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(57) ABSTRACT

A method of fitting a hearing aid system comprising the step
of classitying a hearing aid user’s hearing loss and adapting
the hearing aid fitting in response to this classification. The
invention is also directed at a hearing aid fitting system (100,
200) adapted to carry out said method.
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METHOD OF FITTING A HEARING AID
SYSTEM AND A HEARING AID FITTING
SYSTEM

[0001] The present invention relates to a method of fitting a
hearing aid system. The present invention also relates to a
hearing aid fitting system.

BACKGROUND OF THE INVENTION

[0002] Generally a hearing aid system according to the
invention is understood as meaning any system which pro-
vides an output signal that can be perceived as an auditory
signal by a user or contributes to providing such an output
signal, and which has means adapted to compensate for an
individual hearing loss of the user or contribute to compen-
sating for the hearing loss of the user. These systems may
comprise hearing aids that can be worn on the body or on the
head, in particular on or in the ear, or that can be fully or
partially implanted. However, a device whose main aim is not
to compensate for a hearing loss, for example a consumer
electronic device (televisions, hi-fi systems, mobile phones,
MP3 players etc.), may also be considered a hearing aid
system, provided it has measures for compensating for an
individual hearing loss.

[0003] Within the present context a hearing aid can be
understood as a small, battery-powered, microelectronic
device designed to be worn behind or in the human ear by a
hearing-impaired user. Prior to use, the hearing aid is adjusted
by a hearing aid fitter according to a prescription. The pre-
scription is based on a hearing test, resulting in a so-called
audiogram, of the performance of the hearing-impaired
user’s unaided hearing. The prescription is developed to reach
a setting where the hearing aid will alleviate a hearing loss by
amplifying sound at frequencies in those parts of the audible
frequency range where the user suffers a hearing deficit. A
hearing aid comprises one or more microphones, a battery, a
microelectronic circuit comprising a signal processor, and an
acoustic output transducer. The signal processor is preferably
a digital signal processor. The hearing aid is enclosed in a
casing suitable for fitting behind or in a human ear.

[0004] Within the present context a hearing aid system may
comprise a single hearing aid (a so called monaural hearing
aid system) or comprise two hearing aids, one for each ear of
the hearing aid user (a so called binaural hearing aid system).
Furthermore the hearing aid system may comprise an external
device, e.g. a smart phone, having software applications
adapted to interact with other devices of the hearing aid
system. Thus within the present context the term “hearing aid
system device” may denote a hearing aid or an external
device.

[0005] In a traditional hearing aid fitting, the hearing aid
user travels to an office of a hearing aid fitter, and the user’s
hearing aids are adjusted using the fitting equipment that the
hearing aid fitter has in his office. Typically the fitting equip-
ment comprises a computer capable of executing the relevant
hearing aid programming software and a programming
device adapted to provide a link between the computer and
the hearing aid.

[0006] Hearing loss of a hearing impaired person is quite
often frequency-dependent and may not be the same for both
ears. This means that the hearing loss of the person varies
depending on the frequency. Therefore, when compensating
for hearing losses, it can be advantageous to utilize fre-
quency-dependent amplification. Hearing aids therefore
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often provide band split filters in order to split an input sound
signal received by an input transducer of the hearing aid, into
various frequency intervals, also called frequency bands,
which are independently processed. In this way it is possible
to adjust the input sound signal of each frequency band indi-
vidually to account for the hearing loss in respective fre-
quency bands. The frequency dependent adjustment is nor-
mally done by implementing a band split filter and a
compressor for each of the frequency bands, hereby forming
so-called band split compressors, which may be combined to
form a multi-band compressor. In this way it is possible to
adjust the gain individually in each frequency band depend-
ing on the hearing loss as well as the input level of the input
sound signal in a respective frequency band. For example, a
band split compressor may provide a higher gain for a soft
sound than for a loud sound in each frequency band.

[0007] Traditionally a hearing aid system is fitted based
only on the recorded audiogram for the individual haring aid
system user. However, it is well known that the benefit of
wearing a hearing aid system may differ significantly for
users having similar or even identical audiograms.

[0008] Therefore, there is a need to improve the audiologi-
cal fitting of hearing aid systems. U.S. Pat. No. 7,804,973 B2
discloses a method of selecting parameters for one or more
noise reduction algorithms based on the individual user’s
SNR loss. The term SNR loss is defined as the average
increase in signal-to-noise ratio (SNR) needed for a hearing
impaired patient relative to a normal hearing person in order
to achieve similar performance (50% word recognition) on a
hearing in noise test, at levels above the hearing threshold.
According to an aspect of the disclosed method a degree of
restoration/improvement of the SNR of noise contaminated
input signals of the hearing aid system has been made depen-
dent on the SNR loss of the individual user. However, this
method does not use a classification of the type of hearing loss
to guide the selection of hearing aid features, parameter set-
tings, and gain rationales that have been specifically adapted
for each type of hearing loss to be most beneficial in address-
ing the SNR loss.

[0009] The paper “A signal-to-noise ratio model for the
speech-reception threshold of the hearing impaired” by
Plomp published in the Journal of Speech and Hearing
Research, Vol. 29, 146-154, June 1986 discloses a preferred
method for measuring a Speech-Reception-Threshold (SRT)
based on an adaptive trial-by-trial adjustment of the sound
pressure level of a number of carefully selected sentences.
The SRT is found as the sound pressure level required for
obtaining a speech intelligibility of 50%. The paper further
states that whereas word lists may have priority for diagnostic
purposes, short meaningful sentences are more representative
of conversational speech so that the threshold conditions are
identical to the critical situations in normal practice. Sen-
tences have the additional advantage that the slope of the
psychometric function representing the intelligibility score as
a function of sound-pressure level is steeper (20%/dB) than
for single words. This is beneficial to an accurate estimation
of the SRT.

[0010] The paper also defines speech communication
handicap as elevation of the speech reception threshold (SRT)
over that of the average SRT for individuals with normal
hearing. There are two factors that can cause the SRT to be
elevated, audibility loss (the functional hearing deficit that
predominantly makes at least a part of the speech spectrum
inaudible), and distortion loss (the functional hearing deficit
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that is due to distorted auditory processing). Audibility loss
represents a loss of sensitivity, while distortion loss is the
reduced ability to understand speech in background noise
when both the speech and noise are audible. The SRT in quiet
is elevated by both audibility loss and distortion loss, and the
SRT in supra-threshold noise is elevated only by distortion
loss. Thus, an individual’s speech communication handicap
can be characterized with two SRTs, one in quiet and the other
in supra-threshold noise. While this is useful information for
classifying functional impairment caused by hearing loss the
article does not provide an automatic, effective and precise
method of quantifying the extent of this impairment.

[0011] The paper “On the auditory and cognitive functions
that may explain an individual’s elevation of the speech
reception threshold in noise” by Houtgast and Festen pub-
lished in International Journal of Audiology 2008; 47: 287-
295, considers a variety of auditory and cognitive functions
that may underlie the so called distortion, that represents the
additional factor that has to be taken into account in order to
understand why a pure-tone audiogram is not sufficient to
explain the varying results of speech-in-noise tests obtained
by hearing aid users having similar audiograms.

[0012] Further the paper discloses a calculation of the
Speech Intelligibility Index (SII) at a given SRT, noting that
this calculation takes into consideration frequency-specific
thresholds of audibility. It was found that when the SRT is
elevated due only to the effects of impaired audibility, which
is considered in the SII calculations, the SII at the elevated
SRT remains the same as that of normally hearing individu-
als. However, if elevation of the SRT is due to the effects of
increased distortion, the SII at the SRT is increased over that
of normally hearing individuals.

[0013] Thus the paper discloses how measurements of the
SRT and pure-tone thresholds, together with SII calculations,
can be used to characterize the cause of communication
handicap as due primarily to impaired audibility or distortion.
While this is useful information for classifying functional
impairment caused by hearing loss the article does not pro-
vide an automatic, effective and precise method of quantify-
ing the extent of this impairment.

[0014] It is therefore a feature of the present invention to
provide an improved method of fitting a hearing aid system.
[0015] It is another feature of the present invention to pro-
vide a hearing aid fitting system adapted to carry out an
improved method of fitting a hearing aid system.

SUMMARY OF THE INVENTION

[0016] The invention, in a first aspect, provides a method of
fitting a hearing aid system according to claim 1.

[0017] This provides an improved method of fitting a hear-
ing aid system.
[0018] The invention, in a second aspect, provides a hear-

ing aid fitting system according to claim 25.

[0019] This provides an improved hearing aid fitting sys-
tem.
[0020] Further advantageous features appear from the

dependent claims.

[0021] Still other features of the present invention will
become apparent to those skilled in the art from the following
description wherein the invention will be explained in greater
detail.
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BRIEF DESCRIPTION OF THE DRAWINGS

[0022] By way of example, there is shown and described a
preferred embodiment of this invention. As will be realized,
the invention is capable of other embodiments, and its several
details are capable of modification in various, obvious aspects
all without departing from the invention. Accordingly, the
drawings and descriptions will be regarded as illustrative in
nature and not as restrictive. In the drawings:

[0023] FIG. 1 illustrates highly schematically the devices
required for carrying out a hearing aid fitting according to a
first embodiment of the invention;

[0024] FIG. 2 illustrates highly schematically the devices
required for carrying out a hearing aid fitting according to a
second embodiment of the invention; and

[0025] FIG. 3 illustrates highly schematically additional
details of selected parts of a hearing aid fitting system accord-
ing to an embodiment of the invention.

DETAILED DESCRIPTION

[0026] Within the present context the terms audibility loss
and distortion loss are to be understood as specific types of
functional hearing deficit. In the following the terms audibil-
ity loss, and attenuation loss may be used interchangeably and
the same is true for distortion and distortion loss. Audibility
loss represents the functional hearing deficit that predomi-
nantly makes at least a part of the speech spectrum inaudible
and distortion loss represents the functional hearing deficit
that is due to distorted auditory processing. Audibility loss
represents a loss of sensitivity, while distortion is the reduced
ability to understand speech in background noise when both
the speech and noise are audible. However, in the following it
is to be understood that most people suffering from a func-
tional hearing deficit will have a mix of at least these two
types of functional hearing deficit and therefore the terms
audibility loss and distortion loss are to be understood as
being predominantly of the respective type.

[0027] Within the present context it is furthermore under-
stood that the value of any parameter may be denoted either
simply by the name of the parameter or as the magnitude or
value of the parameter.

[0028] The present invention addresses the fact that mea-
sured and perceived benefit from hearing aids varies across
listeners having similar audiometric thresholds measured
with conventional audiometry. Itis recognized that the similar
thresholds can be observed even if the underlying auditory
pathology is different. Differences in auditory pathology will
presumably lead to the observed differences in hearing aid
benefit. Classification of the effects of cochlear pathologies
on functional hearing abilities such as speech intelligibility in
noise can guide the selection of features, parameter settings,
and gain rationales that improve hearing aid benefit.

[0029] Classical speech audiometry generally contains a
measure of word intelligibility in quiet and in some countries
an additional measure of intelligibility in noise. These tests
are referred to as discrimination scores. The discrimination
score may indicate retro-cochlear lesions if the discrimina-
tion score decreases when increasing the presentation level of
the speech. This is one traditional use of the test for diagnostic
purposes. In typical clinical practice, the discrimination score
is measured and is used in the fitting situation. It is interpreted
qualitatively and guides the counseling of the clinician. A
patient not approaching 100% intelligibility at moderately
high presentation level might not be expected to reach full
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benefit of hearing-aid amplification. The counseling can
therefor balance the expectations of the patient. The present
invention treats the discrimination score measure as quanti-
tative data, and can guide the selection of features, parameter
settings, and gain rationales.

[0030] Specifically, the present invention uses the idea of
classifying a patient into a pre-defined subject group, depend-
ing on whether or not the hearing loss is due to distortion.
[0031] By having a hearing aid user classified in terms of
his functional hearing capacity; the fitting software may
adjust the gain rationale and hearing aid features and param-
eters accordingly. The present invention is directed at realiz-
ing the potential of a classification system that facilitates the
use of the data that can be obtained with conventional audio-
metric tests such as pure-tone audiometry and speech audi-
ometry specifically speech discrimination testing in noise.
The benefit for the user is expected to relate to improved
communication in noise, since the fitting rationale and the
hearing aid features and parameters may be tailored to fit the
hearing aid user’s quantified functional hearing. This is
beyond what fitting rules can do today. Most benefit is
expected for the class of hearing aid users that suffer consid-
erably from distorted auditory processing and therefore do
not receive the expected benefit from hearing aids. They will
typically return to the clinic several times, and may cancel
their purchase.

[0032] Audibility loss may be associated with conductive
loss and inner and outer hair cell dysfunction as a conse-
quence of noise trauma or presbycusis. Distorted auditory
processing, on the other hand, may be associated with outer
hair cell dysfunction and consequently loss of cochlear com-
pression, decreased cochlear frequency selectivity, and
decreased temporal coding acuity.

[0033] Reference is first made to FIG. 1, which illustrates
highly schematically the devices required for carrying out a
hearing aid fitting according to a first embodiment of the
invention. FIG. 1 illustrates a hearing aid fitting system 100
that comprises a computing device 102 operated by a so
called hearing aid fitter, wherein the computing device 102 is
adapted to program a hearing aid system 101 worn by a
hearing aid user 104.

[0034] Reference is now made to FIG. 2, which illustrates
highly schematically a hearing aid fitting system 200 accord-
ing to a second embodiment of the invention. FIG. 2 illus-
trates a hearing aid fitting system 200 that comprises a com-
puting device 202 and an external device 205, wherein the
computing device 102 is operated by a hearing aid fitter 103
and is adapted to program a hearing aid system 101 worn by
a hearing aid user 104 and wherein the external device 205 is
adapted to receive a user input in response to speech test
sounds provided to the hearing aid user by the computing
device 202 through the hearing aid system 101. The external
device 205 is further adapted to provide the user response to
the computing device 102, whereby the hearing aid user’s
response to the speech test sounds can be taken into account
when programming the hearing aid system 101.

[0035] The external device 205 may have a graphical user
interface that allows the hearing aid user 104 to make a
selection that best corresponds to the perceived speech test
sound. Alternatively, the external device 205 is equipped with
an automatic speech recognition (ASR) system whereby the
hearing aid user 104 only needs to articulate the perceived
speech test sounds in order to provide the external device with
the hearing aid user response.
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[0036] The use of ASR systems is especially advantageous
in so far that they may allow a hearing aid fitter that is not
fluent in some language or dialect to instead rely on an ASR
system that may be trained to recognize basically any lan-
guage and dialect. Hereby the number of hearing impaired
persons that a hearing aid fitter can fit is significantly
increased.

[0037] Inavariation ofthe embodiments of FIG. 1 and FIG.
2 the hearing aid fitter 103 and hearing aid user 104 may be the
same person, whereby a so-called user fitting can be carried
out. The use of an ASR system is especially advantageous for
user fitings since it allows the evaluation of the user response
to be obtained automatically.

[0038] In the following, the various steps of a method
embodiment according to the invention are described.
[0039] Ina first step, that basically can be carried out at any
point in time prior to the hearing aid fitting of an individual
hearing aid user, a relation between intelligibility and a
Speech Intelligibility Index (SII) is derived for normal hear-
ing persons.

[0040] According to the present embodiment the term
“intelligibility” is to be understood as the percentage of cor-
rect answers when presented for a multitude of independent
words in noise and prompted to repeat the words. However,
the intelligibility score is, according to the present embodi-
ment, not based on the number of correctly identified words
but instead based on the number of correctly identified pho-
nemes in the words.

[0041] According to the present embodiment the term
“Speech Intelligibility Index (SII)” represents a measure of
speech intelligibility in noise that can be calculated based on
the definitions given in the ANSI S3.5-1997 standard. The
ANSI S3.5-1997 standard provides methods for predicting
the intelligible amount of transmitted speech information,
and thus, the speech intelligibility in a linear transmission
system. The SII is always a number between O (speech is not
intelligible at all) and 1 (speech is fully intelligible). The SII
is, in fact, an objective measure of a system’s ability to convey
speech intelligibility and hereby hopetfully making it possible
for the listener to understand what is being said.

[0042] However, various other models for the prediction of
the intelligibility of speech with or without the presence of a
noise may also fall within the scope of an SII according to the
present invention. These models require an input speech sig-
nal and an input noise signal, or a mixture of the two input
signals, or particular information about the signal and noise as
input, wherein the particular information may comprise, e.g.,
long or short-term power spectra or modulation characteris-
tics. The models preferably account for the reduced sensitiv-
ity to the signal and noise due an individual’s hearing loss.
Examples of models that contain some of these properties are

[0043] the Articulation Index (AI) (a predecessor of the
SID),
[0044] the Extended SII (ESII), (see the article “A Speech

Intelligibility Index-based approach to predict the speech
reception threshold for sentences in fluctuating noise for nor-
mal-hearing listeners” by Rhebergen and Versfeld in J.
Acoust. Soc. Am., 117(4), pages 2181-2192, April 2005),
[0045] the Speech Transmission Index (STI),

[0046] the Short-Time Objective Intelligibility (STOI) (see
the article “An Algorithm for Intelligibility Prediction of
Time-Frequency Weighted Noisy Speech” by Taal et al, in
IEEE Transactions on Audio Speech and Language Process-
ing, pages 2125-2136, 2011), and



US 2015/0245150 Al

[0047] the speech-based Envelope Power spectrum Model
(sEPSM), (see the article “A multi-resolution envelope power
based model for speech intelligibility” by Jorgensen et al. in
J. Acoust. Soc. Am., 134, pages 436-446, 2013).

[0048] However, basically any model capable of providing
an estimate of speech intelligibility in noise or in quiet may
fall within the scope of an SII according to the present inven-
tion. However, it is preferred that the model is adapted to
incorporate the effect of an individual persons hearing loss
thresholds such that the estimated speech intelligibility in
noise will be the same for normal hearing persons and hearing
impaired persons having a so called audibility loss. In general
terms the audibility loss is considered to be responsible for the
elevated hearing thresholds, as determined by the audiogram,
and also responsible for the substantially higher speech levels
required by the hearing impaired at low noise levels. Pres-
ently, the SII, based on the ANSI standard,(and consequently
also the corresponding ESII) is the only one of the mentioned
models that considers loss of hearing sensitivity (audibility
loss).

[0049] In order to calculate the SII an estimation of the
signal and noise content of the acoustical signal is required. A
number of more or less accurate methods for signal and noise
estimation exist. All of these methods will be obvious to a
person skilled in the art and all the methods will belong to the
scope of the present embodiment.

[0050] As one example the signal and noise content may be
estimated using a percentile estimator. A percentile is, by
definition, the value for which the cumulative distribution is
equal to or below that percentile. The output values from the
percentile estimator each correspond to an estimate of a level
value below which the signal level lies within a certain per-
centage of the time during which the signal level is estimated.
A 10% percentile may be used to estimate the noise and a 90%
percentile may be used to estimate the desired signal content,
but other percentile figures can be used. In practice, this
means that the noise level is the signal level below which the
signal levels lie during 10% of the time, and the speech level
is the signal level below which the signal levels lie during
90% of the time. The percentile estimator implements a very
efficient way of estimating the speech and noise levels.
[0051] A percentile estimator may be implemented e.g. as
the kind presented in the U.S. Pat. No. 5,687,241.

[0052] In variations of the present example other values for
the percentiles may be used to determine the noise and speech
estimates.

[0053] In yet other variations the noise and speech esti-
mates are based on an Root-Mean-Square (RMS) averaging
of the digital signals representing the acoustical output sig-
nals.

[0054] Now, a relation between intelligibility and a speech
intelligibility index can be derived for normal hearing persons
simply by carrying out a test series adapted for measuring the
intelligibility for a number of normal hearing persons, calcu-
lating a speech intelligibility index for a normal hearing per-
son for each of the acoustical test signals used in the test and
subsequently interpolating the results in order to obtain the
desired relation between intelligibility and speech intelligi-
bility index.

[0055] According to further variations of the embodiments
according to the present invention the measurement of “intel-
ligibility” needs not be based on the presentation of a
sequence of independent words. As one example meaningful
sentences may be used instead of independent words, but also
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so-called nonsense syllables may be used, in which case the
intelligibility score will be based on the number of correctly
identified nonsense syllables. Generally, nonsense syllables
are advantageous in so far that they may be considered to be
language independent and therefore can be used worldwide
as opposed to the language specific word or sentence tests.
[0056] However, according to a variation of the present
embodiment the relation between intelligibility and a speech
intelligibility index for normal hearing persons may be
derived without having to resort to actual measurements and
instead be based purely on published models such as those
given in the article “Regression equations for the transfer
functions of ANSI S3.5-1969” by Sherbecoe and Studebaker
in J. Acoust. Soc. Am., 88(5), November 1990.

[0057] Reference is now given to the steps required to be
carried out for each individual hearing aid user that is about to
have his hearing aid system fitted.

[0058] Initially an audiogram is obtained. The audiogram is
obtained using standard pure-tone audiometry, but alternative
methods for obtaining an audiogram may be used, all of
which are obvious for a person skilled in the art. The method
used for obtaining the audiogram is not critical for the present
invention. According to the present invention the audiogram
is obtained for the better ear of the individual user, i.e. the ear
having the smallest hearing loss. However, in variations of the
present invention the audiogram of the worse ear may be
used, e.g. for persons having normal or close to normal hear-
ing in one ear. In other variations a so called binaural audio-
gram may be used, wherein acoustical test signals are pre-
sented for both ears of the individual user and used to obtain
the audiogram. However, in still other variations a separate
audiogram is obtained for both ears of the individual. Thus in
the following the term audiogram may generally represent
any type of audiogram including the above mentioned varia-
tions.

[0059] The audiogram is used for calculating the corre-
sponding value of the Speech Intelligibility Index (SII) when
a specific acoustic test signal is presented for the individual
hearing aid user. According to the present embodiment the
value of the SII is calculated based on the ANSI $3.5-1997
standard. Calculation of the SII requires knowledge of the
audiogram obtained for the individual user and of the char-
acteristics of the acoustical signal presented to the individual
user.

[0060] Inasubsequent second step the Most-Comfortable-
Level (MCL) is measured in quiet using a list with 50 words.
The measured MCL is used to set the speech presentation
level in the specific acoustic test signal for the individual
hearing aid user by setting the speech presentation level equal
to the measured MCL or to 80 dB(A), in case the measured
MCL is lower than 80 dB(A). A-weighted decibels, abbrevi-
ated dB(A), is an expression of the relative loudness of sounds
in air as perceived by the human ear. In the A-weighted
system, the decibel values of sounds at low frequencies are
reduced, compared with unweighted decibels, in which no
correction is made for audio frequency. This correction is
made because the human ear is less sensitive at low audio
frequencies, especially below 1000 Hz, than at high audio
frequencies. In variations the the MCL and hereby the speech
presentation level may be determined using basically any
other scale than dB(A) such as e.g. dB Sound Pressure Level
(dB SPL).

[0061] In the next step the intelligibility for the individual
hearing aid user is measured using phoneme scoring based on
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alist with 50 words presented as acoustical speech test signals
in noise wherein the speech presentation level is set as
described above in the second step and wherein the noise level
is set such that a first predicted intelligibility of 70% is
expected based on the derived relation between intelligibility
and SII for normal hearing persons, hereby providing a first
measured intelligibility.

[0062] According to the present embodiment the 50 words
presented as acoustical speech test signals are based on
recorded speech and based on the recognized standard for
speech audiometry known as the Hearing In Noise Test
(HINT). The noise is stationary and spectrally matched to the
average long term spectrum of the speech material and the
acoustical speech test signals are presented for the individual
hearing aid user through a set of headphones.

[0063] In variations the 50 words presented as acoustical
speech test signals may be based on synthesized words. In
other variations the acoustical speech test signals are pre-
sented for the user through a single hearing aid, a set of
hearing aids or from a set of loudspeakers.

[0064] In variations of the present embodiment the pre-
sented words may be based on another standard than (HINT)
such as the Speech Perception In Noise (SPIN). However, the
presented words need not be based on such a standard and in
further variations the number of words to be presented may be
selected to include more or fewer words than the 50 words
used in the present embodiment.

[0065] In further variations of the present embodiment the
noise is non-stationary and based on recorded noise such as
multi-talker babble or factory noise. In yet further variations
non-stationary or modulated noise is provided. This may,
according to one variation, be provided by feeding white
noise to a Finite Impulse Response (FIR) filter adapted to
shape the frequency spectrum of white noise such that it
matches an average long term spectrum of a given speech
material and subsequently frequency modulating the output
from the FIR filter with such a low frequency that the resulting
frequency spectrum still matches the average long term spec-
trum of the given speech material.

[0066] According to the present embodiment the intelligi-
bility is measured in the same way when establishing the
relation between intelligibility and the SII for normal hearing
person and when measuring the intelligibility for an indi-
vidual hearing aid user. However, in variations the measure-
ments need not be carried out in exactly the same manner. As
one example the number of presented words may differ as
may the noise spectrum and the manner in which the acous-
tical speech test signals are presented.

[0067] Whenthe intelligibility is measured (as a percentage
of correctly identified phonemes), then the corresponding SII
is calculated based on the audiogram of the better ear of the
individual hearing aid user and based on the speech and noise
levels of the acoustical test signals, hereby providing a first
SII value.

[0068] In a fourth step the intelligibility for the individual
hearing aid user is measured as given above in the third step
except for the fact that the noise level is set such that a second
predicted intelligibility of 30% is expected, hereby providing
a second measured intelligibility and a second SII value.

[0069] In a fifth step the difference between the first mea-
sured intelligibility and a first norm intelligibility is calcu-
lated, wherein the first norm intelligibility is determined, for
the first SII value, and using the previously derived relation
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between intelligibility and SII, for normal hearing persons,
hereby providing a first difference value.

[0070] In the sixth step the difference between the second
measured intelligibility and a second norm intelligibility is
calculated, wherein the second norm intelligibility is deter-
mined, for the second SII value, and using the previously
derived relation between intelligibility and SII, for normal
hearing persons, hereby providing a second difference value.
[0071] In a seventh step a norm error is determined as the
average absolute magnitude of the first and second difference
values.

[0072] In an eight step the hearing loss of the individual
hearing aid user is classified as belonging to a first class in
case the norm error is less than a predetermined threshold of
10% and classified as belonging to a second class in case the
norm error is larger than 10%. According to variations the
predetermined threshold may be given a value in the range
between 5% and 15% or even in the range between 5% and
25%.

[0073] In another variation of the present embodiment a
norm error is defined by the slope difference between the
curves relating the norm intelligibility and the measured
intelligibility as a function of the speech intelligibility index.
In this case the predetermined threshold is set to be 10%
intelligibility per 0.1 points of change in the speech intelligi-
bility index and in variations the predetermined threshold
may be given a value in the range between 5% and 15%
intelligibility per 0.1 points of change in the speech intelligi-
bility index or even in the range between 5% and 25%.
[0074] In further variations the predetermined threshold is
selected based on the language used when measuring the
intelligibility and in still further variations the predetermined
threshold may depend on other parameters of the intelligibil-
ity measurements such as the noise characteristics of the
presented acoustical speech test signals and in yet further
variations the predetermined threshold may be determined in
dependence on whether the presented acoustical speech test
signals comprised independent words, meaningful sentences
or nonsense syllables.

[0075] In the following a hearing loss that is classified as
belonging to the first class may also be denoted an audibility
loss, and a hearing loss that is classified as belonging to the
second class may also be denoted a distortion loss. Addition-
ally the terms hearing deficit and hearing loss may be used
interchangeably.

[0076] In a ninth step a hearing aid gain, a hearing aid
feature or a hearing aid parameter is set based on the result of
said classification.

[0077] In variations, the classification may include more
than two hearing loss classes. As one example the classifica-
tion may comprise three classes, wherein audibility losses are
in the first class, moderate distortion losses are in the second
class and severe distortion losses are in the third class.
According to this example the norm errors less than 10% are
in the first class, norm errors larger than 10% and less than
30% are in the second class and norm errors larger than 30%
are in the third class. However, in further variations the sec-
ond predetermined threshold may be selected from a range
between 15% and 40%.

[0078] In still other variations of the present embodiment,
the setting of a hearing aid gain, a hearing aid feature or a
hearing aid parameter is not based solely on the result of a
classification but may also be based directly on the quantita-
tive value (i.e. the magnitude) of the norm error. Especially
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the quantitative value of the norm error may be used to quan-
tify a distortion loss that can be used to determine the mag-
nitude of the hearing aid adjustments carried out in response
to the classification. Obviously the quantitative value of the
norm error may as well be used to quantify an audibility loss.
[0079] This however may be less advantageous since the
audibility loss may also be quantified based on the audio-
gram. According to one embodiment of the present invention
anoise reduction algorithm is adapted in response to the result
of'the hearing loss classification such that the noise reduction
algorithm is less attenuating in a frequency range for audibil-
ity losses relative to distortion losses because hearing aid
users having the latter type of hearing loss will typically
benefit more from an aggressive noise reduction.

[0080] More specifically the adaption of the noise reduc-
tion algorithm may comprise the steps of:

[0081] setting the gain in at least one frequency channel in
order to optimize a speech intelligibility index,

[0082] adjusting, after the initially setting of the gain, the
gainin at least one frequency channel with a value in the range
between +3 dB and -6 dB for hearing deficits classified in the
first hearing loss class,

[0083] oradjusting, after the initially setting of the gain, the
gainin at least one frequency channel with a value in the range
between 0 dB and —12 dB for hearing deficits classified in the
second hearing loss class.

[0084] Generally the goal, according to this embodiment, is
not to increase the signal-to-noise ratio, but to attenuate as
much as possible without compromising speech understand-
ing, i.e. assuring that audible speech cues are still audible. For
hearing deficits belonging to the first class it is critical for
intelligibility that the sound (mixture of speech and noise) is
audible at a comfortable level. Hearing aid users within this
category will therefore prefer a noise reduction algorithm that
does not attenuate as much as the default setting suggests.
[0085] According to another embodiment of the present
invention a hearing aid compressor is adapted, for persons
having an audibility loss, to have relative less compression
compared to the set-up for persons having a distortion loss.
Preferably the compression ratio may be in the range of
1:1-1.5:1 for persons having an audibility loss. Persons with
audibility loss generally are capable of processing and inter-
preting a signal with modulation characteristics similar to the
original signal. Persons with audibility loss are also likely to
benefit and prefer dynamic range compression systems with
slow time constants which produce a more stable and natural
sound image. Persons with distortion loss, on the other hand,
are generally not able to exploit the signal information con-
veyed in the dips of amplitude modulations. Instead they
prefer and benefit from a processed signal with reduced
modulation depth, typically rendered by compression sys-
tems with compression ratios larger than 1.5:1 and relatively
fast time constants.

[0086] According to yet another embodiment of the present
invention a hearing aid having the beam forming feature is
especially recommended for hearing aid users with distortion
losses because these hearing aid users generally experience
spatially separated noise as relatively more detrimental and
therefore also will benefit relatively more from the beam
forming feature.

[0087] According to still another embodiment of the
present invention a hearing aid compressor is adapted, for
persons having an audibility loss, to be prescribed with a gain
that is equal to or higher than a conventional audiogram-
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based gain prescription (e.g. NAL-NL2, DSL or manufac-
turer proprietary rationales). The hearing aid users having
audibility losses are generally better at tolerating high sound
pressure levels and do not severely suffer from problems with
abnormal loudness growth (i.e. loudness recruitment) which
conventional gain rationales are considering. Persons having
distortion loss are to be prescribed with a gain that is equal to
or lower than a conventional audiogram-based gain prescrip-
tion. Hearing aid users having distortion losses are generally
suffering from abnormal loudness growth since this is asso-
ciated with the type of auditory pathology that is character-
istic of distortion losses. Conventional gain rationales do
consider abnormal loudness growth, but typically not to the
extent necessary for persons with a significant distortion loss.

[0088] According to a variation of the disclosed embodi-
ments the steps of classifying the measured intelligibility as
belonging to a certain hearing loss class is omitted and instead
the norm error (i,e, the value of the norm error) is used directly
to set a gain or hearing aid parameter. According to a specific
variation of the method according to the invention the gain or
hearing aid parameter is set based directly on a look-up table
that stores corresponding values of the norm error and the
gain or hearing aid parameter to be adjusted in the hearing aid
system. As will be obvious for a person skilled in the art the
functionality of the look-up table may be implemented in a
number of alternative ways such as a mathematical function
or algorithm that provides the value of the gain or hearing aid
parameter to be adjusted directly as a function of the norm
error. Reference is now made to FIG. 3 that illustrates highly
schematically a hearing aid fitting system with some addi-
tional details compared to FIG. 1. The computer 102 of the
hearing aid fitting system 100 comprises a number of memo-
ries (110, 111 and 112) and a number of digital signal pro-
cessors (113, 114, 115,116, 117, 118 and 119).

[0089] The first memory 110 holds data representing a first
digital signal and a second digital signal representing a first
and a second speech test signal with a first and a second
signal-to-noise-ratio respectively, the second memory 111
holds data representing an audiogram of the person wearing
the hearing aid system and the third memory 112 holds data
representing a relation between the relative correctness of the
response as a function of the value of the speech intelligibility
index, wherein the relation is obtained based on the perfor-
mance of persons having normal hearing.

[0090] The first digital signal processor 113 is adapted to
process the first and the second digital signal in order to
provide the speech test signals to a person wearing the hearing
aid system through an electrical-acoustical output transducer
of'the hearing aid system. The second digital signal processor
114 is adapted to prompt the person wearing the hearing aid
system to respond by providing the content of the speech test
signals and adapted to receive the response, from the person
wearing the hearing aid system, to the speech test signals. The
third digital signal processor 115 is adapted to calculate a first
and a second value representing the relative correctness of the
response for the speech test signals. The fourth digital signal
processor 116 is adapted to determine a first and a second
value of a speech intelligibility index for the first and the
second speech test signal respectively, wherein the audio-
gram of the person wearing the hearing aid system is taken
into account. The fitth digital signal processor 117 is adapted
to calculate a norm error based on the difference between a
value representing the relative correctness of the response
from a hearing impaired person wearing the hearing aid sys-
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tem and a value of the relative correctness obtained from the
third memory, wherein the same value of the speech intelli-
gibility index is used to obtain both values of the relative
correctness. The sixth digital signal processor 118 is adapted
to determine whether the norm error is above or below a
predetermined threshold and to classify the hearing loss of the
hearing impaired person wearing the hearing aid system in
dependence on said determination, and the seventh digital
signal processor 119 is adapted to set a hearing aid gain,
feature or parameter in dependence on said classification.
[0091] According to variations at least some of the various
memories and digital signal processors may be integrated into
one memory or one digital signal processors respectively.
[0092] According to a further variation the sixth digital
signal processor 118 is not adapted to classify the hearing
loss, and the seventh digital signal processor 119 is not
adapted to set a hearing aid gain, feature or parameter in
response to said classification. Instead the sixth digital signal
processor 118 is adapted to calculate a hearing aid gain or
parameter adjustment in response to the magnitude of the
norm error, and the seventh digital signal processor 119 is
adapted to set said calculated adjustment of the hearing aid
gain or hearing aid parameter. It is a specific advantage of the
present invention that standard available clinical measures are
used to quantify a patient’s functional hearing, wherein the
quantification is provided in a simple manner as the magni-
tude of the norm error according to the invention.

[0093] Itisaspecific advantage of the present invention that
a patient’s functional hearing can be quantified without hav-
ing to use time-consuming adaptive methods, such as the
methods for measuring the speech-reception-threshold (SRT)
that have been described in the prior art.

[0094] It is yet another specific advantage of the present
invention that the quantification may be based on a set intel-
ligibility measurements that are carried out using at least two
sets of acoustical speech test signals with signal-to-noise-
ratios that are spaced relatively far apart, whereby the robust-
ness and/or precision of the intelligibility measurement and
hereby the quantification of the functional hearing may be
improved.

[0095] It is still another specific advantage of the present
invention that by determining the quantification of the func-
tional hearing (through the magnitude of the norm error) as
the average of the absolute differences between the measured
intelligibilities and the corresponding norm intelligibilities
then the quality of the quantification is improved since a
simple averaging of the differences would not take into
account that the magnitudes of the differences may be of
opposite signs.

[0096] It is yet another advantage of the present invention
that a patient’s functional hearing can be quantified and sub-
sequently used for classifying a type of functional hearing
loss, whereby activation of certain hearing aid features can be
made dependent on said classification. Especially the classi-
fication of a functional hearing loss type may be advanta-
geous by improving the guidance that a hearing aid fitter can
provide to a hearing aid user with respect to what hearing aid
features, such as e.g. beam forming, that will provide most
benefit.

[0097] In still another advantage of the present invention
that a patient’s functional hearing can be quantified and sub-
sequently used directly in determining the value of a hearing
aid gain or a hearing aid parameter. Especially it is advanta-
geous that a hearing aid system may initially be fit based
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primarily on an audiogram for the hearing aid user, and sub-
sequently the quantification of the functional hearing is used
to adjust selected settings of said initial fit.
[0098] Basically, it is a significant advantage of the present
invention that an improved hearing aid fitting can be provided
since the selection of hearing aid features and the setting of
hearing aid gain and other hearing aid parameters can be
dependent on a quantification and/or classification of the
functional hearing.
1. A method of fitting a hearing aid system for a hearing aid
user comprising the steps of:
obtaining an audiogram for the hearing aid user;
presenting, forthe hearing aid user, a first acoustical speech
test signal, at a first signal-to-noise ratio, and prompting
the hearing aid user to identify the contents of the first
acoustical speech test signal, hereby providing a first
measured intelligibility;
calculating a first magnitude of a speech intelligibility
index for the first acoustical speech test signal, taking
into account the audiogram for the hearing aid user;

determining an intelligibility for a normal hearing person,
at said first magnitude of the speech intelligibility index,
hereby providing a first norm intelligibility;

determining a norm error based on the difference between
the first measured intelligibility and the first norm intel-
ligibility;

classifying the measured intelligibility as belonging to a

first hearing loss class in case the norm error is below a
predetermined threshold;

classifying the measured intelligibility as belonging to a

second hearing loss class in case the norm error is above
the predetermined threshold; and

setting a gain, hearing aid feature or hearing aid parameter

based on the result of said classification.
2. The method according to claim 1, comprising the further
steps of
presenting for the hearing aid user, a second acoustical
speech test signal, at a second signal-to-noise ratio, and
prompting the hearing aid user to identify the contents of
the second acoustical speech test signal, hereby provid-
ing a second measured intelligibility;
calculating a second magnitude of the speech intelligibility
index for the second acoustical speech test signal taking
into account the audiogram for the hearing aid user;

determining an intelligibility, for a normal hearing person,
at said second magnitude of the speech intelligibility
index, hereby providing a second norm intelligibility;

determining the norm error based on the difference
between the first measured intelligibility and the first
norm intelligibility and based on the difference between
the second measured intelligibility and the second norm
intelligibility.

3. The method according to claim 2, wherein the norm error
is determined as an average of the absolute magnitudes ofthe
difference between the first measured intelligibility and the
first norm intelligibility and the difference between the sec-
ond measured intelligibility and the second norm intelligibil-
ity.

4. The method according to claim 1, wherein the predeter-
mined threshold is within the range of 5-20% and wherein the
intelligibility is given as a percentage of correct responses
from the hearing aid user.

5. The method according to claim 2, wherein the norm error
is determined based on a difference in slope between the
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curve of the measured intelligibility as a function of the
speech intelligibility index and the curve of the norm intelli-
gibility as a function of the speech intelligibility index.

6. The method according to claim 5, wherein the predeter-
mined threshold is 10% intelligibility per 0.1 points of change
in the speech intelligibility index.

7. The method according to claim 1, wherein the step of
measuring intelligibility comprises the steps of:

presenting a sequence of words for the hearing aid user;

prompting the hearing aid user to repeat the words;

determining the percentage of correctly perceived words
based on the hearing aid users response; and

using the percentage of correctly perceived words as the

measured intelligibility.

8. The method according to claim 7, wherein the step of
presenting a sequence of words may be based on sentences or
independent words.

9. The method according to according to claim 7, wherein
the step of measuring an intelligibility comprises the further
steps of:

determining a speech presentation level for the sequence of

words to be presented for the hearing aid user based on
a measurement of a Most-Comfortable-Level in quiet.

10. The method according to claim 7, wherein the step of
measuring an intelligibility comprises the further step of
determining the noise level of an acoustical speech test signal
such that a given signal-to-noise ratio is obtained..

11. The method according to claim 7, wherein the step of
measuring an intelligibility comprises the further step of
shaping the noise spectrum such that the spectrum corre-
sponds to the long term average speech spectrum of the
sequence of words to be presented for the hearing aid user.

12. The method according to claim 2, wherein:

said first signal-to-noise ratio is selected such that the norm

intelligibility is within the range of 15-45%; and
said second signal-to-noise ratio is selected such that the
norm, intelligibility is within the range of 55-85%.

13. The method according to claim 1, wherein:

the first hearing loss class is associated with functional
hearing deficits that predominantly makes at least a part
of the speech spectrum inaudible, and wherein the sec-
ond hearing loss class is associated with functional hear-
ing deficits that are due to distorted auditory processing.

14. The method according to claim 1, wherein the step of
measuring an intelligibility comprises the step of using auto-
matic speech recognition for recording a user response.

15. The method according to claim 1, wherein the step of
obtaining the audiogram comprises the further step of

using the better-ear audiogram in case of an asymmetrical

hearing loss.

16. The method according to claim 1, wherein the step of
calculating a first magnitude of a speech intelligibility index
for an acoustical speech test signal, taking into account the
audiogram for the hearing aid user, comprises the step of
adapting the speech intelligibility index such that the calcu-
lated first magnitude of the speech intelligibility index, for a
given acoustical speech test signal, is the same for a normal
hearing person and a hearing impaired person with an audi-
bility loss.

17. The method according to claim 1, wherein the step of
determining an intelligibility for a normal hearing person, for
a given magnitude of the speech intelligibility index com-
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prises the step of extracting the intelligibility from a relation
between the intelligibility and the speech intelligibility index
for normal hearing persons.

18. The method according to claim 17, wherein said rela-
tion is obtained by using interpolation for a set of correspond-
ing values of the intelligibility and the speech intelligibility
index for normal hearing persons.

19. The method according to claim 1, comprising the fur-
ther steps of:

adapting a noise reduction algorithm to be less attenuating

in a frequency range for hearing deficits classified in the
first hearing loss class relative to hearing deficits classi-
fied in the second hearing loss class.

20. The method according to claim 19, wherein the step of
adapting the noise reduction algorithm comprises the further
steps of:

setting the gain in at least one frequency channel in order to

optimize a speech intelligibility index;

for hearing deficits classified in the first hearing loss class

adjusting, after the initially setting of the gain, the gainin
at least one frequency channel with a value in the range
between +3 dB and -6 dB; and

for hearing deficits classified in the second hearing loss

class adjusting, after the initially setting of the gain, the
gain in at least one frequency channel with a value in the
range between 0 dB and -12 dB.

21. The method according to any one of the preceding
claims claim 1, comprising the further step of adapting a
hearing aid compressor to provide longer attack and release
times for hearing deficits classified in the first hearing loss
class relative to attack and release times for hearing deficits
classified in the second hearing loss class.

22. The method according to claim 1, comprising the fur-
ther step of adapting a hearing aid compressor to provide a
smaller compression ratio for hearing deficits classified in the
first hearing loss class relative to the compression ratio for
hearing deficits classified in the second hearing loss class.

23. The method according to claim 1, comprising the fur-
ther steps of:

for hearing deficits classified in the first hearing loss class

adapting the gain setting of a hearing aid compressor to
provide a gain that is higher than a conventional audio-
gram-based gain prescription, and

for hearing deficits classified in the second hearing loss

class adapting the gain setting of a hearing aid compres-
sor to provide a gain that is lower than a conventional
audiogram-based gain prescription.
24. The method according to claim 1 comprising the fur-
ther step of setting the magnitude of said gain, or said hearing
aid parameter, based on the magnitude of the norm error.
25. A method of fitting a hearing aid system for a hearing
aid user comprising the steps of:
obtaining an audiogram for the hearing aid user;
presenting, forthe hearing aid user, a first acoustical speech
test signal, at a first signal-to-noise ratio, and prompting
the hearing aid user to identify the contents of the first
acoustical speech test signal, hereby providing a first
measured intelligibility;
calculating a first magnitude of a speech intelligibility
index for the first acoustical speech test signal, taking
into account the audiogram for the hearing aid user;

determining an intelligibility for a normal hearing person,
at said first magnitude of the speech intelligibility index,
hereby providing a first norm intelligibility;
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determining a norm error based on the difference between
the first measured intelligibility and the first norm intel-
ligibility; and

setting a hearing aid gain or hearing aid parameter based on
the norm error.

26. A hearing aid fitting system comprising a client and link
means adapted to allow the client to communicate with a
hearing aid system, wherein the client further comprises:

a first digital signal, representing a first speech test signal
with a first signal-to-noise-ratio, stored in a first
memory;

a second digital signal, representing a second speech test
signal with a second signal-to-noise-ratio, stored in the
first memory;

a first digital signal processor adapted to process the first
and the second digital signal in order to provide the
speech test signals to a person wearing the hearing aid
system through an electrical-acoustical output trans-
ducer of the hearing aid system;

a second digital signal processor adapted to prompt the
person wearing the hearing aid system to respond by
providing the content of the speech test signals and
adapted to receive the response from the person wearing
the hearing aid system to the speech test signals;

a third digital signal processor adapted to calculate a first
and a second value representing the relative correctness
of the response for the speech test signals;

a second memory holding data representing an audiogram
of the person wearing the hearing aid system;

afourth digital signal processor adapted to determine a first
and a second value of a speech intelligibility index for
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the first and the second speech test signal respectively
and wherein the audiogram of the person wearing the
hearing aid system is taken into account;

a third memory holding data representing a relation
between the relative correctness of the response as a
function of the value of the speech intelligibility index,
wherein the relation is obtained based on the perfor-
mance of persons having normal hearing;

a fifth digital signal processor adapted to calculate a norm
error based on the difference between a value represent-
ing the relative correctness of the response from a hear-
ing impaired person wearing the hearing aid system and
a value of the relative correctness obtained from the
fourth memory, wherein the same value of the speech
intelligibility index is used to obtain both values of the
relative correctness;

a sixth digital signal processor adapted to determine
whether the norm error is above or below a predeter-
mined threshold and to classify the hearing loss of the
hearing impaired person wearing the hearing aid system
in dependence on said determination; and

a seventh digital signal processor adapted to set a hearing
aid gain, feature or parameter in dependence on said
classification.

27. A hearing aid fitting system according to claim 26,
wherein the seventh digital signal processor is adapted to set
the magnitude of said adjustments of a hearing aid gain or
parameter in dependence on the magnitude of said norm error.
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