, the
remote control functions of the auxiliary device (Aux) fur-
ther comprises activation or deactivation of the ABR part
of the hearing aid (including disabling the generation of
(acoustic) ABR-stimuli and the processing of the voltages
picked up by the electrodes of the hearing aids. This can
e.g. be defined by one or more special modes that are
selectable via Mode buttons (Mode1, Mode2) of the user
interface (UI-ID) on the auxiliary device (or via a touch
sensitive display or any other appropriate activation ele-
ment). Other ’normal’ modes of operation of the binaural
hearing aid system may likewise be selected by the user
via the user interface (UI-ID).
[0090] The hearing instruments (HI-1, HI-2) are shown
as devices mounted at the ear (behind the ear) of a user
U. Each of the hearing instruments comprise a wireless
transceiver, here indicated to be based on inductive com-
munication (ID-Rx/Tx). The transceiver (at least) com-
prises an inductive receiver (i.e. an inductive coil, which
is inductively coupled to a corresponding coil in a trans-
ceiver (ID-Rx-Tx) of the audio gateway device (Aux),
which is adapted to receive an audio signal from the audio
gateway device and any additional control or information

signals. The inductive link ID-WL between the audio gate-
way device and the hearing instruments is indicated to
be two-way, but may alternatively be one-way (from the
auxiliary device to each of the hearing instruments).
[0091] The audio gateway device Aux is shown to be
carried around the neck of the user U in a neck-strap
(NL). The neck-strap NL may have the combined function
of a carrying strap and a loop antenna into which the
audio signal from the audio gateway device is fed for
better inductive coupling to the inductive transceiver of
the listening device. An audio selection device, which
may be modified and used according to the present in-
vention is e.g. described in EP 1 460 769 A1, EP 1 981
253 A1 and in WO 2009/135872 A1.
[0092] FIG. 6 shows a third embodiment of a hearing
aid according to the present disclosure. The hearing aid
of FIG. 6 comprises the same functional elements as the
embodiment of FIG. 1 b. The memory MEM is shown to
have different sets of estimated hearing thresholds
HT(f,t) of the user of the hearing aid as determined from
the on-board auditory evoked potential (e.g. an auditory
brainstem response) system. The on-board auditory
brainstem response system comprises test-signal gen-
erator (ABR-SG) and loudness model (LM) for providing
masked electric stimuli (for being converted to acoustic
stimuli via output transducer (OT)) and EEG-unit com-
prising electrodes (E1-EN) and corresponding amplifier
and AD-converter (AMP-AD) for providing digital ampli-
fied brain signals (DAEl1-DAElN). The signal processing
unit (SPU) calculates (cf. sub-unit V2HT) a set of esti-
mates of the users hearing threshold HT(fi,tm) at frequen-
cies fi (i=1, 2, ..., NHT) at time instance m (tm) based on
the digital amplified brain signals (DAEl1-DAElN) at time
tm. These are stored in the memory (MEM), cf. signal
SHT. The signal processing unit is adapted to store such
sets of estimates of the users hearing threshold HT(fi,tm)
in the memory according to a predefined scheme, e.g.
with a predefined frequency. The memory (MEM) is
shown to include n+1 sets of hearing thresholds corre-
sponding to times t0, t1, t2, ..., tn. The first set of hearing
thresholds corresponding to time t0 may e.g. be a set of
hearing thresholds that are stored during a fitting proce-
dure, e.g. based on clinical measurements. Otherwise,
they may represent the first set of hearing thresholds
determined by the hearing aid system (e.g. in case NO
fitting has been performed). The hearing thresholds are
used to calculate an appropriate gain to be used in the
gain unit (G) and (possibly in amended form depending
on the input signal in question) applied to the input audio
signal IN from the input transducer (IT) (or a signal de-
rived therefrom, e.g. a feedback corrected input signal)
to provide a processed audio signal PAS, which is fed to
selector unit SEL. The frequency dependent gains (G(fi),
i=1, 2, ..., NI) to be used in the gain unit (G) of the forward
path are determined in the sub-unit OL-FIT from hearing
thresholds PUHT(fi) defined by the control unit (CNT) to
be presently used at a given time. This involves the use
of a fitting algorithm, such as e.g. NAL-NL2. The ’pres-
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ently used hearing thresholds’ (PUHT) may e.g. be equal
to a particular one of the sets of stored hearing thresh-
olds, e.g. the one last determined by the sub-unit V2HT,
or to an average of a number of the stored sets of hearing
thresholds, etc.The presently used gains determined by
the sub-unit OL-FIT and forwarded to the gain unit G via
signal PUG. A test signal for the ABR-system is gener-
ated in the ABR-SG unit, e.g. as a sum of a series of
three or more pure tones, each having a specified fre-
quency, amplitude and phase, and wherein a frequency
difference between the successive pure tones in the se-
ries is constant, fs, cf. e.g. WO 2006/003172 A1. The test
signal ABR-S is fed to a psycho acoustic model (here a
loudness model), cf. unit LM, together with the processed
audio signal PAS, to generate a masked test signal MTS,
which is preferably inaudible to the user when combined
with the processed audio signal PAS. The masked test
signal MTS forming the output of the LM unit and com-
prising the processed audio signal in combination with
the test stimuli is fed to the selector unit SEL. The pure
test signal ABR-S is also fed to the selector unit SEL.
The resulting output OUT from the selector unit (SEL)
(for presentation to a user via output transducer OT) can
be either of a) the masked test signal MTS, b) the pure
test signal ABR-S or c) the processed audio signal PAS.
The output signal from the selector unit is controlled by
control signal SC from control unit (CNT). The signal
processing unit further comprises sub-unit DIFM for cal-
culating a hearing threshold difference measure ΔHT =
SUM[HT(fi,tp) - HT(fi,tq)], i=1, 2, ..., NHT, where NHT is
the number of frequencies where the hearing threshold
estimates are determined, and tp and tq are different
points in time, for which a set of hearing threshold esti-
mates has been stored. From the stored sets of hearing
threshold estimates and the corresponding times, vari-
ous difference measures can be determined, including
indications of rates of change of the hearing thresholds.
Preferably, the hearing aid (HA) comprises an alarm in-
dication unit (cf. e.g. FIG. 2, 3) adapted for issuing an
alarm or warning, when a difference measure (as deter-
mined in sub-unit DIFM) is above a predefined value.
Such alarm indication unit can e.g. be implemented, if
operationally coupled to the control unit (CNT).
[0093] The invention is defined by the features of the
independent claim(s). Preferred embodiments are de-
fined in the dependent claims. Any reference numerals
in the claims are intended to be non-limiting for their
scope.
[0094] Some preferred embodiments have been
shown in the foregoing, but it should be stressed that the
invention is not limited to these, but may be embodied in
other ways within the subject-matter defined in the fol-
lowing claims.
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Claims

1. A hearing aid (HA) comprising

• an ear part (BTE; ITE) adapted for being
mounted fully or partially at an ear or in an ear
canal of a user (U), the ear part comprising

+ a housing,
+ at least one electrode (E1, E2, ..., EN) lo-
cated at a surface of said housing to allow
said electrodes to contact the skin of a user
when said ear part is operationally mounted
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on the user, the at least one electrode being
adapted to pick up a low voltage electric sig-
nal from the user’s brain,

• an amplifier unit (AMP) operationally connect-
ed to said electrode(s) and adapted for amplify-
ing said low voltage electric signal(s) to provide
amplified brain signal(s) (AEI; DAEI),
• an input transducer (IT) for providing an electric
audio input signal (IN),
• a signal processing unit (SPU),
• an output transducer (OT) for converting an
electric output signal (OUT) to an acoustic out-
put sound,
• said signal processing unit (SPU) being oper-
ationally connected

+ to said amplifier unit (AMP) and adapted
to process said amplified brain signal(s)
(AEI; DAEI) to provide a processed brain
signal,
+ to said input transducer (IT) and adapted
to apply a time and frequency dependent
gain to said electric audio input signal (IN)
or a signal originating therefrom and to pro-
vide a processed audio output signal (PAS),
and
+ to said output transducer (OT) allowing
said processed audio output signal (PAS)
to be presented to the user as a processed
acoustic signal,

wherein
the hearing aid further comprises a signal generator
(AEP-SG; ABR-SG) for generating an electric test
signal (ABR-S) specifically adapted to be used in an
auditory evoked potential (AEP) measurement, the
signal generator being operationally connected to
said output transducer allowing said electric test sig-
nal (ABR-S) to be converted to an auditory test stim-
ulus for being presented to a user together with said
processed acoustic signal during use of the hearing
aid, and wherein the hearing aid is adapted to record
the auditory evoked potential response during daily
use for some time, e.g. a few days, and to provide
said processed brain signals based on long term av-
eraging of said auditory evoked potential responses
recorded over days.

2. A hearing aid according to claim 1 wherein said elec-
tric test signal is adapted to provide that the auditory
test stimulus is masked and/or inaudible to the user.

3. A hearing aid according to claim 1 or 2 wherein said
signal processing unit is adapted to estimate the us-
er’s hearing thresholds based on said processed
brain signals.

4. A hearing aid according to any one of claims 1-3
wherein the signal processing unit is adapted to run
a fitting algorithm, such as NAL-NL2, to determine
appropriate frequency dependent gains for the user
from said estimated hearing thresholds.

5. A hearing aid according to any one of claim 3 com-
prising a memory for logging values of said estimated
hearing thresholds of the user over time.

6. A hearing aid according to any one of claim 4 wherein
the signal processing unit is adapted to modify the
presently used frequency dependent gains.

7. A hearing aid according to claim 5 wherein the signal
processing unit is adapted to determine whether said
estimated hearing thresholds or a hearing threshold
measure derived therefrom change over time, e.g.
by determining corresponding rates of change.

8. A hearing aid according to claim 7 comprising an
alarm indication unit adapted for issuing an alarm
signal to the user in case said estimated hearing
thresholds deteriorate over time.

9. A hearing aid according to any one of claims 2-8
comprising a model of the human auditory system
and adapted to provide that the auditory test stimulus
is masked and/or inaudible to the user based on said
model.

10. A method of operating a hearing aid (HA), the hearing
aid comprising

• an ear part (BTE; ITE) adapted for being
mounted fully or partially at an ear or in an ear
canal of a user (U), the ear part comprising

+ a housing,
+ at least one electrode (E1, E2, ..., EN) lo-
cated at a surface of said housing to allow
said electrodes to contact the skin of a user
when said ear part is operationally mounted
on the user, and adapted to pick up a low
voltage electric signal from the user’s brain,

• an amplifier unit (AMP) operationally connect-
ed to said electrode(s) and adapted for amplify-
ing said low voltage electric signal(s) to provide
amplified brain signal(s) (AEI; DAEI),
• an input transducer (IT) for providing an electric
audio input signal,
• an output transducer (OT) for converting an
electric output signal (OUT) to an acoustic out-
put sound to a user,
• a signal generator (AEP-SG; ABR-SG) for gen-
erating an electric test signal (ABR-S), the signal
generator being operationally connected to said
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output transducer (OT) allowing said electric test
signal to be presented to a user as an auditory
test stimulus,
• a signal processing unit (SPU), said signal
processing unit being operationally connected

+ to said amplifier unit (AMP),
+ to said input transducer (IT), and
+ to said output transducer (OT),

the method comprising
• mounting said hearing aid (HA) on said user
(U);
• applying a time and frequency dependent gain
to said electric audio input signal (IN) or a signal
originating therefrom and providing a processed
audio output signal (PAS);
• generating and specifically adapting said elec-
tric test signal (ABR-S) to be presented to the
user as an auditory test stimulus and used in an
auditory evoked potential, AEP, measurement;
• mixing said processed audio output signal
(PAS) or a signal originating therefrom and said
electric test signal (ABR-S) to said electric out-
put signal (OUT) for being presented together
to the user as said acoustic output sound;
• recording and processing said amplified brain
signal(s) (AEI; DAEI) to provide a processed
brain signal;
• recording the auditory evoked potential re-
sponse during daily use for some time, e.g. a
few days; and
• providing said processed brain signals based
on long term averaging of the auditory evoked
potential responses recorded over days.

11. A method according to claim 10 further comprising
that the user’s hearing thresholds are estimated
based on said processed brain signals.

12. A method according to claim 11 further comprising
running a fitting algorithm using said estimated hear-
ing thresholds to determine the appropriate frequen-
cy dependent gain for the user.

13. A method according to claims 12 comprising that the
currently used frequency dependent gain is modified
based on said estimated hearing thresholds.

14. A method according to any one of claims 10-13
wherein the measurement of auditory evoked poten-
tials is selected among Auditory Brainstem Re-
sponse (ABR), including Auditory Brainstem Re-
sponses to complex sounds (cABR), Auditory
Steady State Response (ASSR), and Frequency
Following Response (FFR).

15. A method according to any one of claims 10-14

wherein the electric test signal is adapted to provide
that the auditory test stimulus is masked and/or in-
audible to the user.

16. A method according to claim 15 whereon the adap-
tation is based on a model of the human auditory
system, e.g. a loudness masking model.

17. A hearing aid system comprising a first hearing aid
as claimed in any one of claims 1-9, AND an auxiliary
device, the system being adapted to establish a com-
munication link between the hearing aid and the aux-
iliary device to provide that information can be ex-
changed between or forwarded from one to the other.

18. A hearing aid system according to claim 17, wherein
the processing of the low voltage EEG-signals from
the electrodes of the hearing aid is fully or partially
performed in the auxiliary device.

Patentansprüche

1. Für ein Gerät (HA) mit

- einem Ohrteil (BTE; ITE), das ausgebildet ist,
um ganz oder teilweise an einem Ohr oder in
einem Gehörgang eines Nutzers (U) angebracht
zu werden, wobei das Ohrteil aufweist:

- ein Gehäuse
- zumindest eine Elektrode (E1, E2, ... , EN),
die an einer Oberfläche des Gehäuses an-
geordnet ist, um es den Elektroden zu er-
lauben die Haut eines Nutzers zu kontak-
tieren, wenn das Ohrteil im Betriebszustand
an dem Nutzer angebracht ist, wobei die zu-
mindest eine Elektrode dazu ausgebildet
ist, ein elektrisches Niederspannungssignal
vom Gehirn des Nutzers aufzunehmen,

- eine Verstärkereinheit (AMP), die mit der Elek-
trode oder den Elektroden wirkverbunden und
ausgebildet ist, das elektrische Niederspan-
nungssignal oder die elektrischen Niederspan-
nungssignale zu verstärken, um ein verstärktes
Gehirnsignal oder verstärkte Gehirnsignale
(AEI; DAEI) zu liefern,
- einem Eingangswandler (IT) zum Bereitstellen
eines elektrischen Eingangsaudiosignals (IN),
- einer Signalverarbeitungseinheit (SPU),
- einem Ausgangswandler (OT) um ein elektri-
sches Ausgangssignal (OUT) in ein akustisches
Ausgangssignal umzuwandeln;
- wobei die Signalverarbeitungseinheit (SPU)
mit

- der Verstärkereinheit (AMP) wirkverbun-
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den und ausgebildet ist, das verstärkte Ge-
hirnsignal oder die verstärkten Gehirnsig-
nale (AEI; DAEI) zu verarbeiten, um ein ver-
arbeitetes Gehirnsignal zu liefern;
- dem Eingangswandler (IT) wirkverbunden
und ausgebildet ist, eine von Zeit und Fre-
quenz abhängige Verstärkung auf das elek-
trische Eingangsaudiosignal (IN) oder ein
daraus hergeleitetes Signal anzuwenden
und ein verarbeitetes Ausgangsaudiosignal
(PAS) zu liefern, und
- dem Ausgangswandler (OT) wirkverbun-
den ist, um zu ermöglichen, dass das ver-
arbeitete Ausgangsaudiosignal (PAS) dem
Nutzer als ein verarbeitetes akustisches Si-
gnal präsentiert wird,

wobei
das Hörgerät weiterhin einen Signalgenerator (AEP-
SG; ABR-SG) zum Generieren eines elektrischen
Testsignals (ABR-S) aufweist, das speziell dazu an-
gepasst ist in einer akustisch evozierten Potential
(AEP) Messung verwendet zu werden, wobei der Si-
gnalgenerator mit dem Ausgangswandler wirkver-
bunden ist und es ermöglich, dass das elektrische
Testsignal (ABR-S) in einen akustischen Teststimu-
lus umgewandelt wird, um einen Nutzer zusammen
mit dem verarbeiteten akustischen Signal während
der Nutzung des Hörgeräts präsentiert zu werden
und wobei das Hörgerät ausgebildet ist, die akus-
tisch evozierte Potentialantwort während des tägli-
chen Gebrauchs für einige Zeit, beispielsweise eini-
ge Tage, aufzunehmen und die verarbeiteten Ge-
hirnsignale basierend auf einer Langzeitmittlung der
über mehrere Tage aufgenommenen akustisch evo-
zierten Potentialantworten bereitzustellen.

2. Hörgerät gemäß Anspruch 1, bei dem das elektri-
sche Testsignal dazu ausgebildet ist zu gewährleis-
ten, dass der akustische Teststimulus maskiert ist
und/oder für den Nutzer nicht hörbar ist.

3. Hörgerät gemäß Anspruch 1 oder 2, bei dem die
Signalverarbeitungseinheit ausgebildet ist Hör-
schwellen des Nutzers basierend auf den verarbei-
teten Gehirnsignalen zu schätzen.

4. Hörgerät gemäß einem der Ansprüche 1 bis 3, bei
dem die Signalverarbeitungseinheit ausgebildet ist,
einen Anpassungsalgorithmus wie z. B. NAL-NL2
auszuführen, um die angemessenen frequenzab-
hängigen Verstärkungen für den Nutzer aus den ge-
schätzten Hörschwellen zu bestimmen.

5. Hörgerät gemäß Anspruch 3, das einen Speicher
zum Aufzeichnen der Werte der geschätzten Hör-
schwellen des Nutzers über die Zeit aufweist.

6. Hörgerät gemäß Anspruch 4, bei dem die Signalver-
arbeitungseinheit ausgebildet ist, die gegenwärtig
genutzten frequenzenabhängigen Verstärkungen
zu modifizieren.

7. Hörgerät gemäß Anspruch 5, bei dem die Signalver-
arbeitungseinheit ausgebildet zu bestimmen, ob die
geschätzten Hörschwellen oder eine davon abgelei-
tete Hörschwellenmaßnahme sich mit der Zeit ver-
ändern, beispielsweise durch Bestimmen entspre-
chender Veränderungsraten.

8. Hörgerät gemäß Anspruch 7, mit einer Alarmanzei-
geeinheit, die ausgebildet ist ein Alarmsignal an den
Nutzer auszugeben, falls sich die geschätzten Hör-
schwellen mit der Zeit verschlechtern.

9. Hörgerät gemäß einem der Ansprüche 2 bis 8, mit
einem Modell des menschlichen Hörsystems und
ausgebildet um basierend auf dem Modell zu ge-
währleisten, dass der akustische Teststimulus mas-
kiert ist und/oder für den Nutzer nicht hörbar ist.

10. Verfahren zum Betreiben eines Hörgeräts (HA), wo-
bei das Hörgerät aufweist:

- einem Ohrteil (BTE; ITE), das ausgebildet ist,
um ganz oder teilweise an einem Ohr oder in
einem Gehörgang eines Nutzers (U) angebracht
zu werden, wobei das Ohrteil aufweist:

- ein Gehäuse
- zumindest eine Elektrode (E1, E2, ... , EN),
die an einer Oberfläche des Gehäuses an-
geordnet ist, um es den Elektroden zu er-
lauben die Haut eines Nutzers zu kontak-
tieren, wenn das Ohrteil im Betriebszustand
an dem Nutzer angebracht ist, wobei die zu-
mindest eine Elektrode dazu ausgebildet
ist, ein elektrisches Niederspannungssignal
vom Gehirn des Nutzers aufzunehmen,

- eine Verstärkereinheit (AMP), die mit der Elek-
trode (den Elektroden) wirkverbunden und aus-
gebildet ist, das elektrische Niederspannungs-
signal oder die elektrischen Niederspannungs-
signale zu verstärken, um ein verstärktes Ge-
hirnsignal oder verstärkte Gehirnsignale (AEI;
DAEI) zu liefern,
- einen Eingangswandler (IT) zum Bereitstellen
eines elektrischen Eingangsaudiosignals (IN),
- einen Ausgangswandler (OT) um ein elektri-
sches Ausgangssignal (OUT) in ein akustisches
Ausgangssignal umzuwandeln;
- einen Signalgenerator (AEP-SG; ABR-SG)
zum Generieren eines elektrischen Testsignals
(ABR-S), wobei der Signalgenerator dem Aus-
gangswandler (OT) wirkverbunden ist, um zu er-
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möglichen, dass das elektrische Testsignal dem
Nutzer als akustischer Teststimulus präsentiert
wird;
- eine Signalverarbeitungseinheit (SPU), wobei
die Signalverarbeitungseinheit mit

- der Verstärkereinheit (AMP),
- dem Eingangswandler (IT), und
- dem Ausgangswandler (OT),

wirkverbunden ist,

wobei das Verfahren umfasst:

- Anbringen des Hörgeräts (HA) an dem Nutzer
(U);
- Anwenden einer Zeit-frequenzabhängigen
Verstärkung auf das elektrische Eingangsaudi-
osignal (IN) oder ein daraus abgeleitetes Signal
und liefern eines verarbeiteten Ausgangsaudi-
osignals (PAS);
- Generieren und spezifisches Anpassen des
dem Nutzer als akustischen Teststimulus zu
präsentierenden und in einer akustisch evozier-
ten Potential- (AEP-) Messung zu nutzenden
elektrischen Testsignals (ABR-S);
- Mischen des verarbeiteten Ausgangsaudiosi-
gnals (PAS) oder eines davon abgeleiteten Si-
gnals und des elektrischen Testsignals (ABR-
S) zu dem elektrischen Ausgangssignal (OUT)
um den Nutzer zusammen als das akustische
Ausgangssignal präsentiert zu werden;
- Aufnehmen und Verarbeiten des verstärkten
Gehirnsignals oder der verstärkten Gehirnsig-
nale (AEI; DAEI) um ein verarbeitetes Gehirnsi-
gnal zu liefern;
- Aufnehmen der akustisch evozierten Potenti-
alantwort während des täglichen Gebrauchs für
einige Zeit, z. B. einige Tage; und
- Bereitstellen der verarbeiteten Gehirnsignale
basierend auf einer Langzeitermittlung der über
Tage aufgenommenen akustisch evozierten
Potentialantworten.

11. Verfahren gemäß Anspruch 10, welches weiterhin
umfasst, dass die Hörschwellen des Nutzers basie-
rend auf den verarbeiteten Gehirnsignalen ge-
schätzt werden.

12. Verfahren gemäß Anspruch 11, welches weiterhin
ein Ausführen eines Anpassungsalgorithmus, der
die geschätzten Hörschwellen zum Bestimmen der
angepassten frequenzabhängigen Verstärkung für
den Nutzer nutzt, umfasst.

13. Verfahren gemäß Anspruch 12, welches umfasst,
dass die aktuell genutzte frequenzabhängige Ver-
stärkung basierend auf den geschätzten Hörschwel-

len modifiziert wird.

14. Verfahren gemäß einem der Ansprüche 10 bis 13,
bei dem die Messung der akustisch evozierten Po-
tentiale ausgewählt ist aus: Auditory Brainstem Re-
sponse (ABR), einschließlich Auditory Brainstem
Responses auf komplexe Klänge (cABR), Auditory
Steady State Response (ASSR), und Frequency
Following Response (FFR).

15. Verfahren gemäß einem der Ansprüche 10 bis 14,
bei dem das elektrische Testsignal ausgebildet ist
um zu gewährleisten, dass der akustische Teststi-
mulus maskiert wird und/oder für den Hörer nicht
hörbar ist.

16. Verfahren gemäß Anspruch 15, bei dem die Anpas-
sung auf ein Modell des menschlichen Hörsystems
basiert, beispielsweise einem Lautheitsmaskie-
rungsmodell.

17. Hörgerätesystem mit einem ersten Hörgerät wie mit
einem der Ansprüche 1 bis 9 beansprucht und einem
Hilfsgerät, wobei das System dazu ausgebildet ist,
eine Kommunikationsverbindung zwischen dem
Hörgerät und dem Hilfsgerät herzustellen, um zu ge-
währleisten, dass Information zwischen den Geräten
ausgetauscht oder von einem Gerät zu dem anderen
weitergeleitet werden kann.

18. Hörgerätesystem gemäß Anspruch 17, bei dem die
Verarbeitung der Niederspannungs-EEG-Signale
der Elektroden auf dem Hörgerät ganz oder teilweise
von dem Hilfsgerät ausgeführt wird.

Revendications

1. Appareil auditif (HA) comprenant

• une partie d’oreille (BTE ; ITE) conçue pour
être montée totalement ou partiellement sur une
oreille ou dans un canal auditif d’un utilisateur
(U), la partie d’oreille comprenant

+ un boîtier,
+ au moins une électrode (E1, E2, ..., EN)
positionnée sur une surface dudit boîtier
pour permettre auxdites électrodes de tou-
cher la peau d’un utilisateur lorsque ladite
partie d’oreille est montée de manière opé-
rationnelle sur l’utilisateur, l’au moins une
électrode étant conçue pour capter un si-
gnal électrique basse tension provenant du
cerveau de l’utilisateur,

• une unité amplificatrice (AMP) connectée de
manière opérationnelle à ladite/lesdites électro-
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de(s) et adaptée pour amplifier le(s)dit(s) si-
gnal/signaux électrique(s) basse tension pour
fournir un/des signal/signaux cérébral/céré-
braux amplifié(s) (AEI ; DAEI),
• un transducteur d’entrée (IN) pour fournir un
signal d’entrée audio électrique,
• une unité de traitement du signal (SPU),
• un transducteur de sortie (OT) pour convertir
un signal de sortie électrique (OUT) en un son
de sortie acoustique,
• ladite unité de traitement de signal (SPU) étant
connectée de manière opérationnelle

+ à ladite unité amplificatrice (AMP) et adap-
tée pour traiter le(s)dit(s) signal/signaux cé-
rébral/cérébraux amplifié(s) (AEI, DAEI)
pour fournir un signal cérébral traité,
+ audit transducteur d’entrée (IT) et adaptée
pour appliquer un gain dépendant du temps
et de la fréquence audit signal d’entrée
audio électrique (IN) ou un signal provenant
de celui-ci et pour fournir un signal de sortie
audio traité (PAS), et
+ audit transducteur de sortie (OT) permet-
tant audit signal de sortie audio traité (PAS)
d’être présenté à l’utilisateur comme un si-
gnal acoustique traité,

où
l’appareil auditif comprend en outre un généra-
teur de signal (AEP-SG ; ABR-SG) pour générer
un signal de test électrique (ABR-S) spécifique-
ment adapté pour être utilisé dans une mesure
de potentiel évoqué auditif (AEP), le générateur
de signal étant connecté de manière opération-
nelle audit transducteur de sortie permettant
audit signal de test électrique (ABR-S) d’être
converti en un stimulus de test auditif pour être
présenté à un utilisateur avec ledit signal acous-
tique traité pendant l’utilisation de l’appareil
auditif, et où l’appareil auditif est adapté pour
enregistrer la réponse de potentiel évoqué audi-
tive pendant l’utilisation quotidienne durant un
certain temps, par exemple quelques jours, et
pour fournir lesdits signaux cérébraux traités en
fonction de la moyenne à long terme desdites
réponses de potentiel évoqué auditif enregis-
trées au cours de plusieurs jours.

2. Appareil auditif selon la revendication 1 où ledit si-
gnal de test électrique est adapté pour assurer que
le stimulus du test auditif est masqué et/ou inaudible
pour l’utilisateur.

3. Appareil auditif selon la revendication 1 ou 2 où ladite
unité de traitement de signal est adaptée pour esti-
mer les seuils auditifs de l’utilisateur en fonction des-
dits signaux cérébraux traités.

4. Appareil auditif selon l’une quelconque des revendi-
cations 1 à 3 où l’unité de traitement de signal est
adaptée pour exécuter un algorithme d’ajustement,
tel que NAL-NL2, pour déterminer des gains dépen-
dants de fréquence appropriés pour l’utilisateur à
partir des seuils auditifs estimés.

5. Appareil auditif selon l’une quelconque des revendi-
cations 3 comprenant une mémoire pour enregistrer
des valeurs desdits seuils auditifs estimés de l’utili-
sateur au cours du temps.

6. Appareil auditif selon l’une quelconque des revendi-
cations 4 où l’unité de traitement de signal est adap-
tée pour modifier les gains dépendants de la fré-
quence actuellement utilisés.

7. Appareil auditif selon la revendication 5 où l’unité de
traitement de signal est adaptée pour déterminer si
les seuils auditifs estimés ou une mesure de seuil
auditif dérivée de ceux-ci change(nt) dans le temps,
par exemple en déterminant des taux de variation
correspondants.

8. Appareil auditif selon la revendication 7 comprenant
une unité d’indication d’alarme adaptée pour délivrer
un signal d’alarme à l’utilisateur au cas où les seuils
auditifs estimés se détérioreraient avec le temps.

9. Appareil auditif selon l’une quelconque des revendi-
cations 2 à 8 comprenant un modèle du système
auditif humain et adapté pour assurer que le stimulus
du test auditif est masqué et/ou inaudible pour l’uti-
lisateur en fonction dudit modèle.

10. Procédé d’utilisation d’un appareil auditif (HA), l’ap-
pareil auditif comprenant

• une partie d’oreille (BTE ; ITE) conçue pour
être montée totalement ou partiellement sur une
oreille ou dans un canal auditif d’un utilisateur
(U), la partie d’oreille comprenant

+ un boîtier,
+ au moins une électrode (E1, E2, ..., EN)
positionnée sur une surface dudit boîtier
pour permettre auxdites électrodes de tou-
cher la peau d’un utilisateur lorsque ladite
partie d’oreille est montée de manière opé-
rationnelle sur l’utilisateur, et conçue pour
capter un signal électrique à basse tension
provenant du cerveau de l’utilisateur,

• une unité amplificatrice (AMP) connectée de
manière opérationnelle à ladite/lesdites électro-
de(s) et adaptée pour amplifier le(s)dit(s) si-
gnal/signaux électrique(s) basse tension pour
fournir un/des signal/signaux cérébral/céré-
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braux amplifié(s) (AEI ; DAEI)
• un transducteur d’entrée (IT) pour fournir un
signal d’entrée audio électrique,
• un transducteur de sortie (OT) pour convertir
un signal de sortie électrique (OUT) en un son
de sortie acoustique pour un utilisateur,
• un générateur de signal (AEP-SG ; ABR-SG)
pour générer un signal de test électrique (ABR-
S), le générateur de signal étant connecté de
manière opérationnelle audit transducteur de
sortie (OT) permettant audit signal de test élec-
trique d’être présenté à un utilisateur comme un
stimulus de test auditif,
• une unité de traitement de signal (SPU), ladite
unité de traitement de signal étant connectée de
manière opérationnelle

+ à ladite unité amplificatrice (AMP),
+ audit transducteur d’entrée (TI), et
+ audit transducteur de sortie (OT),

la procédé comprenant
• un montage dudit appareil auditif (HA) sur ledit
utilisateur (U) ;
• une application d’un gain dépendant du temps
et de la fréquence audit signal d’entrée audio
électrique (IN) ou à un signal provenant de celui-
ci et la fourniture d’un signal de sortie audio traité
(PAS) ;
• une génération et adaptation spécifique dudit
signal de test électrique (ABR-S) pour être pré-
senté à l’utilisateur comme un stimulus de test
auditif et utilisé dans une mesure de potentiel
évoqué auditif (AEP) ;
• un mélange dudit signal de sortie audio traité
(PAS) ou d’un signal provenant de celui-ci et
dudit signal de test électrique (ABR-S) audit si-
gnal de sortie électrique (OUT) pour être pré-
sentés ensemble à l’utilisateur comme ledit son
de sortie acoustique ;
• un enregistrement et un traitement dudit/des-
dits signal/signaux cérébral/cérébraux ampli-
fié(s) (AEI ; DAEI) pour fournir un signal cérébral
traité ;
• un enregistrement de la réponse de potentiel
évoquée auditif pendant l’utilisation quotidienne
durant un certain temps, par exemple quelques
jours, et
• une fourniture desdits signaux cérébraux trai-
tés en fonction de la moyenne à long terme des
réponses de potentiel évoqué auditif enregis-
trées au cours des jours.

11. Procédé selon la revendication 10 comprenant en
outre le fait que les seuils auditifs de l’utilisateur sont
estimés en fonction desdits signaux cérébrales trai-
tés.

12. Procédé selon la revendication 11 comprenant en
outre une exécution d’un algorithme d’ajustement
utilisant les seuils auditifs estimés pour déterminer
le gain dépendant de la fréquence approprié pour
l’utilisateur.

13. Procédé selon la revendication 12 comprenant le fait
que le gain dépendant de la fréquence actuellement
utilisé est modifié en fonction desdits seuils auditifs
estimés.

14. Procédé selon l’une quelconque des revendications
10-13 où la mesure des potentiels évoqués auditifs
est sélectionnée parmi une réponse auditive du tronc
cérébral (ABR), dont des réponses auditives du tronc
cérébral aux sons complexes (cABR), une réponse
auditive à caractère constant (ASSR) et une réponse
soutenue à la fréquence (FFR).

15. Procédé selon l’une quelconque des revendications
10 à 14 où le signal de test électrique est adapté
pour assurer que le stimulus de test auditif est mas-
qué et/ou inaudible pour l’utilisateur.

16. Procédé selon la revendication 15 où l’adaptation
est basée sur un modèle du système auditif humain,
par exemple un modèle de masquage sonore.

17. Système d’appareil auditif comprenant un premier
appareil auditif selon l’une quelconque des revendi-
cations 1 à 9, ET un dispositif auxiliaire, le système
étant conçu pour établir une liaison de communica-
tion entre l’appareil auditif et le dispositif auxiliaire
pour assurer que des informations puissent être
échangées entre l’un et l’autre ou transmis de l’un à
l’autre.

18. Système d’appareil auditif selon la revendication 17,
où le traitement des signaux EEG à basse tension
provenant des électrodes de l’appareil auditif est réa-
lisé totalement ou partiellement dans le dispositif
auxiliaire.
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