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Description

The present invention relates to a method for amplifying a speech signal for a
hearing apparatus by detection of an input sound by the hearing apparatus, de-
termining an input level of the input sound and amplification of the input sound
by the hearing apparatus. The present invention also relates to a hearing appa-
ratus having a detection device for detecting an input sound, a measuring de-
vice for determining an input level of the input sound and an amplification de-
vice for amplifying the input sound. A hearing apparatus is here taken to mean
any device which can be worn in or on the ear and which generates an acoustic

stimulus, in particular a hearing aid, headset, headphones and the like.

Hearing aids are wearable hearing apparatuses that are used to support the
hard of hearing. Different hearing aid designs, such as behind-the-ear hearing
aids (BTE), hearing aids with an external receiver (RIC: receiver in the canal)
and in-the-ear hearing aids (ITE), for example also concha hearing aids or
completely-in-canal hearing aids (ITE, CIC) are provided in order to accommo-
date the numerous individual requirements. The hearing aids listed by way of
example are worn on the outer ear or in the auditory canal. However, bone con-
duction hearing aids, implantable or vibrotactile hearing aids are also commer-
cially available, moreover. In this case damaged hearing is either mechanically

or electrically stimulated.

In principle hearing aids have as their fundamental components an input con-
verter, an amplifier and an output converter. The input converter is usually a
sound pick-up, for example a microphone and/or an electromagnetic receiver,
for example an induction coil. The output converter is usually implemented as
an electroacoustic converter, for example a miniature loudspeaker, or as an
electromechanical converter, for example a bone conduction receiver. The am-
plifier is conventionally integrated in a signal processing unit. This basic con-
struction is shown in Fig. 1 using the example of a behind-the-ear hearing aid.
One or more microphones 2 for receiving the sound from the environment are

fitted in a hearing aid case 1 for wearing behind the ear. A signal processing
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unit 3, which is also integrated in the hearing aid case 1, processes the micro-
phone signals and amplifies them. The output signal of the signal processing
unit 3 is transmitted to a loudspeaker or receiver 4 which outputs an acoustic
signal. The sound is optionally transmitted via a sound tube, which is fixed to an
otoplastic in the auditory canal, to the eardrum of the wearer of the aid. The
energy supply to the hearing aid, and in particular that of the signal processing
unit 3, takes place by way of a battery 5 likewise integrated in the hearing aid

case 1.

The dynamic range of hearing is significantly reduced in the case of a central
hearing impairment. One solution to this problem lies in using hearing aids with
compression. Compression in hearing aids has the function of transferring the
dynamic range of people with normal hearing into that of the people with hea-
ring difficulties. What is involved in particular here is the shifting of quiet signals
into the audible range, but of not amplifying loud signals any further. Dynamic

variations are a problem in this connection.

Retention or improvement of the intelligibility when wearing hearing aids is usu-
ally the primary aim. A great challenge lies therefore in finding a suitable reduc-
tion in the dynamic range for the type of speech signal in particular. The pro-
blem in this connection lies in particular in the variations over time in speech le-
vels. Both slow changes in speech level, which reproduce the variations in the
overall speech level, and fast changes in speech level, which reproduce the le-
vel differences between speech components (vowels, consonants, phonemes),

are important.

Signal processing of hearing aids is known from the unpublished German appli-
cation DE 10 2005 061 000 A1 in which an input signal is classified with respect
to the current hearing situation. The input signal is amplified in accordance with
a first compression algorithm or a second compression algorithm as a function

of the classification result.
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The aim of some known compression strategies with slow time constants is to
maintain the rapid fluctuations in level over time between vowels and conso-
nants. The quiet parts of speech (in particular between vowels) are often in-
audible as a result or simply too quiet with this type of compression.

The object of the present invention therefore lies in also making quiet parts of
speech audible without significantly raising the overall level of the speech sig-

nal.

According to the invention this object is achieved by a method for amplifying a
speech signal for a hearing apparatus by detection of an input sound by the
hearing apparatus, determining an input level of the input sound and amplifica-
tion of the input sound by the hearing apparatus, wherein a mean broadband
input level of the input sound is determined, it is established whether the input
sound has a speech component, and if not, the input signal is amplified as a
function of the input level in accordance with a predefined first amplification
characteristic, if so, the input signal is amplified as a function of the input level in
accordance with a predefined second amplification characteristic, wherein the
second amplification characteristic is formed as a function of the mean broad-
band input level such that amplification is increased with respect to the first am-
plification characteristic in a predefined level interval below the mean broad-
band input level. An amplification characteristic is the function of amplification
over the input level here. “Broadband” is here taken to mean the overall spectral

bandwidth of signal processing of the hearing apparatus.

According to the invention a hearing apparatus is also provided, having a detec-
tion device for detecting an input sound, a measuring device for determining an
input level of the input sound and an amplification device for amplifying the input
sound, wherein a mean broadband input level of the input sound can be deter-
mined by the measuring device, it can be established by a classification device
of the hearing apparatus whether the input sound has a speech component,
and the amplification device can be controlled by the classification device in

such a way that the input signal is amplified as a function of the input level in



10

15

20

25

30

DK/EP 2635048 T3

4

accordance with a predefined first amplification characteristic if no speech com-
ponent is found in the input signal, and the input signal is amplified as a function
of the input level in accordance with a predefined second amplification charac-
teristic if a speech component is found in the input signal, wherein the second
amplification characteristic is formed as a function of the mean broadband input
level such that amplification is increased with respect to the first amplification
characteristic in a predefined level interval below the mean broadband input

level.

An adaptive elevation of speech signals advantageously occurs therefore as a
function of input level. This is achieved in that the amplification in a predeter-
mined range below the mean broadband current input level, which is roughly
the level of vowels, is higher in the case of a detected speech signal than in the
case where no speech signal is detected. The level of consonants in particular

may be increased as a result, so, overall, intelligibility increases significantly.

The predefined level interval is preferably a mean interval between a vowel le-
vel and a consonant level at the input. The vowel level is the level for which the
mean can be measured in the case of vowels in a current speech signal. The
consonant level is the level for which the mean is measured in the case of con-
sonants in current speech. Since the vowel level substantially corresponds to
the overall speech level and is therewith easy to measure, the consonant level
can be easily determined with the known level interval from the measured vowel
level. The mean interval between vowel level and consonant level is known for

average speakers in the case of loud and quiet speech.

The second amplification characteristic can lie in a level range of predefined
breadth above the first amplification characteristic. This means that the second
amplification characteristic lies not only above the first amplification characteri-
stic in the case of a fixed input level, but in a greater range of input levels. This
range of input levels should cover the fundamental level range of the conso-
nants. The predefined breadth preferably lies roughly in the order of magnitude

of the predefined level interval. If the predefined breadth roughly corresponds to



10

15

20

25

30

DK/EP 2635048 T3

5

the level interval between consonants and vowels and the elevation takes place
roughly symmetrically to the mean consonant level, the range of elevation

roughly extends to the centre between consonant level and vowel level.

The values of the second amplification characteristic advantageously lie at a
maximum of 12 dB to 24 dB above those of the first amplification characteristic.
Intelligibility can best be increased with this elevation between a maximum of 12
and 24 dB.

The method is advantageously applied solely to sound components of the input
sound with frequencies above a predefined frequency, e.g. 1500 Hz, in particu-
lar above 3000 Hz. This is because consonants have significant frequency
components above 1500 Hz. With respect to intelligibility it is substantially suffi-
cient if frequency components are elevated above 3000 Hz using the inventive

method.

The second amplification characteristic can be increased differently with respect
to the first amplification characteristic in various frequency bands. The speech
signal components are elevated as a function of frequency in addition to as a
function of input level. This increases intelligibility and the natural sound im-
pression is consequently better retained as well.

It is also advantageous if amplification is performed in a first path and a second
path, parallel thereto, of the hearing apparatus, a first compression is performed
in the first path and a second compression is performed in the second path, the
second compression is greater than the first compression, and in the second
path amplification takes place in accordance with the first and second amplifica-
tion characteristic. An advantageous, non-linear compression can be achieved
by the overlaying of two different compression characteristics. In particular the
signals of the first and second paths can be mixed with a mixing ratio which de-
pends on the input level of the input sound. The compression can be dynamical-

ly adjusted to the current input sound thereby. At the same time, intelligibility
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may be increased when using the different amplification characteristics for
speech signals and non-speech signals.

The present invention will be illustrated in more detail with the aid of the accom-

panying drawings, in which:

Fig. 1 shows the schematic construction of a hearing aid according to the prior

art;

Fig. 2 shows a graph of an amplification characteristic over the input level in

the case of first speech;

Fig. 3 shows an amplification characteristic over the input level in the case of

second speech;

Fig. 4 shows a parallel compression as a function of a mean input level in a

hearing aid and,;

Fig. 5 shows an electrical circuit diagram for the implementation of a parallel

compression.

The exemplary embodiments described in more detail below are preferred em-

bodiments of the present invention.

It has been found that intelligibility depends inter alia on the ratio of the conso-
nant level to the vowel level in the speech signal of an individual speaker. In this
connection the consonant level means the mean level of consonants and the
vowel level the mean level of vowels in speech. Intelligibility can be improved by
increasing the consonant level, i.e. the level of the consonants, without simulta-
neously increasing the vowel level (reference level). The improvement in intelli-
gibility achieved in this way is then at its highest if the consonant-vowel ratio
(CVR,; i.e. interval between the consonant level and the vowel level) is higher

than in the case of average speech. Particularly good results with respect to in-
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telligibility have been produced if the consonant level is elevated or increased
with respect to the vowel level by up to 12 to 24 dB. This has advantages in par-
ticular in the case of consonants in the higher frequency spectrum, i.e. above
1500 Hz and in particular above 3000 Hz. Primarily affected by this are frica-

tives (“s”, “sh”, “f”, etc.) and what are known as stop consonants (“p”, “t”, etc.).

To be able to benefit from this knowledge, a special compression strategy must
be applied which is performed in addition to “normal” compression. A strategy of
this kind can be illustrated with the aid of Fig. 2 for a first speech A. For this
purpose the hearing apparatus or hearing aid must have a classifier or similar
device which can establish whether the input sound has a speech component or
not. If a speech component is not detected in the input sound, a level-depen-
dent amplification occurs in accordance with a first amplification characteristic
10 (shown in Fig. 2 as a solid line). It can be seen that the amplification g of the
input level L; depends on the input sound. If, on the other hand, a speech com-
ponent is found in the input sound, level-dependent amplification occurs in ac-
cordance with a second amplification characteristic 11. This is partially on the

first amplification characteristic 10 and partially above it.

The second amplification characteristic is always adjusted to current speech A
(cf. Fig. 2) or B (cf. Fig. 3). For this purpose the overall speech level of current
speech A or B is measured broadband in a first step (overall processing band-
width). This overall speech level, which is also called the mean broadband input
level here, is dominated by the vowel level V. This means that the overall
speech level primarily depends on the volume of the vowels. The ratio of the
volumes of consonants to vowels (CVR) is also known. This ratio CVR corre-
sponds to the interval between the vowel level V and the consonant level C.
The ratio CVR can be determined by way of a plurality of measurements and
averaging. The consonant level C can therefore easily be derived from the over-
all signal level, which roughly corresponds to the vowel level, by subtracting a
standard or mean CVR from the measured overall speech level. A current, sig-
nificantly lower consonant level C then results for current speech according to

the measured overall speech level or vowel level. In the example of Fig. 2 the
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vowel level V is measured therefore for speech A, and the consonant level C
lies in an interval CVR below it. In the example of Fig. 3 the current overall
speech level or vowel level V' is measured for speech B, so consonant level C’
results minus the standard CVR.

In the case of the determined consonant level C or C' amplification g is now in-
creased with respect to the first amplification characteristic 10. However, ampli-
fication is increased not only exactly at value C or C’ of input level L;, but also in
a region R or R’ in each case around the respective value C or C’. The respec-
tive second amplification characteristic 11 or 11’ then results with this elevation,
and this lies, at least in certain regions (in the regions R and R’), above the first

amplification characteristic 10.

The first amplification characteristic 10 and the second amplification characteri-
stic 11, 11’ preferably run steadily. In other words, they do not exhibit any
jumps. The amplification characteristics can be composed of linear sections in
this case, as in the examples of Fig. 2 and Fig. 3. The amplification characteri-
stics can also have non-linear courses, however. The respective courses in the
amplification characteristics may also be achieved by standard expansion

methods and standard compression methods.

In the examples of Fig. 2 and 3 a maximum elevation m or m’ is performed at
input level C or C', i.e. at the mathematically determined consonant level. This
maximum elevation should lie between 12 and 24 dB. The best results in rela-
tion to intelligibility may be achieved with these elevation values. The maximum
elevations need not lie at C or C’ exactly, however. The respective elevation re-
gion in relation to C or C’ need not be symmetrical either. It is essential only that

C or C’ lies in the elevation region R or R'.

The compression elevation should only be applied in the case of high-frequency
speech components above 1500 Hz and in particular above 3000 Hz. This af-

fects what are known as high-frequency consonants therefore, whose funda-
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mental frequency components lie above said frequencies. These are fricatives

and stop consonants in particular.

As will be illustrated with the aid of Fig. 4 and 5, the elevation of the amplifica-
tion in the case of the consonant levels C and C’ may be linked to what is
known as parallel compression. The problem of simple compression, which
operates either very slowly or very quickly, may be remedied by this parallel
compression. With very slowly readjusted amplification it is not possible in par-
ticular to amplify very quiet details without providing too much ampilification for
louder signals. If, by contrast, adjustment works very quickly, quiet details be-
come audible. Overall the sound suffers a great deal, however, since the dy-
namics of natural signals are completely lost. With parallel compression on the
other hand, the signal is split onto two channels 12, 13. One channel 13 com-
presses the signal very moderately and very slowly in accordance with a com-
pression characteristic 14 to primarily avoid output variables which too loud.
The other, parallel, channel 12 compresses the input signal very strongly and
very quickly in accordance with a compression characteristic 15. At the end the

signals of both paths 12, 13 are added again in an adder 16. The mixing ratio of

the two channels 12, 13 is determined as a function of a mean input level L
averaged over time. The aim of adaptive mixing is to compress as little as pos-
sible in the case of very quiet environments, but relatively highly in the case of
loud levels. The situation is therefore avoided where quiet background noises
from the environment are amplified too much in the silence. Overall, a resulting
compression characteristic 17 is then produced which, by way of example at
low input levels, is dominated by fast compression 15 and at higher input levels
by slow compression 14.

The aim of this compression method is to retain the sound quality of the input
signal as far as possible despite high and fast compression. The clarity of a sig-
nal depends to a large extent on pulses which structure the sound pattern. Con-
ventional, fast compression rounds these pulses. The parallel compression
method can be parameterised in such a way that the louder pluses are always

added to the output signal uncompressed, whereas quiet details can be added
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via the other channel. The compressed pulses contained therein are covered by
those in the uncompressed or very slow channel. Precisely this parameterisa-
tion can be easily achieved due to the dependency of the mixing ratio on the
mean input level.

If speech is then detected in the input signal, the compression characteristic 15
for fast compression can be replaced by a compression characteristic which is
based on the second amplification characteristic 11 or 11’ (cf. Fig. 2 and 3). An
additional elevation would result thereby in region C of the input level L. Such
an additional elevation 18 is symbolised in Fig. 4 by a dot-dash line. This eleva-
tion 18 would be part of the resulting compression characteristic 17 in the case

of speech components.

The exemplary embodiments mentioned have the advantage that by using the
known interval CVR, specifically the amplification of consonants in the case of
compression can easily be increased, so ultimately intelligibility may be impro-
ved. In addition, there is an adaption to the current overall level of speech with
compression. The interval CVR can be specified in this connection, e.g. for

quiet, medium and loud speech.

There is also no abrupt increase in the consonant level, but a gentle transition
instead. An abrupt transition in amplification would have the adverse effect of
excessively amplifying ambient background noise. The gentle transition, by con-
trast, smoothes the sound quality and renders the method more robust against

other background noises.
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Patentkrav

1.  Fremgangsmade til forsteerkning af et talesignal til et hgreapparat ved
hjeelp af

- registrering af en indgangslyd ved hjeelp af hgreapparatet,

- bestemmelse af indgangslydens indgangsniveau (L), og

- forsteerkning af indgangslyden ved hjeelp af hgreapparatet, hvorved

- et gennemsnitlig bredbandet indgangsniveau (V, V’) for indgangslyden
10 bestemmes,

- konstatering af, om indgangslyden omfatter en taledel, og

- hvis nej, foregar forsteerkningen af indgangssignalet i afhaengighed af

indgangsniveauet ifglge en pa forhand bestemt farste forstaerkningskarak-

teristik (10),

15 - hvis ja, foregar forsteerkningen af indgangssignalet i afheengighed af ind-
gangsniveauet (L)) ifelge en pa forhand givet anden forstaerkningskarakte-
ristik (11, 11°),
kendetegnet ved, at
den anden forsteerkningskarakteristik er saledes tildannet i athaengighed af

20 det gennemsnitlige bredbandede indgangsniveau (V), at i en pa forhand
given niveauafstand (CVR) under det gennemsnitlige bredbandede ind-
gangsniveau (V) er forstaerkningen (g) haevet i forhold til den fgrste for-
staerkningskarakteristik (10), hvorved den pa forhand givne niveauafstand
(CVR) er en gennemsnitlig afstand imellem et vokalniveau og et konso-

25 nantniveau (C), og
hvorved den anden forsteerkningskarakteristik (11, 11°) ligger i et niveau-
omrade med pa forhand given bredde (R, R’) over den ferste forstaerk-
ningskarakteristik (10).

30 2. Fremgangsmade ifglge krav 1,
hvorved den pa forhand givne bredde (R, R’) ligger i sterrelsesordenen af den

pa forhand givne niveauafstand (CVR).
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3. Fremgangsmade ifglge et af de foregaende krav,
hvorved vaerdien af den anden forstaerkningskarakteristik (11, 11°) ligger mak-
simalt 12 dB til 24 dB over den ferste forstaerkningskarakteristiks (10) vaerdi.

4. Fremgangsmade ifglge et af de foregaende krav,
hvorved den anvendes udelukkende til lyddele af indgangslyden med frekven-

ser over en pa forhand given frekvens.

5. Fremgangsmade ifglge et af de foregaende krav,
hvorved den anden forstaerkningskarakteristik (11, 11°) er haevet forskelligt i for-

skellige frekvensband i forhold til den ferste forstaerkningskarakteristik (10).

6. Fremgangsmade ifglge et af de foregaende krav,

hvorved forsteerkningen udferes i en farste (12) og en hermed parallel anden sti
(13) i hgreapparatet, der i den fgrste sti (12) gennemfgres en fgrste kompres-
sion, og i den anden sti en anden kompression, den anden kompression er
steerkere end den fegrste kompression, og forstaerkningen i den anden sti (13)
sker i overensstemmelse med den fgrste eller anden forsteerkningskarakteristik
(10, 11, 11).

7. Fremgangsmade ifglge krav 6,
hvorved den fgrste og anden stis (12, 13) signaler blandes med et blandings-

forhold, som afheenger af indgangslydens indgangsniveau (L,).

8. Hgreapparat med

- en registreringsindretning til registreringen af en indgangslyd,

- en maleindretning til bestemmelsen af et indgangsniveau (L) for ind-
gangslyden, og

- en forstaerkningsindretning til forsteerkning af indgangslyden,

hvorved

- der ved hjeelp af maleindretningen er konstaterbar en gennemsnitlig

bandbredde af indgangsniveauet (V) for indgangslyden,
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- der af en klassifikationsindretning for hgreapparatet kan konstateres, om
indgangslyden omfatter en taledel,

kendetegnet ved, at

- forsteerkningsindretningen styres saledes at klassifikationsindretningen, at

o indgangssignalets forsteerkning foregar i afheengighed af indgangsni-
veauet (L)) ifglge en pa forhand given ferste forstaerkningskarakteristik
(10), hvis der ikke konstateres nogen taledel i indgangssignalet, og

o forsteerkningen af indgangssignalet foregar i aftheengighed af ind-
gangsniveauet (L)) ifelge en pa forhand givet andet forstaerkningskarak-
teristik (11, 117), hvis der konstateres en taledel i indgangssignalet,
hvorved den anden forsteerkningskarakteristik er saledes tildannet i af-
haengighed af det gennemsnitlige bredbandede indgangsniveau (V), at i
en pa forhand given niveauafstand (CVR) under det gennemsnitlige
bredbandede indgangsniveau (V) haeves forsteerkningen (g) i forhold til

den farste forsteerkningskarakteristik (10),

hvorved den pa forhand givne niveauafstand (CVR) er en gennemsnitlig
afstand imellem et vokalniveau og et konsonantniveau (C), og

hvorved den anden forstaerkningskarakteristik (11, 11°) ligger over den fgr-
ste forsteerkningskarakteristik (10) i et niveauomrade af pa forhand given
bredde (R, R’).
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