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Abstract—Sensorineural hearing loss often results in altered
loudness perception and a smaller perceivable dynamic range.
To compensate sensorineural hearing loss it is necessary to fit
an individual compressive gain. Fitting of hearing aids is usually
done by professionals together with the hearing aid user. To
give the users of TV-headsets the possibility to adjust not only
the volume of the acoustic signal but also the dynamics, three
different versions of interactive self-fitting systems were designed
and evaluated. The user tests were performed with 11 subjects
with mild to moderate hearing loss. The results were evaluated
with regard to benefit in quailty, loudness perception and speech
intelligibility.

I. INTRODUCTION

Progress has been made in the last ten years by introducing
full digital signal processing in hearing-aids, which allowed
to develop and implement enhanced processing strategies
including improved dynamic compression and noise reduction
schemes. Consequently, available products are full of such
features as multichannel amplifier designs with frequency
dependent signal processing, algorithms for noise suppression
that rely on automatic signal classification. In spite of these
extensive technical advances, only 20% of the hearing
impaired persons, who could profit by using a hearing aid, do
not use one. Therefore one of the reasons is a stigmatisation
of hardness of hearing [1]. To realise self-customisable
headphones could help to conquer these prejudices. TV-
headsets can help people with mild to moderate hearing
loss to enjoy TV and music in satisfying loudness without
disturbing their neighbours - or being disturbed - and offer
a solution to bypass the disturbing free field influences. The
users can choose their individual loudness level at the headset
while the speakers of the TV device can be adjusted to a
different level. It seems to be an optimal solution - but only
in case of conductive hearing loss. Sensorineural hearing loss
often causes an altered loudness perception and a reduced
dynamic range. The headphones have to be adapted on the
one hand to the individual hearing loss to assure audibility
and on the other hand to the residual dynamic of the user
to avoid too strong loudness. Therefore linear amplification
of the input signals is not sufficient, compressive gain rules
depending on frequencies are necessary. For hearing aids this
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fitting is usually done by professional audiologists. To give
the users of TV-headsets the possibility to adjust not only the
volume of the signal but also the dynamics, three different
versions of interactive self-fitting systems were designed
and evaluated. These interactive procedures for determining
compressive gains enable the users to adapt the required
settings by themselves in his home environment. For the
first time, the recent “supportive audio signal processings
(SASP)” strategies are developed to the specific application
of supporting audio communication and speech intelligibility
in radio and television.

This paper gives an overview of the state of the art fitting
methods of hearing aids and on the specifics of broadcast
material, before introducing the reader into the research and
development of individual SASP strategies and their evalua-
tions.

II. STATE OF THE ART

Sensorineural hearing impaired people often suffer from
recruitment, means that the distance between hearing threshold
and uncomfortable level is reduced and offers only a part
of the dynamic of normal hearing persons. To take the best
benefit of the remained dynamic range typically hearing aids
amplify the input signal dependent on frequency and level by
using compressors. Figure 1 shows an example of the loudness
functions of a normal hearing and a hearing impaired person.
Starting at 1 kHz the differences of the loudness functions
become in evidence. The dynamic range above 2 kHz of the
hearing impaired in this example is about 50 dB less than
the dynamic range of the normal hearing person. To adapt
the compressing gain rule in different frequency bands to
individual hearing loss fitting methods are necessary. Usually
this fitting is done with support of professional audiologists.

Technical progress in hearing aids needs also development
of new fitting strategies and methods of configuring and fitting
hearing instruments to individual user needs. A trend in fitting
hearing aids is to involve the user’s judgement in the fitting
process at an early stage by using interactive procedures.
As one of the first strategies “ScalAdapt” [3] is working





















for the subjects 2, 3 and 10.

Regarding the remainder of the subjects the obtained results
are very positive. Six of the remaining eight subjects with
coefficients of determination higher than 0.7 improved their
speech recognition threshold with the help of the self-fitted
compression related to free field transmission in anechoic
room, whereas subject 7 does not profit by any fitting version
at all. Subjects 5 and 6 - with the relative high broadband
ratios in Version 2 - also achieve benefit in SRT for all fitting
Versions. Estimated broadband ratios higher than 4 affect not
necessarily the speech reception adversely.

Related to the uncompressed headphone signal the benefit
of speech recognition depends on which version of fitting
was used. For subject 11 there is no value measured, but for
the other seven persons: By fitting Version 1 and 2, four of
seven subjects profited, two subjects changed for the worse
and one subject stayed equal in speech recognition threshold.
From Version 3 all seven remaining subjects profited in speech
recognition.

VI. CONCLUSION

The three parameter sets are exceeding different. Version 2
and 3 show explicit lower linear amplification than Version 1,
unlike Version 1 computes higher compression. The reasons
for these different data sets have to lie in the applied metering
methods as well as in the used audio material. Speech has
the higher dynamic and an assumption for the higher scaled
Low-level while using speech is that subjects try to understand
the content, which could lead to a higher Low-level than
even to recognise a sound. The different ways to compute the
parameter sets results in a different behaviour related to the
individual dynamic values of the hearing impaired. Computing
the compression ratio only dependent on the Low-levels of
the hearing impaired (Version 3) retains the influences of
the individual thresholds small compared to the influence in
Version 1 and 2.

The answers in the questionnaire causes the assumption
that the used task modules are applicable and usable, but
they show also a tendency to a certain grade of annoyance.
Therefore the number of tasks have to be limited to a small
set of the real important interactions. The paired comparison
test and the OLSA - sentence test evaluates the fitting results,
not the procedure. The paired comparison test shows a good
acceptance of the processed material and an improvement
of the subjective speech intelligibility. But also the objective
intelligibility, the speech recognition threshold (L50) of many
subjects get a better value than without processing.

Finally the “Channel-Hop-Test”: Its results have very
promise and the relation between the coefficients of deter-
mination and the quality of the fitted parameter set has to
be proven in further evaluations. Implemented in an overall
system a modified version of the Channel-Hop-Test could be
used as an intelligent indicator of fitting quality and thereby
of satisfaction of the users.
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But there are still many improvements necessary to come
up with an usable system. The principle goal of that approach
is to enable users to fit their headphones with all broadcast
material, only dependent of the actual programme. Version 2
and 3 converge more to that goal, cause the fitting material is
just band filtered uncutted newscast, with clear speech, but also
including reports or commentaries. In addition the combination
of a user-side approach with a metadata approach to improve
the signal noise ratio not only of the environment, but also
of the broadcast audio mix should be brought forward and
general SASP strategies have to be envolved.
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