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Description

[0001] The present invention relates to a method for
individually fitting a hearing instrument.
[0002] A hearing instrument usually comprises a mi-
crophone for generating an input audio signal from am-
bient sound, an audio signal processing unit (which now-
adays often is digital) for processing the input audio signal
into a processed output audio signal and an output trans-
ducer for stimulation of the user’s hearing according to
the processed output audio signals. Audio signal
processing in the audio signal processing unit involves
applying a gain function to the input audio signal, which
depends on level and frequency of the input audio signal.
Hearing instruments usually are used by persons suffer-
ing from a hearing loss compared to normal-hearing per-
sons, which depends on level and frequency of the am-
bient sound. Usually the hearing instrument undergoes
a fitting procedure in order to individually set the gain
provided by the hearing instrument such that the hearing
loss of the user is compensated as far as possible.
[0003] In the prior art various attempts have been
made for the fitting of hearing aids to the needs of an
individual patient.
[0004] US 4,577,641 relates to a fitting process for a
cochlear implant wherein equal loudness contour (ELC)
measurements are conducted after the device has been
implanted in order to determine the individual optimized
gain function of the hearing instrument. The ELC meas-
urements are carried out at the most comfortable loud-
ness level.
[0005] DE 32 05 685 A1 relates to a hearing instrument
with an electroacoustic output transducer, wherein a
sound generator is integrated within the hearing instru-
ment for performing hearing threshold measurements as
a function of frequency.
[0006] DE 199 14 992 A1 relates to the integration of
a sound generator for audiometric measurement within
a partially or fully implantable hearing instrument for e.g.
direct mechanical stimulation of the inner ear.
[0007] According to EP 0 535 425 B1 loudness curves
as a function of the sound input level are measured for
various frequencies. From these loudness curves con-
tours of equal loudness as a function of frequency are
plotted for various loudness values. However, the loud-
ness curves are obtained without the hearing aid being
used.
[0008] DE 100 41 726 C1 relates to an implanted hear-
ing instrument with an electromechanical transducer,
wherein the quality of the coupling between the trans-
ducer and the user’s ear is evaluated by measuring the
mechanical impedance after implantation of the trans-
ducer.
[0009] EP 0 661 905 B1 relates to a fitting model for
hearing aids in order to take into account various psycho-
acoustic effects, i.e. in order to take into account the fact
that loudness curves are measured with sinus tones or
low-band noise while practical ambient sound, in partic-

ular speech, is perceived by the user in a much more
complex manner than sinus tones or narrow-band noise.
[0010] Fitting procedures for hearing instruments with
electroacoustic output transducers are suggested in US
6,574,342 B1 and US 6,201,875 B1 which propose to
perform measurements of the contours of equal loudness
with the hearing instrument worn by the user and with
the stimuli created by the hearing instrument itself. In
these measurements, for a plurality of frequencies f or
frequency bands, the input level of the hearing instrument
is varied such that the loudness perceived by the user is
kept constant. This procedure is repeated for different
values/categories of loudness ranging from very soft to
extremely loud. The thus measured contours of equal
loudness are used to determine the individual gain func-
tion which is finally implemented in the hearing instru-
ment to compensate for the user’s individual hearing loss.
[0011] While using the fitting procedures suggested in
US 6,574,342 B1 and US 6,201,875 B1 the hearing de-
vice can be well fitted to the individual hearing loss ex-
perienced by the patient, these procedures are disad-
vantageous in that a large number of measurements has
to be taken. In particular, in the fitting procedures de-
scribed in US 6,574,342 B1 and US 6,201,875 B1 meas-
urements are taken at 12 different frequencies for 7 dif-
ferent loudness levels. That means that 84 individual
reading points are investigated, which necessitates a
lengthy and troublesome procedure both for the patient
and the physician or audiologist.
[0012] WO 2004/054318 relate to a method for fitting
the gain of a hearing aid to the individual hearing loss of
the person, wherein the measurements are carried-out
with the person using a hearing aid similar to that the
person will use in practice after the fitting process, where-
in the measurements are carried-out at three different
volume/loudness levels, namely at the most comfortable
level (MCL), at a loud level and at a soft level, and wherein
at each volume level the measurement is repeated at
four different frequency bands. With regard to frequen-
cy/frequency resolution, each of the volume levels is
treated the same, i.e. the measurements are carried-out
at the same number of frequency bands and with the
same frequency resolution.
[0013] It is an object of the invention to provide for a
simple and nevertheless accurate method for individually
fitting a hearing instrument comprising an output trans-
ducer for stimulation of the human auditory system.
[0014] This object is achieved by a method as defined
in claims 1 and 21, respectively.
[0015] The solution according to claim 1 is beneficial
in that, by measuring the perceived loudness at the in-
termediate loudness level for a larger number of frequen-
cies or frequency bands and with a finer frequency res-
olution than at said low and high loudness levels and
calculating the individual gain function to be implemented
in the audio signal processing unit in order to achieve the
pre-defined target loudness function using the transduc-
er input audio signal levels taken during such measure-
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ments, the number of measurement points to be inves-
tigated can be substantially reduced.
[0016] The present invention takes advantage of the
finding that the fine frequency dependency of the overall
transfer function, i.e. that part of the frequency depend-
ency which varies strongly/steeply within short frequency
intervals (in other words, the short scale variations), is
relatively similar for even significantly different perceived
loudness levels of the signal. It has been found that thus,
instead of individually determining the transfer functions
for every single loudness category by taking measure-
ments at a high frequency resolution for each loudness
category of interest, it is usually sufficient to determine
the transfer function only for a single intermediate loud-
ness level at a higher frequency resolution, whereas for
the low and high loudness levels measurement with low
frequency resolution at only a few frequencies/frequency
bands, i.e. at only a few measurement points is sufficient,
since the actual short scale variations with frequency for
those low and high loudness levels usually will be similar
to that having been measured for the intermediate loud-
ness level, which thus can be estimated by transferring
that having been measured for the intermediate loudness
level to the low and high loudness levels. Thus, having
determined the frequency dependency of the overall
transfer function by conducting measurements with a
high frequency resolution at one loudness level, such as
the most comfortable level (MCL), it is thus possible to
quite precisely interpolate, preferably by linear interpo-
lation, the frequency dependency also for loudness levels
in which measurements were taken only for a few fre-
quencies
[0017] It is noted that the finding that the coupling trans-
fer function from the output transducer to the user’s hear-
ing usually depends strongly on frequency but less on
loudness level, while the hearing loss of the patient usu-
ally depends strongly on loudness level but less on fre-
quency, enables separation of these two components by
calculations so that common fitting software tools, which
usually need these two components as separate input,
can be used.
[0018] Preferably, in such measurements the interme-
diate loudness level is the most comfortable level, which
may be from 60 to 70 phon and which is the input sound
pressure level at which intelligibility of the stimulus by the
user is best and to which the user could comfortably listen
over an extended period of time. The low loudness level
preferably is the hearing threshold, which is the input
sound pressure level at which the stimulus becomes de-
tectable by the user, and the high loudness level prefer-
ably is the uncomfortable level (UCL), which is the input
sound pressure level at which loudness becomes un-
comfortable to the user and the sensation could not be
tolerated for an extended period of time.
[0019] Whereas for the intermediate loudness level the
transducer input audio signal level should preferably be
measured at at least 5 different frequencies or frequency
bands, respectively, for the low and/or high loudness lev-

el measurements at 3 to 5 frequencies or frequency
bands can be sufficient in the practice of the invention.
In the range of 0.75 to 3 kHz which is the range into which
usually the resonance of an electromechanical output
transducer falls so that the variation of the overall transfer
function due to individual spread of the output transducer
resonance can be eliminated, each contour of equal loud-
ness preferably is measured at at least 5 different fre-
quencies or frequency bands, respectively.
[0020] Preferably, in order to obtain a good frequency
resolution, the transducer input audio signal level for the
intermediate loudness level is measured for at least 8
frequencies or frequency bands. An even finer frequency
resolution can be obtained by increasing the number of
frequencies at which the loudness perception is meas-
ured, such as by measuring the transducer input audio
signal level for the intermediate loudness level for at least
15 frequencies or frequency bands.
[0021] In a preferred embodiment of the invention the
transducer input audio signal level is measured for each
loudness level for frequencies or frequency bands in a
range of from 100 to 10,000 Hz. Preferably, the frequen-
cies or frequency bands are spaced in equal distances
in the range of from 100 to 10,000 Hz.
[0022] In a particularly preferred embodiment of the
invention the frequency dependence of the values of the
transducer input audio signal level as measured for the
intermediate loudness level is used to interpolate be-
tween the values of the transducer input audio signal
level to be applied to the transducer input as measured
for the low and the high loudness level. In this manner
the present method enables to obtain functions repre-
senting the frequency dependency of the loudness per-
ception at a high frequency resolution also for loudness
categories in which readings are taken at a substantially
lower frequency resolution, i.e. by taking measurements
only for a few frequencies.
[0023] Preferably, the measurements for the interme-
diate loudness level are conducted as an equal loudness
contour measurement, that is as a measurement wherein
subsequently for each frequency or frequency band a
transducer input audio signal level is selected which
causes a constant level of loudness perception for the
user.
[0024] Whereas for taking the measurements for the
intermediate loudness level preferably narrow band
noise is used, the measurements for the low and high
loudness levels preferably are conducted with pure sinus
tones.Instead of measuring ⎯ according to the solution
defined in claim 1 - the transducer input audio signal level
which has to be applied to the transducer input in order
to achieve a certain intermediate perceived loudness lev-
el, according to the solution defined in claim 21 a prede-
termined level of the processed output audio signal at a
number of frequencies or frequency bands is present to
the user and then the loudness level perceived by the
user at the respective frequency or frequency band is
measured. Using the thus obtained relationship between
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the level of the processed output audio signal, which is
used as input signal for the transducer, and the perceived
loudness level the overall transfer function can be deter-
mined.
[0025] In a preferred embodiment of the present inven-
tion transducer input audio signal levels are measured
for the low and high loudness levels as an equal loudness
contour measurement, wherein subsequently for each
frequency or frequency band the transducer input audio
signal level is selected such that the same loudness level
is perceived by the user. Then a preliminary individual
gain function is calculated by taking into account the
measured transducer input audio signal levels for the low
and high loudness levels, so as to achieve a pre-defined
target loudness function which at least in a range of me-
dium input sound pressure levels corresponds to the
standard loudness function of a normal hearing person.
In a further step, the contour of equal loudness is esti-
mated for the intermediate loudness level from the pre-
liminary individual gain function, and the individual gain
function is calculated by correcting the preliminary indi-
vidual gain function by taking into account the difference
between the contour of equal loudness measured for the
intermediate loudness and the estimated contour of
equal loudness.
[0026] In this embodiment of the invention thus a two-
stage fitting procedure is employed, wherein in-situ ELC
measurements are made in the second stage, whereby
a particularly simple but nevertheless accurate fitting pro-
cedure is provided which does not require knowledge of
the transfer function of the components of the hearing
instrument; in particular, it does not require knowledge
the transfer function of the electromechanical or electroa-
coustical output transducer and the coupling to the user’s
anatomy. In particular, with the help of the ELC meas-
urements in the second stage of the fitting procedure the
hearing instrument can be compensated for the usually
unknown and significantly spreading resonance of the
electromechanical output transducer in the range of 0.75
to 3 kHz.
[0027] The reason for performing in this embodiment
initial coarse audiogram measurements is to determine
preliminary fitting parameters in order to enable accurate
measurements of the contour of equal loudness in the
second step, with the hearing instrument already being
operated in a manner taking into account those prelimi-
nary fitting parameters (e.g. hearing threshold, MCL,
UCL). Thereby it becomes possible to perform the con-
tour of equal loudness measurements with the hearing
instrument already being operated in a manner more or
less close to the finally fitted hearing instrument.
[0028] Generally, the measurement of the contour of
equal loudness should have a finer frequency resolution
than the initial audiogram measurements, thereby serv-
ing as a correction of the initial, relatively coarse audio-
gram measurement. To this end, the number of frequen-
cies or frequency bands at which the contour of equal
loudness is measured preferably is larger than the

number of frequencies or frequency bands at which the
initial audiogram measurement is performed.
[0029] When estimating the contour of equal loudness
from the initial loudness measurements, this can be done
by linear interpolation between the measured frequen-
cies or frequency bands, respectively.
[0030] Preferably, the initial audiogram measurements
are performed with pure sinus tones, while the measure-
ment of the contour of equal loudness is performed with
narrow-band noise.
[0031] The target loudness function at least in the
range of medium input sound pressure levels preferably
corresponds to the standard loudness function of a nor-
mal hearing person. For medium input sound pressure
levels an individual gain function thus can be determined
by adding the difference between the standard loudness
function of a normal hearing person and the initially de-
termined individual loudness function being derived from
the audiogram data to the preset standard gain function.
[0032] For low and high input sound pressure levels
the gain in the target loudness function may be progres-
sively reduced compared to the gain for medium input
sound pressure levels, i.e. for low and high sound input
pressure levels the gain may be smaller than the sum of
the difference between the standard loudness function
of a normal hearing person and the determined individual
loudness function and the preset standard gain function.
For low input sound pressure levels, the gain in the target
loudness function may be progressively reduced towards
low input sound pressure levels, while for high input
sound pressure levels the gain in the target loudness
function may be progressively reduced towards high in-
put sound pressure levels. Above a given high input
sound pressure level the gain may be reduced below
zero in order to provide for a maximum power output
limitation, so that the hearing instrument saturates at very
high input sound pressure levels.
[0033] While the transducer input audio signal used in
the measurements can be generated by providing cor-
responding sound to the microphone, preferably the stim-
ulus is generated by the audio signal processing unit it-
self. To this end, the audio signal processing unit can be
provided with a sound generator. Such measurements,
which are more accurate and reproducible than earphone
measurements, are made possible by the fact that usu-
ally the transfer function of ambient sound to the audio
signal processing unit via the microphone is known.
[0034] According to a preferred embodiment, an elec-
tromechanical output transducer is used which is directly
connected, via an artificial incus, with the stapes or the
footplate of the stapes or with the round window or an
artificial window of the cochlear wall. Such hearing in-
struments also are known as DACS (Direct Acoustic Co-
chlear Stimulator).
[0035] However, the fitting method according to the in-
vention also can be used for hearing instruments with
electroacoustic output transducer or for cochlea im-
plants.
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[0036] In the following, examples of the invention will
be described in more detail by reference to the attached
drawings.

Fig. 1 is a schematic view of a hearing instrument
according to the invention;

Fig. 2 is an example of the spread of the electro-
mechanical output transducer transfer func-
tion;

Fig. 3 shows an example of the loudness curve of
a normal-hearing person and an measured
individual loudness curve of a hearing im-
paired person using a hearing instrument op-
erated at a preset standard gain function;

Fig. 4 shows an example of a preliminary individual
gain function of the hearing instrument de-
rived from the measured individual loudness
curves;

Fig. 5 shows an example of hearing instrument out-
put curves estimated from the measure-
ments of the individual loudness curves as
a function of frequency for several input lev-
els;

Fig. 6 shows an example of an equal loudness con-
tour of a normal hearing person at 65 phon,
wherein the input level necessary to achieve
this loudness is given as a function of fre-
quency, together with arrows indicating the
difference between a measured equal loud-
ness contour of the person using the hearing
instrument operated at the preliminary indi-
vidual gain function to an equal loudness
contour estimated by frequency interpolation
from the initial loudness measurements;

Fig. 7 shows how the obtained differences of the
individually measured equal loudness con-
tour curve and the estimated equal loudness
contour curve, i.e. the arrows of Fig. 6, are
used to correct the 75 dB input level curve;

Fig. 8 shows the hearing instrument output curves
of Fig. 5 after having been corrected accord-
ing to the equal loudness contour measure-
ments;

Fig. 9 is a diagram illustrating a signal conversion
as performed in a hearing instrument;

Fig. 10 is a graphical representation of the points of
measurement;

Fig. 11A shows a measuring curve obtained at the

most comfortable level (MCL);

Fig. 11B shows the results obtained by the measure-
ments taken at the most uncomfortable level
(UCL), wherein the data curve is obtained by
interpolation between the measuring data
using the curve shown in Fig. 11A; and

Fig. 11B shows the results obtained by the measure-
ments taken at the hearing threshold (THR),
wherein the data curve is obtained by inter-
polation between the measuring data using
the curve shown in Fig. 11A.

[0037] To facilitate understanding of the fitting proce-
dure, signal conversion as performed in a hearing instru-
ment will be explained below by reference to Fig. 9. As
it is schematically shown in Fig. 9 a sound level L0 is
applied to a microphone M which is arranged in an envi-
ronment U. Microphone M converts the sound signal into
an electric signal level L1, which by means of an audio
signal processing unit E is converted into an electric sig-
nal level L2 to be applied as input signal to an output
transducer TD. Output transducer TD, which can be an
electroacoustic transducer (i.e. a speaker/receiver), an
electrode for direct electric stimulation of the cochlea or
an electromechanical output transducer for direct me-
chanical stimulation of the middle ear or the inner ear,
and which in case that the output transducer TD is an
electrode or an electromechanical output transducer has
to be implanted, is coupled to the hearing apparatus EAR
of the patient. In dependency of the type of output trans-
ducer used, the coupling , for example, may be acousti-
cally via the tympanic membrane, or mechanically via
the stapes or the oval window, so as to generate within
the hearing apparatus EAR a stimulus which is perceived
by the patient as loudness sensation L3.
[0038] Conversion of the original sound level L0 into
the loudness sensation L3 perceived by the patient in-
volves a number of transfer functions which also are in-
dicated in Fig. 9. In particular, conversion of the original
sound level L0 into the electric signal level L1 is governed
by a transfer function T01 which basically is dependent
on the frequency of the signal presented to the micro-
phone and thus can be assumed to be known. The trans-
fer function T12 which describes conversion of electric
signal level L1 to processed electric signal level L2 to be
applied as input signal to output transducer TD can be
adjusted by means of audio signal processing unit E. For
audio signal measurements, instead of using an airborne
sound signal to be picked up by microphone M, there can
be provided a signal processor SG which feeds a known
sound level L2 to output transducer TD. The transfer func-
tion T23 which associates a certain loudness perception
to a certain input signal level L2 of the transducer TD
generally is not known and depends on the individual
circumstances of the patient. In particular, transfer func-
tion T23 combines a coupling portion TC which accounts
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for the transducer resonance and the coupling of the
transducer to the anatomic structures of the patient as
well as a hearing loss portion THL which represents the
individual hearing loss experienced by the patient. In or-
der to be able to determine the overall transfer function
T03 by which conversion of a sound event into a hearing
impression can be described and which is composed of
the above partial transfer function T01, T12 and T23, trans-
fer function T23 has to be determined in the course of the
fitting procedure.
[0039] In view of the above the fitting procedure aims
at adjusting the audio signal processing unit E (and hence
transfer function T12) such that the overall transfer func-
tion T03 (and hence association of a certain loudness
perception L3 to a certain input signal level L2) assumes
a certain shape, which often, at least for intermediate
loudness levels, approximates the overall transfer func-
tion T03 that is realized in normal healthy hearing. For
low and high loudness levels often an overall transfer
function T03 is preferred which differs from that achieved
in normal hearing. Thus, whereas for low loudness levels
often a so-called "Soft Squelch" function is implemented
by which the gain function is progressively reduced to-
wards low input sound levels, for high loudness levels
many patients prefer a limitation of the loudness level,
i.e. a compression of the gain function.
[0040] In the course of the fitting procedure first the
initially unknown transfer function T23 is determined with
the aid of audiologic measurements. In a second step,
using the known microphone transfer function T01 and
the required transfer function T12 of the audio signal
processing unit E as a function of loudness level and
frequency, a desired overall transfer function T03 can be
calculated and implemented in the audio signal process-
ing unit E.
[0041] Fig. 1 is a schematic view of an example of a
hearing instrument according to the invention comprising
an external part 10 and an implantable part 12 which are
connected via a percutaneous plug 14. The external part
10 comprises a housing 16 to be worn somewhere at the
user’s body, for example, behind the ear. The housing
16 forms a control unit 18 which comprises at least one
microphone 20 for converting ambient sound into an input
audio signal, a battery 22, a data memory 24 and a digital
audio signal processing unit 26. The digital audio signal
processing unit 26 is for processing the audio input signal
provided by the microphone 20 into a processed output
audio signal by applying a gain function, which depends
on frequency and audio signal input level, to the input
audio signal provided by the microphone 20. The gain
function, together with other operating parameters and
the operating program for the digital audio signal
processing unit 26, may be stored in the memory 24. The
digital audio signal processing unit also may comprise a
sound generator 28. In an alternative embodiment the
sound generator 28 may be provided separate from the
digital audio signal processing unit 26.
[0042] The control unit 18 is connected to the percu-

taneous plug 14 via a tube 30 which houses wires for
providing the output audio signal from the digital audio
signal processing unit 26 to an electromechanical output
transducer 32 and for supplying the electromechanical
output transducer 32 with power from the battery 22. To
this end, the output transducer 32 is electrically connect-
ed to the percutaneous plug 14 via a tube 34. The im-
plantable part 12 consists of the output transducer 32,
the tube 34 and the implantable part of the plug 14. The
implantable part 12 is implanted into the skull of the user,
with the output transducer 32 comprising a bone plate
36 which is fixed at the user’s skull.
[0043] The output transducer comprises a housing 38
comprising a drive 40 for driving a rod 42 for reciprocating
movement. The free end of the rod 42 is provided with
an artificial incus 44 which is to be mechanically connect-
ed to the cochlea of the user. The fixation of the artificial
incus 44 at the user’s cochlea can be achieved by surgical
techniques which are known as stapedotomy or stape-
dectomy. Conventionally, these techniques are used for
connecting the artificial incus of a middle ear prosthesis
to the patient’s stapes (stapedotomy) or footplate of the
stapes (stapedectomy) when treating otosclerosis.
[0044] The drive 40 may be an electromagnetic drive
(an example of which is described in US 6,315,710 B1)
or a piezoelectric drive (an example of which is described
in US 6,554,762 B2).
[0045] The hearing instrument of Fig. 1 is particularly
suited for patients who cannot be effectively treated with
electroacoustic hearing aids alone and therefore would
require surgery anyhow. The hearing instrument used in
the present invention completely bypasses the middle
ear and thus does not require a functional middle ear.
[0046] Fitting of such hearing instrument to the individ-
ual user, i.e. determination of the most appropriate gain
function, is critical for several reasons. First, the trans-
ducer resonance may spread significantly from device to
device (this is shown by two examples in Fig. 2). Second,
the coupling of the output transducer to the cochlea is
not known and may spread significantly from case to
case. Third, the output of the output transducer is not
available in acoustic form.
[0047] Therefore it is necessary to perform a fitting pro-
cedure in which the gain function which the hearing in-
strument applies to the sound signal is adapted to the
individual circumstances and requirements of the user
of the hearing instrument.
[0048] In such fitting procedure audiogram measure-
ments are made wherein loudness perception of a stim-
ulus by the user is tested when using the hearing instru-
ment. In particular, upon having pre-defined a desired
target loudness function, measurements are taken of the
transducer input audio signal level which has to be ap-
plied to the transducer input in order to achieve a certain
intermediate perceived loudness level, which preferably
is the most comfortable level (MCL). These measure-
ments are repeated for a number of frequencies or fre-
quency bands. Most preferably the measurements for
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the intermediate loudness level are conducted with a fre-
quency resolution which corresponds to the frequency
resolution of the hearing instrument.
[0049] As it is indicated in Fig. 10, which illustrates the
points where measurements are taken in terms of stim-
ulus frequency f and perceived loudness L3, the meas-
urements of the perceived loudness level preferably are
conducted as an equal loudness contour measurement,
wherein a transducer input audio signal level L2 is select-
ed such that the same loudness level L3 is perceived by
the user.
[0050] Fig. 11A illustrates an exemplary chart of results
obtained by the measurements taken at the most com-
fortable level (MCL) and indicates for each frequency
tested the respective transducer input audio signal level
L2 that is required to obtain that the constant loudness
level L3. As can be seen from Fig. 11A, the transfer func-
tion T23 which describes the relationship between the
transducer input audio signal level L2 and the perceived
loudness level L3 is not a linear function but usually shows
large variations over the tested frequency range.
[0051] Since, however, such variation of the perceived
loudness level L3 in the course of the frequency range
was found to be largely independent from the loudness
level being tested, in the method suggested herein the
measurements for low and high loudness levels such as
the hearing threshold (THR) and the uncomfortable level
(UCL), respectively are restricted to only a few measure-
ment points, for example to only three frequencies, as it
is indicated in Fig. 10.
[0052] As it is shown in Figs. 11B and Fig. 11C, using
the frequency dependency obtained at high frequency
resolution for the intermediate perceived loudness level
shown in Fig. 11, curves for the low and high loudness
levels are obtained by interpolation between the meas-
urement values taken for the low and high loudness levels
at the lower frequency resolution.
[0053] In a practical example, the present fitting pro-
cedure further may be designed as a two-stage fitting
procedure, wherein at the first stage the hearing instru-
ment is used in order to perform audiogram measure-
ments at a few frequencies, whereby some points of the
individual loudness curve versus sound input level are
obtained between which the individual loudness curve is
interpolated. From the individual loudness curve a pre-
liminary individual gain function is calculated which may
be used for operating the hearing instrument at the sec-
ond stage (in particular if the stimulus is provided by an
earphone to the microphone 20) wherein at least one
contour of equal loudness is measured with a finer fre-
quency resolution than that of the loudness curve of the
first stage. The measured contour of equal loudness then
is used for correcting the individual preliminary gain func-
tion, in particular in between the frequencies already
measured in the first stage, in order to consider, for ex-
ample, the relatively sharp resonance of the output trans-
ducer. Thereby from the individual preliminary gain func-
tion obtained in the first stage a corrected individual gain

function is determined in the second stage, which then
is finally used for operating the hearing instrument.
[0054] The audiogram measurements may be per-
formed such that for each frequency at least two points
of the loudness curve are determined, usually the hearing
threshold (denoted by A in Fig. 3) and at least one of
MCL (denoted by B) and UCL (denoted by C). Such loud-
ness curve as shown in Fig. 3 should be determined at
least for four different frequencies spread over the most
relevant part of the audible frequencies. The loudness
measurements of the first stage are performed with pure
sinus tones. While in principle it would be possible to
provide the stimulus by an earphone to the microphone
20 (in that case a standard gain function would be used
for operating the hearing instrument in the first stage,
which preferably is linear with respect to sound input lev-
el), it is preferred to generate the stimulus by the sound
generator 28 within the control unit 18.
[0055] For determining the preliminary individual gain
function, at each test frequency the difference between
the measured individual loudness curve and the standard
loudness curve of the normal hearing person, i.e. the
difference in input level necessary for obtaining the same
loudness perception, is considered. This is indicated by
arrows D1 and D2 in Fig. 3. To this end, the individual
loudness curve is interpolated linearly between the
measured test input levels. Each input level difference
D1 and D2 corresponds to the necessary additional gain
at the respective input level of the standard loudness
curve (which is labeled S in Fig. 3). The result is shown
in Fig. 4 wherein the additional gain relative to the stand-
ard gain function necessary for approaching the loudness
curve of a normal-hearing person is shown for a given
frequency as a function of the input level.
[0056] For low input levels the gain may be progres-
sively reduced towards low input levels regarding the val-
ues obtained from Fig. 3 in order to implement a function
which is known as "soft squelch" and which serves to
reduce or eliminate microphone noise otherwise occur-
ring at very low input levels. At high input levels the gain
may be progressively reduced towards high input levels
relative to the gain determined from Fig. 3 in order to
implement a "maximum power output" (MPO) function
which serves to avoid uncomfortably high loudness val-
ues so that the UCL should not be exceeded.
[0057] From this first stage measurements for each
test frequency an individual preliminary gain function is
obtained by adding the standard gain function used dur-
ing the audiogram measurements to the gain curve
shown in Fig. 4.
[0058] The obtained data could be represented in an
alternative manner as shown in Fig. 5, wherein the trans-
ducer output level is plotted as function of frequency for
various input levels. Between the test frequencies f0 to
f3 the values have been interpolated linearly. The trans-
ducer output level shown in Fig. 5 corresponds to the
preliminary individual gain of the hearing instrument plus
the input level.
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[0059] At the second stage of the fitting procedure, the
hearing instrument is operated with the preliminary indi-
vidual gain function determined at the first stage in order
to measure at least one contour of equal loudness (how-
ever, use of preliminary individual gain function for oper-
ating the hearing instrument is not necessary if the stim-
ulus is generated by the sound generator 28). Preferably,
the contour of equal loudness is measured at the MCL,
for example, at 65 phon. In contrast to the audiogram
measurements of the first stage, narrow-band noise other
than pure sinus tones is used as the stimulus. Analo-
gously to the first stage measurements, the stimulus pref-
erably is provided by the internal sound generator 28 of
the control unit 18. In order to determine the contour of
equal loudness, for a number of test frequencies the input
level of the stimulus is varied until the desired loudness
is perceived by the user.
[0060] The test frequencies for the ELC measure-
ments are selected such that the frequency resolution is
improved regarding the audiogram measurements of the
first stage. In particular, between two of the test frequen-
cies of the first stage at least one test frequency of ELC
measurement should be located. In the example shown
in Fig. 6, two additional test frequencies of the second
stage are located between each pair of adjacent test fre-
quencies of the first stage. Generally, the number of test
frequencies of the ELC measurements is higher than the
number of test frequencies of the first stage loudness
measurements. In the example shown in Fig. 6, twenty
test frequencies are used between 0.125 and 8 kHz. The
solid line in Fig. 6 shows an example of an ELC of a
normal hearing person. The arrows in Fig. 6 represent
the difference between the measured ELC and the ELC
for the same loudness as estimated from the loudness
measurements of the first stage by linear interpolation
between the test frequencies of the first stage loudness
measurements. In other words, the arrows of Fig. 6 es-
sentially show the deviation of the actually measured
ELC from the linear interpolation. However, even if the
test frequencies of the first and second stage measure-
ments coincide, there may be some deviation, since the
first stage loudness measurements were performed with
pure sinus tones, while the second stage ELC measure-
ments were performed with narrow-band noise, which
different stimuli may cause different loudness perception
even for the same input level.
[0061] It is obvious from Fig. 6 that in the region around
2 kHz the most pronounced deviation from the linear in-
terpolation is observed, which is due to the relatively
sharp resonance of the output transducer 32 in that fre-
quency range. Preferably, the ELC measurements in-
clude at least five test frequencies between 0.75 and 3
kHz in order to be able to compensate the resonance of
the output transducer 32 accurately.
[0062] Fig. 7 is similar to Fig. 5, with the arrows of Fig.
6 having been added to the 75 dB input level curve (the
transducer output level is input level times gain provided
by the hearing instrument).

[0063] Fig. 8 is a representation similar to Fig. 7, where-
in the transducer output level curves have been corrected
according to the ELC measurement arrows, with the re-
gions between the test frequencies having been interpo-
lated. Since the output transducer resonance is expected
to be linear regarding input level, the corrections obtained
from this single ELC measurement can be extrapolated
linearly to ELC at other loudness values, so that meas-
urement of ELC for one single loudness is sufficient. This
is how the corrected curves at input levels other than 75
dB of Fig. 8 are obtained.
[0064] From the transducer output level curves of Fig.
8 the corrected individual gain function can be deter-
mined, since the gain function is the ratio of the trans-
ducer output level to the input level.
[0065] Finally, the hearing instrument is operated with
the corrected individual gain function obtained by the
above-described fitting procedure.

Claims

1. A method for individually fitting a hearing instrument
(10, 12) to a user, comprising at least one micro-
phone (20) for generating an input audio signal from
ambient sound, an audio signal processing unit (26)
for processing the input audio signal into a processed
output audio signal, and a transducer for stimulation
of the human auditory system according to the proc-
essed output audio signal as input to said transducer,
the method comprising:

(a) providing the user with the hearing instru-
ment and starting operation of the hearing in-
strument;
(b) pre-defining a desired target loudness func-
tion, wherein loudness perception of a stimulus
by the user when using the hearing instrument
is defined as function of frequency and input
sound pressure level at the microphone;
(c) measuring for a given measurement param-
eter set of perceived loudness levels and fre-
quencies or frequency bands the respective
transducer input audio signal level to be applied
to the transducer input in order to achieve the
respective perceived loudness level at the re-
spective frequency or frequency band, said
measurement parameter set comprising at least
a low loudness level, an intermediate loudness
level and a high loudness level, and said inter-
mediate loudness level being measured for a
larger number of frequencies or frequency
bands and with a finer frequency resolution than
said low and high loudness levels;
(d) calculating an individual gain function to be
implemented in the audio signal processing unit
in order to achieve the pre-defined target loud-
ness function of step (b) by taking into account
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the measured transducer input audio signal lev-
els of step (c);
(e) operating the hearing instrument with the in-
dividual gain function of step (d).

2. The method of claim 1, wherein in step (c) the inter-
mediate loudness level is the most comfortable level,
which is the input sound pressure level at which in-
telligibility of the stimulus by the user is best and to
which the user could comfortably listen over an ex-
tended period of time,

3. The method of claim 1 or 2, wherein in step (c) the
low loudness level is the hearing threshold, which is
the input sound pressure level at which the stimulus
becomes detectable by the user.

4. The method of one of the preceding claims, wherein
in step (c) the high loudness level is the uncomfort-
able level, which is the input sound pressure level at
which loudness becomes uncomfortable to the user
and the sensation could not be tolerated for an ex-
tended period of time.

5. The method of one of the preceding claims, wherein
the transducer input audio signal level is measured
in step (c) for the intermediate loudness level for at
least 8 frequencies or frequency bands.

6. The method of claim 5, wherein the transducer input
audio signal level is measured in step (c) for the in-
termediate loudness level for at least 15 frequencies
or frequency bands.

7. The method of one of the preceding claims, wherein
the transducer input audio signal level is measured
in step (c) for the intermediate loudness level at at
least 5 different frequencies or frequency bands, re-
spectively, in the range from 0.75 to 3 kHz.

8. The method of one of the preceding claims, wherein
the transducer input audio signal level is measured
in step (c) for the low and/or high loudness level for
3 to 5 frequencies or frequency bands.

9. The method of claim 8, wherein the transducer input
audio signal level is measured in step (c) for each
loudness level except for said intermediate loudness
level for 3 to 5 frequencies or frequency bands.

10. The method of one of the preceding claims, wherein
the transducer input audio signal level is measured
in step (c) for each loudness level for frequencies or
frequency bands in a range from 100 to 10,000 Hz.

11. The method of claim 10, wherein the transducer input
audio signal level is measured in step (c) for each
loudness level for frequencies or frequency bands

which are spaced in equal distances in a range from
100 to 10,000 Hz.

12. The method of one of the preceding claims, wherein
the frequency dependence of the values of the trans-
ducer input audio signal level as measured in step
(c) for the intermediate loudness level is used to in-
terpolate between the values of the transducer input
audio signal level to be applied to the transducer
input as measured in step (c) for the low and the high
loudness level.

13. The method of one of the preceding claims, wherein
the measurements of step (c) for the intermediate
loudness level are conducted as an equal loudness
contour measurement, wherein subsequently for
each frequency or frequency band the transducer
input audio signal level is selected such that the
same loudness level is perceived by the user.

14. The method of one of the preceding claims, wherein
the measurements of step (c) for the low and high
loudness levels are conducted as a series of con-
stant frequency measurements wherein for each fre-
quency or frequency band the transducer input audio
signal level is selected such that first the low and
then the high loudness level or first the high and then
the low loudness level is perceived by the user.

15. The method of one of the preceding claims, wherein
the measurements of step (c) for the intermediate
loudness level are conducted with narrow band
noise.

16. The method of one of the preceding claims, wherein
the measurements of step (c) for the low and high
loudness levels are conducted with pure sinus tones.

17. The method of one of the preceding claims, wherein
the values of the transducer input audio signal meas-
ured in step (c) for each frequency or frequency band
for the intermediate loudness level are interpolated
linearly.

18. The method of one of the preceding claims, wherein
in step (c) said measurement parameter set com-
prises only said low, intermediate and high loudness
levels.

19. The method of one of the preceding claims, wherein
the frequency resolution of the measurements in
step (c) for the intermediate loudness level corre-
sponds to the frequency resolution of the hearing
instrument.

20. The method of one of the preceding claims, wherein
in step (c) transducer input audio signal levels are
measured for the low and high loudness levels as
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an equal loudness contour measurement, wherein
subsequently for each frequency or frequency band
the transducer input audio signal level is selected
such that the same loudness level is perceived by
the user
a preliminary individual gain function is calculated
by taking into account the measured transducer input
audio signal levels for the low and high loudness
levels, so as to achieve a pre-defined target loudness
function which at least in a range of medium input
sound pressure levels corresponds to the standard
loudness function of a normal hearing person;
the contour of equal loudness is estimated for the
intermediate loudness level from the preliminary in-
dividual gain function; and
the individual gain function is calculated by correct-
ing the preliminary individual gain function by taking
into account the difference between the contour of
equal loudness measured in step (c) for the interme-
diate loudness and the estimated contour of equal
loudness.

21. A method for individually fitting a hearing instrument
(10, 12) to a user, comprising at least one micro-
phone (20) for generating an input audio signal from
ambient sound, an audio signal processing unit (26)
for processing the input audio signal into a processed
output audio signal, and a transducer for stimulation
of the human auditory system according to the proc-
essed output audio signal as input to said transducer,
the method comprising:

(a) providing the user with the hearing instru-
ment and starting operation of the hearing in-
strument;
(b) pre-defining a desired target loudness func-
tion, wherein loudness perception of a stimulus
by the user when using the hearing instrument
is defined as function of frequency and input
sound pressure level at the microphone;
(c) measuring for a given measurement param-
eter set of levels of the processed output audio
signal and frequencies or frequency bands the
loudness level perceived by the user at the re-
spective frequency or frequency band, said
measurement parameter set comprising at least
a low audio signal level, an intermediate audio
signal level and a high audio signal level, and
said intermediate audio signal level being meas-
ured for a larger number of frequencies or fre-
quency bands and with a finer frequency reso-
lution than said low and high audio signal levels;
(d) calculating an individual gain function to be
implemented in the audio signal processing unit
in order to achieve the pre-defined target loud-
ness function of step (b) by taking into account
the perceived loudness levels measured in step
(c);

(e) operating the hearing instrument with the in-
dividual gain function of step (d).

22. The method of claim 21, wherein the perceived loud-
ness level is measured in step (c) for the intermediate
audio signal level for at least 8 frequencies or fre-
quency bands.

23. The method of claim 22, wherein the perceived loud-
ness level is measured in step (c) for the intermediate
audio signal level for at least 15 frequencies or fre-
quency bands.

24. The method of one of claims 21 to 23, wherein the
perceived loudness level is measured in step (c) for
the intermediate audio signal level at at least 5 dif-
ferent frequencies or frequency bands, respectively,
in the range from 0.75 to 3 kHz

25. The method of one of claims 21 to 24, wherein the
perceived loudness level is measured in step (c) for
the low and/or high audio signal level for 3 to 5 fre-
quencies or frequency bands.

26. The method of claim 24, wherein the perceived loud-
ness level is measured in step (c) for each loudness
level except for said intermediate audio signal level
for 3 to 5 frequencies or frequency bands.

27. The method of one of claims 21 to 26, wherein the
perceived loudness level is measured in step (c) for
each audio signal level for frequencies or frequency
bands in a range from 100 to 10,000 Hz.

28. The method of claim 27, wherein the perceived loud-
ness level is measured in step (c) for each audio
signal level for frequencies or frequency bands which
are spaced in equal distances in a range from 100
to 10,000 Hz.

29. The method of one of claims 21 to 28, wherein the
frequency dependence of the values of the perceived
audio signal level as measured in step (c) for the
intermediate audio signal level is used to interpolate
between the values of the perceived loudness level
measured in step (c) for the low and the high audio
signal level.

30. The method of one of claims 21 to 29, wherein the
measurements of step (c) for the intermediate audio
signal level are conducted with pure sinus tones.

31. The method of one of claims 21 to 30, wherein the
measurements of step (c) for the low and high audio
signal levels are conducted with narrow band noise.

32. The method of one of claims 21 to 31, wherein the
values of the perceived loudness level measured in
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step (c) for each frequency or frequency band for the
intermediate audio signal level are interpolated lin-
early.

33. The method of one of the preceding claims, wherein
the target loudness function at least in a range of
medium input sound pressure levels corresponds to
the standard loudness function of a normal hearing
person.

34. The method of claim 33, wherein for low input sound
pressure levels the target loudness function is pro-
gressively reduced towards low input sound pres-
sure levels with respect to the standard loudness
function of a normal hearing person.

35. The method of one of claims 33 and 34, wherein for
high input sound pressure levels the target loudness
function is progressively reduced towards high input
sound pressure levels with respect to the standard
loudness function of a normal hearing person.

36. The method of one of the preceding claims, wherein
the transducer input audio signal used in the meas-
urements of step (c) is generated by the audio signal
processing unit (26).

37. The method of one of claims 1 to 35, wherein the
transducer input audio signal used in the measure-
ments of step (c) is generated by providing corre-
sponding sound to the microphone (20).

38. The method of one of the preceding claims, wherein
the output transducer is an electromechanical output
transducer (32) for direct mechanical stimulation of
the middle ear or the inner ear.

39. The method of claim 38, wherein the electromechan-
ical output transducer (32) is directly connected in
step (a) with the stapes , footplate of stapes or the
cochlea wall.

40. The method of one of claims 1 to 36, wherein the
output transducer is an electroacoustic output trans-
ducer.

Patentansprüche

1. Verfahren zum individuellen Anpassen einer Hörvor-
richtung (10, 12) an einen Nutzer, mit mindestens
einem Mikrofon (20) zum Erzeugen eines Ein-
gangsaudiosignals aus Umgebungsschall, einer Au-
diosignalverarbeitungseinheit (26) zum Verarbeiten
des Eingangsaudiosignals in ein verarbeitetes Aus-
gangsaudiosignal, und einem Wandler zum Stimu-
lieren des menschlichen Gehörs gemäß dem verar-
beiteten Ausgangsaudiosignal als Eingangssignal

für den Wandler, wobei im Zuge des Verfahrens:

(a) der Nutzer mit der Hörvorrichtung versorgt
wird und der Betrieb der Hörvorrichtung gestar-
tet wird;
(b) eine gewünschte Ziellautheitsfunktion vor-
definiert wird, wobei die Lautheitswahrnehmung
eines Stimulus durch den Nutzer bei Benutzung
der Hörvorrichtung als Funktion der Frequenz
und des Eingangsschalldruckpegels an dem Mi-
krofon festgelegt wird;
(c) für einen vorgegebenen Messparametersatz
von wahrgenommenen Lautheitspegeln und
Frequenzen oder Frequenzbändern der ent-
sprechende Wandlereingangsaudiosignalpegel
gemessen wird, mit welchem der Wandlerein-
gang beaufschlagt werden muss, um den ent-
sprechenden wahrgenommenen Lautheitspe-
gel bei der entsprechenden Frequenz oder dem
entsprechenden Frequenzband zu erzielen, wo-
bei der Messparametersatz mindestens einen
niedrigen Lautheitspegel, einen mittleren Laut-
heitspegel und einen hohen Lautheitspegel auf-
weist, und wobei der mittlere Lautheitspegel für
eine größere Anzahl von Frequenzen oder Fre-
quenzbändern und mit einer höheren Auflösung
als der niedrige Lautheitspegel und der hohe
Lautheitspegel gemessen wird;
(d) eine individuelle Verstärkungsfunktion be-
rechnet wird, die in der Audiosignalverarbei-
tungseinheit zu implementieren ist, um die vor-
definierte Ziellautheitsfunktion von Schritt (b)
unter Berücksichtigung der gemessenen Wand-
lereingangsaudiosignalpegel von Schritt (c) zu
erzielen;
(e) die Hörvorrichtung mit der individuellen Ver-
stärkungsfunktion von Schritt (d) betrieben wird.

2. Verfahren gemäß Anspruch 1, wobei im Schritt (c)
es sich bei dem mittleren Lautheitspegel um den an-
genehmsten Pegel handelt, welcher der Eingangs-
schalldruckpegel ist, bei welchem die Verständlich-
keit des Stimulus durch den Nutzer am höchsten ist
und bei welchem der Nutzer in angenehmer Weise
über einen längeren Zeitraum zuhören kann.

3. Verfahren gemäß Anspruch 1 oder 2, wobei im
Schritt (c) es sich bei dem niedrigen Lautheitspegel
um die Hörschwelle handelt, die der Eingangsschall-
druckpegel ist, bei welchem der Stimulus durch den
Nutzer wahrnehmbar wird.

4. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei im Schritt (c) es sich bei dem hohen
Lautheitspegel um den unangenehmen Pegel han-
delt, welcher der Eingangsschalldruckpegel ist, bei
welchem die Lautheit für den Nutzer unangenehm
wird und die Hörempfindung nicht über einen länge-

19 20 



EP 1 705 950 B1

12

5

10

15

20

25

30

35

40

45

50

55

ren Zeitraum ertragen werden kann.

5. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei der Wandlereingangsaudiosignal-
pegel im Schritt (c) für den mittleren Lautheitspegel
für mindestens acht Frequenzen oder Frequenzbän-
der gemessen wird.

6. Verfahren gemäß Anspruch 5, wobei der Wandler-
eingangsaudiosignalpegel im Schritt (c) für den mitt-
leren Lautheitspegel für mindestens 15 Frequenzen
oder Frequenzbänder gemessen wird.

7. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei der Wandlereingangsaudiosignal-
pegel im Schritt (c) für den mittleren Lautheitspegel
bei mindestens 5 verschiedenen Frequenzen bzw.
Frequenzbändern im Bereich von 0,75 bis 3 kHz ge-
messen wird.

8. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei der Wandlereingangsaudiosignal-
pegel im Schritt (c) für den niedrigen und/oder hohen
Lautheitspegel für 3 bis 5 Frequenzen oder Fre-
quenzbänder gemessen wird.

9. Verfahren gemäß Anspruch 8, wobei der Wandler-
eingangsaudiosignalpegel im Schritt (c) für jeden
Lautheitspegel mit Ausnahme des mittleren Laut-
heitspegels für 3 bis 5 Frequenzen oder Frequenz-
bänder gemessen wird.

10. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei der Wandlereingangsaudiosignal-
pegel im Schritt (c) für jeden Lautheitspegel für Fre-
quenzen oder Frequenzbänder im Bereich von 100
bis 10.000 Hz gemessen wird.

11. Verfahren gemäß Anspruch 10, wobei der Wandle-
reingangsaudiosignalpegel im Schritt (c) für jeden
Lautheitspegel für Frequenzen oder Frequenzbän-
der gemessen wird, die im gleichen Abstand im Be-
reich von 100 bis 10.000 Hz angeordnet sind.

12. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei die Frequenzabhängigkeit der Werte
des Wandlereingangsaudiosignalpegels, die im
Schritt (c) für den mittleren Lautheitspegel gemes-
sen wurden, verwendet werden, um zwischen den
im Schritt (c) für den niedrigen Lautheitspegel und
den hohen Lautheitspegel gemessenen Werten des
dem Wandlereingang zuzuführenden Wandlerein-
gangsaudiosignalpegels zu interpolieren.

13. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei die Messungen von Schritt (c) für
den mittleren Lautheitspegel als eine Messung von
Linien gleicher Lautheit durchgeführt werden, wobei

für jede Frequenz oder jedes Frequenzband der
Wandlereingangsaudiosignalpegel nacheinander
so ausgewählt wird, dass der gleiche Lautheitspegel
vom Nutzer wahrgenommen wird.

14. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei die Messungen von Schritt (c) für
den niedrigen Lautheitspegel und den hohen Laut-
heitspegel als eine Reihe von Messungen mit kon-
stanter Frequenz durchgeführt werden, wobei für je-
de Frequenz oder jedes Frequenzband der Wand-
lereingangsaudiosignalpegel so ausgewählt wird,
dass zuerst der niedrige und dann der hohe Laut-
heitspegel oder zuerst der hohe und dann der nied-
rige Lautheitspegel vom Nutzer wahrgenommen
wird.

15. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei die Messungen von Schritt (c) für
den mittleren Lautheitspegel mit schmalbandigem
Rauschen durchgeführt werden.

16. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei die Messungen von Schritt (c) für
den niedrigen Lautheitspegel und den hohen Laut-
heitspegel mit reinen Sinustönen durchgeführt wer-
den

17. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei die im Schritt (c) für jede Frequenz
oder jedes Frequenzband für den mittleren Laut-
heitspegel gemessenen Werte des Wandlerein-
gangsaudiosignalpegels linear interpoliert werden.

18. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei im Schritt (c) der Messparameter-
satz nur den niedrigen, den mittleren und den hohen
Lautheitspegel umfasst.

19. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei die Frequenzauflösung der Messun-
gen im Schritt (c) für den mittleren Lautheitspegel
der Frequenzauflösung der Hörvorrichtung ent-
spricht.

20. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei in Schritt (c) Wandlereingangsaudi-
osignalpegel für den niedrigen Lautheitspegel und
den hohen Lautheitspegel als Messungen mit Linien
gleicher Lautheit gemessen werden, wobei der
Wandlereingangsaudiosignalpegel für jede Fre-
quenz oder jedes Frequenzband so ausgewählt
wird, das der gleiche Lautheitspegel vom Nutzer
wahrgenommen wird;
eine vorläufige individuelle Verstärkungsfunktion
berechnet wird, indem die gemessenen Wandlerein-
gangsaudiosignalpegel für den niedrigen Lautheits-
pegel und den hohen Lautheitspegel berücksichtigt
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werden, um eine vordefinierte Ziellautheitsfunktion
zu erzielen, welche mindestens in einem Bereich
mittlerer Eingangsschalldruckpegel der Standard-
lautheitsfunktion einer normal hörenden Person ent-
spricht;
die Linie gleicher Lautheit für den mittleren Lautheits-
pegel aus der vorläufigen individuellen Verstär-
kungsfunktion abgeschätzt wird; und
die individuelle Verstärkungsfunktion berechnet
wird, indem die vorläufige individuelle Verstärkungs-
funktion korrigiert wird, indem der Unterschied zwi-
schen der Linie gleicher Lautheit gemäß der Mes-
sung in Schritt (c) für die mittlere Lautheit und die
abgeschätzte Linie gleicher Lautheit herangezogen
werden.

21. Verfahren zum individuellen Anpassen einer Hörvor-
richtung (10, 12) an einem Nutzer, mit mindestens
einem Mikrofon (20) zum Erzeugen eines Ein-
gangsaudiosignals aus Umgebungsschall, einer Au-
diosignalverarbeitungseinheit (26) zum Verarbeiten
des Eingangsaudiosignals zu einem verarbeiteten
Ausgangsaudiosignal, und einem Wandler zum Sti-
mulieren des menschlichen Gehörs gemäß dem ver-
arbeiteten Ausgangsaudiosignal als Eingangssignal
des Wandlers, wobei im Zuge des Verfahrens:

(a) der Nutzer mit der Hörvorrichtung versorgt
wird und der Betrieb der Hörvorrichtung gestar-
tet wird;
(b) eine gewünschte Ziellautheitsfunktion vor-
definiert wird, wobei die Lautheitswahrnehmung
eines Stimulus durch den Nutzer bei Verwen-
dung der Hörvorrichtung als Funktion der Fre-
quenz und des Eingangsschalldruckpegels an
dem Mikrofon definiert ist;
(c) für einen vorgegebenen Messparametersatz
von Pegeln des verarbeiteten Ausgangsaudio-
signals und Frequenzen oder Frequenzbändern
der von dem Nutzer bei der entsprechenden
Frequenz oder dem entsprechenden Frequenz-
band wahrgenommene Lautheitspegel gemes-
sen wird, wobei der Messparametersatz min-
destens einen niedrigen Audiosignalpegel, ei-
nen mittleren Audiosignalpegel und einen ho-
hen Audiosignalpegel aufweist, und wobei der
mittlere Audiosignalpegel für eine größere Zahl
von Frequenzen oder Frequenzbändern und mit
einer höheren Frequenzauflösung als der nied-
rige Audiosignalpegel und der hohe Audiosig-
nalpegel gemessen wird;
(d) eine individuelle Verstärkungsfunktion be-
rechnet wird, die in der Audiosignalverarbei-
tungseinheit zu implementieren ist, um die vor-
definierte Ziellautheitsfunktion von Schritt (b)
unter Berücksichtigung der wahrgenommenen
Lautheitspegel, die in Schritt (c) gemessen wur-
den, zu erreichen;

(e) die Hörvorrichtung mit der individuellen Ver-
stärkungsfunktion von Schritt (d) betrieben wird.

22. Verfahren gemäß Anspruch 21, wobei der wahrge-
nommene Lautheitspegel in Schritt (c) für den mitt-
leren Audiosignalpegel für mindestens 8 Frequen-
zen oder Frequenzbänder gemessen wird.

23. Verfahren gemäß Anspruch 22, wobei der wahrge-
nommene Lautheitspegel im Schritt (c) für den mitt-
leren Audiosignalpegel für mindestens 15 Frequen-
zen oder Frequenzbänder gemessen wird.

24. Verfahren gemäß einem der Ansprüche 21 bis 23,
wobei der wahrgenommene Lautheitspegel im
Schritt (c) für den mittleren Audiosignalpegel bei min-
destens 5 unterschiedlichen Frequenzen bzw. Fre-
quenzbändern im Bereich von 0,75 bis 3 kHz ge-
messen wird.

25. Verfahren gemäß einem der Ansprüche 21 bis 24,
wobei der wahrgenommene Lautheitspegel im
Schritt (c) für den niedrigen und/oder hohen Audio-
signalpegel für 3 bis 5 Frequenzen oder Frequenz-
bänder gemessen wird.

26. Verfahren gemäß Anspruch 24, wobei der wahrge-
nommene Lautheitspegel in Schritt (c) für jeden
Lautheitspegel mit Ausnahme des mittleren Audio-
signalpegels für 3 bis 5 Frequenzen oder Frequenz-
bänder gemessen wird.

27. Verfahren gemäß einem der Ansprüche 21 bis 26,
wobei der wahrgenommene Lautheitspegel im
Schritt (c) für jeden Audiosignalpegel für Frequen-
zen oder Frequenzbänder im Bereich von 100 bis
10.000 Hz gemessen wird.

28. Verfahren gemäß Anspruch 27, wobei der wahrge-
nommene Lautheitspegel im Schritt (c) für jeden Au-
diosignalpegel für Frequenzen oder Frequenzbän-
der gemessen wird, die in gleichem Abstand im Be-
reich von 100 bis 10.000 Hz angeordnet sind.

29. Verfahren gemäß einem der Ansprüche 21 bis 28,
wobei die Frequenzabhängigkeit der Werte der
wahrgenommenen Audiosignalpegel gemäß Mes-
sung im Schritt (c) für den mittleren Audiosignalpegel
verwendet wird, um zwischen den im Schritt (c) für
den niedrigen Audiosignalpegel und den hohen Au-
diosignalpegel gemessenen Werten des wahrge-
nommenen Lautheitspegels zu interpolieren.

30. Verfahren gemäß einem der Ansprüche 21 bis 29,
wobei die Messungen von Schritt (c) für den mittleren
Audiosignalpegel mit reinen Sinustönen durchge-
führt werden.
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31. Verfahren gemäß einem der Ansprüche 21 bis 30,
wobei die Messungen von Schritt (c) für den niedri-
gen Audiosignalpegel und den hohen Audiosignal-
pegel mit schmalbandigem Rauschen durchgeführt
werden.

32. Verfahren gemäß einem der Ansprüche 21 bis 31,
wobei die im Schritt (c) für jede Frequenz oder jedes
Frequenzband für den mittleren Audiosignalpegel
gemessenen Werte des wahrgenommenen Laut-
heitspegels linear interpoliert werden.

33. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei die Ziellautheitsfunktion mindestens
in einem Bereich von mittleren Eingangsschalldruck-
pegeln der Standardlautheitsfunktion einer normal
hörenden Funktion entspricht.

34. Verfahren gemäß Anspruch 33, wobei für niedrige
Eingangsschalldruckpegel die Ziellautheitsfunktion
bezüglich der Standardlautheitsfunktion einer nor-
mal hörenden Person zu niedrigen Eingangsschall-
druckpegeln hin progressivverringertwird,

35. Verfahren gemäß einem der Ansprüche 33 bis 34,
wobei die Ziellautheitsfunktion für hohe Eingangs-
schalldruckpegel hinsichtlich der Standardlautheits-
funktion einer normal hörenden Person zu hohen
Eingangsschalldruckpegeln hin progressiv verrin-
gert wird.

36. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei das Wandlereingangsaudiosignal,
welches in den Messungen von Schritt (c) verwendet
wird, mittels der Audiosignalverarbeitungseinheit
(26) erzeugt wird.

37. Verfahren gemäß einem der Ansprüche 1 bis 35,
wobei das in den Messungen von Schritt (c) verwen-
dete Wandlereingangsaudiosignal erzeugt wird, in-
dem dem Mikrofon (20) entsprechender Schall zu-
geführt wird.

38. Verfahren gemäß einem der vorhergehenden An-
sprüche, wobei es sich bei dem Ausgangswandler
um einen elektromechanischen Ausgangswandler
(32) zum direkten mechanischen Stimulieren des
Mittelohrs oder Innenohrs handelt.

39. Verfahren gemäß Anspruch 38, wobei der elektro-
mechanische Ausgangswandler (32) im Schritt (a)
direkt mit dem Steigbügel, der Steigbügelplatte oder
der Cochleawand verbunden wird.

40. Verfahren gemäß einem der Ansprüche 1 bis 36,
wobei es sich bei dem Ausgangswandler um einen
elektroakustischen Ausgangswandler handelt.

Revendications

1. Procédé pour adapter individuellement un instru-
ment d’audition (10, 12) à un utilisateur, comprenant
au moins un microphone (20) pour générer un signal
audio d’entrée à partir d’un son ambiant, une unité
de traitement de signal audio (26) pour traiter le si-
gnal audio d’entrée en un signal audio de sortie traité,
et un transducteur pour la stimulation du système
auditif humain en fonction du signal audio de sortie
traité tel qu’il est entré sur ledit transducteur, le pro-
cédé comprenant :

(a) la fourniture à l’utilisateur de l’instrument
d’audition et le démarrage du fonctionnement
de l’instrument d’audition ;
(b) la prédéfinition d’une fonction de volume ci-
ble désirée, dans laquelle une perception de vo-
lume d’un stimulus par l’utilisateur lors de l’utili-
sation de l’instrument d’audition est définie en
fonction d’une fréquence et d’un niveau de pres-
sion sonore d’entrée au niveau du microphone ;
(c) la mesure, pour un jeu de paramètres de me-
sure donné de niveaux de volume perçus et de
fréquences ou de bandes de fréquence, du ni-
veau de signal audio d’entrée de transducteur
respectif devant être appliqué à l’entrée du
transducteur afin d’obtenir le niveau de volume
perçu respectif à la fréquence ou à la bande de
fréquence respective, ledit jeu de paramètres
de mesure comprenant au moins un niveau de
faible volume, un niveau de volume intermédiai-
re et un niveau de fort volume, et ledit niveau de
volume intermédiaire étant mesuré pour un plus
grand nombre de fréquences ou de bandes de
fréquence et avec une définition de fréquence
plus fine que lesdits niveaux de volume faible et
fort ;
(d) le calcul d’une fonction de gain individuelle
destinée à être mise en oeuvre dans l’unité de
traitement de signal audio de façon à obtenir la
fonction de volume cible prédéfinie de l’étape
(b) par le fait de tenir compte des niveaux de
signal audio d’entrée de transducteur mesurés
de l’étape (c) ;
(e) le fonctionnement de l’instrument d’audition
avec la fonction de gain individuelle de l’étape
(d).

2. Procédé selon la revendication 1, dans lequel, dans
l’étape (c), le niveau de volume intermédiaire est le
niveau le plus confortable, à savoir le niveau de pres-
sion sonore d’entrée auquel l’intelligibilité du stimu-
lus pour l’utilisateur est la meilleure et auquel l’utili-
sateur pourra écouter confortablement pendant une
période de temps prolongée.

3. Procédé selon la revendication 1 ou 2, dans lequel,
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dans l’étape (c), le niveau de faible volume est le
seuil d’audition, à savoir le niveau de pression so-
nore d’entrée auquel le stimulus devient décelable
par l’utilisateur.

4. Procédé selon l’une des revendications précéden-
tes, dans lequel, dans l’étape (c), le niveau de fort
volume est le niveau inconfortable, à savoir le niveau
de pression sonore d’entrée auquel le volume de-
vient inconfortable pour l’utilisateur et la sensation
ne pourrait pas être tolérée pendant une période de
temps prolongée.

5. Procédé selon l’une des revendications précéden-
tes, dans lequel le niveau de signal audio d’entrée
de transducteur est mesuré dans l’étape (c), pour le
niveau de volume intermédiaire, pour au moins 8
fréquences ou bandes de fréquence.

6. Procédé selon la revendication 5, dans lequel le ni-
veau de signal audio d’entrée de transducteur est
mesuré dans l’étape (c), pour le niveau de volume
intermédiaire, pour au moins 15 fréquences ou ban-
des de fréquence.

7. Procédé selon l’une des revendications précéden-
tes, dans lequel le niveau de signal audio d’entrée
de transducteur est mesuré dans l’étape (c), pour le
niveau de volume intermédiaire, à au moins 5 fré-
quences ou bandes de fréquence différentes, res-
pectivement, dans la plage de 0,75 à 3 kHz.

8. Procédé selon l’une des revendications précéden-
tes, dans lequel le niveau de signal audio d’entrée
de transducteur est mesuré dans l’étape (c), pour le
niveau de volume faible et/ou fort, pour 3 à 5 fré-
quences ou bandes de fréquence.

9. Procédé selon la revendication 8, dans lequel le ni-
veau de signal audio d’entrée de transducteur est
mesuré, dans l’étape (c), pour chaque niveau de vo-
lume à l’exception dudit niveau de volume intermé-
diaire, pour 3 à 5 fréquences ou bandes de fréquen-
ce.

10. Procédé selon l’une des revendications précéden-
tes, dans lequel le niveau de signal audio d’entrée
de transducteur est mesuré dans l’étape (c), pour
chaque niveau de volume, pour des fréquences ou
des bandes de fréquence dans une plage de 100 à
10.000 Hz.

11. Procédé selon la revendication 10, dans lequel le
niveau de signal audio d’entrée de transducteur est
mesuré dans l’étape (c), pour chaque niveau de vo-
lume, pour des fréquences ou des bandes de fré-
quence qui sont espacées de distances égales dans
une plage de 100 à 10.000 Hz.

12. Procédé selon l’une des revendications précéden-
tes, dans lequel la dépendance vis-à-vis de la fré-
quence des valeurs du niveau de signal audio d’en-
trée de transducteur tel qu’il est mesuré dans l’étape
(c) pour le niveau de volume intermédiaire est utili-
sée pour effectuer une interpolation entre les valeurs
du niveau de signal audio d’entrée de transducteur
devant être appliqué à l’entrée du transducteur tel
qu’il est mesuré dans l’étape (c) pour le niveau de
faible volume et le niveau de fort volume.

13. Procédé selon l’une des revendications précéden-
tes, dans lequel les mesures de l’étape (c) pour le
niveau de volume intermédiaire sont effectuées sous
la forme d’une mesure de contour de volume égal,
dans laquelle, ensuite, pour chaque fréquence ou
bande de fréquence, le niveau de signal audio d’en-
trée de transducteur est sélectionné de telle sorte
que le même niveau de volume soit perçu par l’uti-
lisateur.

14. Procédé selon l’une des revendications précéden-
tes, dans lequel les mesures de l’étape (c) pour les
niveaux de volume faible et fort sont effectuées sous
la forme d’une série de mesures à fréquence cons-
tante, dans lesquelles, pour chaque fréquence ou
bande de fréquence, le niveau de signal audio d’en-
trée de transducteur est sélectionné de telle sorte
que d’abord le niveau de faible volume puis le niveau
de fort volume, ou d’abord le niveau de fort volume
puis le niveau de faible volume, soit perçu par l’uti-
lisateur.

15. Procédé selon l’une des revendications précéden-
tes, dans lequel les mesures de l’étape (c) pour le
niveau de volume intermédiaire sont effectuées avec
un bruit à bande étroite.

16. Procédé selon l’une des revendications précéden-
tes, dans lequel les mesures de l’étape (c) pour les
niveaux de volume faible et fort sont effectuées avec
des tonalités sinusoïdales pures.

17. Procédé selon l’une des revendications précéden-
tes, dans lequel les valeurs du signal audio d’entrée
de transducteur mesuré dans l’étape (c) pour chaque
fréquence ou bande de fréquence pour le niveau de
volume intermédiaire sont interpolées de façon li-
néaire.

18. Procédé selon l’une des revendications précéden-
tes, dans lequel, dans l’étape (c), ledit jeu de para-
mètres de mesure comprend uniquement lesdits ni-
veaux de volume faible, intermédiaire et fort.

19. Procédé selon l’une des revendications précéden-
tes, dans lequel la définition de fréquence des me-
sures dans l’étape (c) pour le niveau de volume in-
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termédiaire correspond à la définition de fréquence
de l’instrument d’audition.

20. Procédé selon l’une des revendications précéden-
tes, dans lequel :

dans l’étape (c), des niveaux de signal audio
d’entrée de transducteur sont mesurés pour les
niveaux de volume faible et fort sous la forme
d’une mesure de contour de volume égal, dans
laquelle, ensuite, pour chaque fréquence ou
bande de fréquence, le niveau de signal audio
d’entrée de transducteur est sélectionné de telle
sorte que le même niveau de volume soit perçu
par l’utilisateur ;
une fonction de gain individuelle préliminaire est
calculée en tenant compte des niveaux de signal
audio d’entrée de transducteur mesurés pour
les niveaux de volume faible et fort, de façon à
obtenir une fonction de volume cible prédéfinie,
qui, au moins dans une plage de niveaux de
pression sonore d’entrée moyenne, correspond
à la fonction de volume standard d’une personne
à audition normale ;
le contour de volume égal est estimé pour le
niveau de volume intermédiaire à partir de la
fonction de gain individuelle préliminaire ; et
la fonction de gain individuelle est calculée par
la correction de la fonction de gain individuelle
préliminaire en tenant compte de la différence
entre le contour de volume égal mesuré dans
l’étape (c) pour le volume intermédiaire et du
contour estimé de volume égal.

21. Procédé pour adapter individuellement un instru-
ment d’audition (10, 12) à un utilisateur, comprenant
au moins un microphone (20) pour générer un signal
audio d’entrée à partir d’un son ambiant, une unité
de traitement de signal audio (26) pour traiter le si-
gnal audio d’entrée en un signal audio de sortie traité,
et un transducteur pour la stimulation du système
auditif humain en fonction du signal audio de sortie
traité tel qu’il est entré sur ledit transducteur, le pro-
cédé comprenant :

(a) la fourniture à l’utilisateur de l’instrument
d’audition et le démarrage du fonctionnement
de l’instrument d’audition ;
(b) la prédéfinition d’une fonction de volume ci-
ble désirée, dans laquelle une perception de vo-
lume d’un stimulus par l’utilisateur lors de l’utili-
sation de l’instrument d’audition est définie en
fonction d’une fréquence et d’un niveau de pres-
sion sonore d’entrée au niveau du microphone ;
(c) la mesure, pour un jeu de paramètres de me-
sure donné de niveaux du signal audio de sortie
traité et de fréquences ou de bandes de fréquen-
ce, du niveau de volume perçu par l’utilisateur

à la fréquence ou à la bande de fréquence res-
pective, ledit jeu de paramètres de mesure com-
prenant au moins un niveau de faible signal
audio, un niveau de signal audio intermédiaire
et un niveau de fort signal audio, et ledit niveau
de signal audio intermédiaire étant mesuré pour
un plus grand nombre de fréquences ou de ban-
des de fréquence et avec une définition de fré-
quence plus fine que lesdits niveaux de signal
audio faible et fort ;
(d) le calcul d’une fonction de gain individuelle
destinée à être mise en oeuvre dans l’unité de
traitement de signal audio de façon à obtenir la
fonction de volume cible prédéfinie de l’étape
(b) par le fait de tenir compte des niveaux de
volume perçus mesurés dans l’étape (c) ;
(e) le fonctionnement de l’instrument d’audition
avec la fonction de gain individuelle de l’étape
(d).

22. Procédé selon la revendication 21, dans lequel le
niveau de volume perçu est mesuré dans l’étape (c),
pour le niveau de signal audio intermédiaire, pour
au moins 8 fréquences ou bandes de fréquence.

23. Procédé selon la revendication 22, dans lequel le
niveau de volume perçu est mesuré dans l’étape (c),
pour le niveau de signal audio intermédiaire, pour
au moins 15 fréquences ou bandes de fréquence.

24. Procédé selon l’une des revendications 21 à 23,
dans lequel le niveau de volume perçu est mesuré
dans l’étape (c), pour le niveau de signal audio in-
termédiaire, à au moins 5 fréquences ou bandes de
fréquence différentes, respectivement, dans la plage
de 0,75 à 3 kHz.

25. Procédé selon l’une des revendications 21 à 24,
dans lequel le niveau de volume perçu est mesuré
dans l’étape (c), pour le niveau de signal audio faible
et/ou fort, pour 3 à 5 fréquences ou bandes de fré-
quence.

26. Procédé selon la revendication 24, dans lequel le
niveau de volume perçu est mesuré dans l’étape (c),
pour chaque niveau de volume à l’exception dudit
niveau de signal audio intermédiaire, pour 3 à 5 fré-
quences ou bandes de fréquence.

27. Procédé selon l’une des revendications 21 à 26,
dans lequel le niveau de volume perçu est mesuré
dans l’étape (c), pour chaque niveau de signal audio,
pour des fréquences ou des bandes de fréquence
dans une plage de 100 à 10.000 Hz.

28. Procédé selon la revendication 27, dans lequel le
niveau de volume perçu est mesuré dans l’étape (c),
pour chaque niveau de signal audio, pour des fré-
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quences ou des bandes de fréquence qui sont es-
pacées de distances égales dans une plage de 100
à 10.000 Hz.

29. Procédé selon l’une des revendications 21 à 28,
dans lequel la dépendance vis-à-vis de la fréquence
des valeurs du niveau de signal audio perçu tel qu’il
est mesuré dans l’étape (c) pour le niveau de signal
audio intermédiaire est utilisée pour effectuer une
interpolation entre les valeurs du niveau de volume
perçu mesuré dans l’étape (c) pour le niveau de fai-
ble signal audio et le niveau de fort signal audio.

30. Procédé selon l’une des revendications 21 à 29,
dans lequel les mesures de l’étape (c) pour le niveau
de signal audio intermédiaire sont effectuées avec
des tonalités sinusoïdales pures.

31. Procédé selon l’une des revendications 21 à 30,
dans lequel les mesures de l’étape (c) pour les ni-
veaux de signal audio faible et fort sont effectuées
avec un bruit à bande étroite.

32. Procédé selon l’une des revendications 21 à 31,
dans lequel les valeurs du niveau de volume perçu
mesuré dans l’étape (c) pour chaque fréquence ou
bande de fréquence pour le niveau de signal audio
intermédiaire sont interpolées de façon linéaire.

33. Procédé selon l’une des revendications précéden-
tes, dans lequel la fonction de volume cible, au moins
dans une plage de niveaux de pression sonore d’en-
trée moyenne, correspond à la fonction de volume
standard d’une personne à audition normale.

34. Procédé selon la revendication 33, dans lequel, pour
de faibles niveaux de pression sonore d’entrée, la
fonction de volume cible est progressivement réduite
vers de faibles niveaux de pression sonore d’entrée
par rapport à la fonction de volume standard d’une
personne à audition normale.

35. Procédé selon l’une des revendications 33 et 34,
dans lequel, pour de forts niveaux de pression so-
nore d’entrée, la fonction de volume cible est pro-
gressivement réduite vers de forts niveaux de pres-
sion sonore d’entrée par rapport à la fonction de vo-
lume standard d’une personne à audition normale.

36. Procédé selon l’une des revendications précéden-
tes, dans lequel le signal audio d’entrée de trans-
ducteur utilisé dans les mesures de l’étape (c) est
généré par l’unité de traitement de signal audio (26).

37. Procédé selon l’une des revendications 1 à 35, dans
lequel le signal audio d’entrée de transducteur utilisé
dans les mesures de l’étape (c) est généré par la
délivrance d’un son correspondant au microphone

(20).

38. Procédé selon l’une des revendications précéden-
tes, dans lequel le transducteur de sortie est un
transducteur de sortie électromécanique (32) pour
une stimulation mécanique directe de l’oreille
moyenne ou de l’oreille interne.

39. Procédé selon la revendication 38, dans lequel le
transducteur de sortie électromécanique (32) est di-
rectement relié, dans l’étape (a), à l’étrier, à la base
de l’étrier ou à la paroi du limaçon osseux.

40. Procédé selon l’une des revendications 1 à 36, dans
lequel le transducteur de sortie est un transducteur
de sortie électroacoustique.
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