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(54) Hearing device

(57) The hearing device to be worn by a user of the
hearing device comprises

- an input transducer for transducing incoming acous-
tical sound into audio signals;

- a signal processor for processing audio signals;

- an output transducer for transducing audio signals
into outgoing acoustical sound.

Said signal processor is designed such that there
exists an input SPL range (∆SPLin) of at least a portion
of said incoming acoustical sound, in which an increase
(δ+SPLin) in input SPL (SPLin) of said at least one portion
of said incoming acoustical sound results in a decrease
(δ-SPLout) in output SPL (SPLout) of at least a portion of
said outgoing acoustical sound, wherein SPL stands for
sound pressure level. Through this, at high input SPL
(SPLin) the hearing device’s power consumption can be
reduced by making use of direct sound, which propagate
as sound waves from outside the user’s ear canal to the
user’s ear drum.
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Description

Technical Field

�[0001] The invention relates to a hearing device. The
hearing device can be a hearing aid, a headphone, an
earphone, a hearing protection device, a communication
device or the like. The hearing device may be worn in or
near a user’s ear or implanted. The invention relates fur-
thermore to a signal processor for processing audio sig-
nals in a hearing device, to a method of operating a hear-
ing device and to a method of fitting a hearing device.

Background of the Invention

�[0002] In US 5’278’912 and US 5’488’668, audio com-
pressors for use in hearing aids are disclosed. Such com-
pression systems may work individually on a number of
frequency bands.
�[0003] In EP 0’590’903 B1 an output limiter for hearing
aid amplifiers is disclosed.
�[0004] In EP 0’836’363 B1, a loudness limiter is dis-
closed, by means of which the loudness of a signal trans-
mitted to the human ear by a hearing apparatus can be
restricted to a maximum acceptable loudness level.

Summary of the Invention

�[0005] A goal of the invention is to create a hearing
device that has an improved performance in loud envi-
ronments or at high signal pressure levels (SPLs).
�[0006] Another goal of the invention is to provide for a
signal processor useful in a hearing device, having ad-
vanced features and allowing for an improved perform-
ance.
�[0007] Another goal of the invention is to provide for
an improved method of operating a hearing device, in
particular a method allowing for an improved perform-
ance in loud environments or at high signal pressure lev-
els.
�[0008] Another goal of the invention is to provide for
an improved method of fitting a hearing device, in partic-
ular a method allowing for an improved performance of
the hearing device in loud environments or at high signal
pressure levels.
�[0009] One object of the invention is to decrease the
power consumption of a hearing device. The lifetime of
a power supply of the hearing device (typically a battery)
may be increased.
�[0010] Another object of the invention is to achieve an
improved acoustic performance of a hearing device.
�[0011] Another object of the invention is to reduce a
hearing device user’s perception of distortions in a hear-
ing device.
�[0012] These objects are achieved by a hearing de-
vice, a signal processor and by a method of operating a
hearing device and by a method of fitting a hearing device
according to the patent claims.

�[0013] The hearing device comprises

- an input transducer for transducing incoming signals
into audio signals;

- a signal processor for processing audio signals;

- an output transducer for transducing audio signals
into outgoing acoustical sound;

and said signal processor is designed (or programmed)
such that there exists an input level range of at least a
portion of said incoming signal, in which an increase in
input level of said at least one portion of said incoming
signal results in a decrease in output level of at least a
portion of said outgoing acoustical sound.
�[0014] In an important embodiment,�

- said incoming signals are incoming acoustical
sound;

- said input level range is an input SPL range;

- said increase in input level is an increase in input
SPL;

- said decrease in output level is a decrease in output
SPL ;

wherein SPL stands for sound pressure level. Accord-
ingly, in this important embodiment, the hearing device
to be worn by a user of the hearing device, comprises

- an input transducer for transducing incoming acous-
tical sound into audio signals;

- a signal processor for processing audio signals;

- an output transducer for transducing audio signals
into outgoing acoustical sound;

wherein said signal processor is designed such that there
exists an input SPL range of at least a portion of said
incoming acoustical sound, in which an increase in input
SPL of said at least one portion of said incoming acous-
tical sound results in a decrease in output SPL of at least
a portion of said outgoing acoustical sound, wherein SPL
stands for sound pressure level.
�[0015] In other embodiments, the incoming signal
may, e.g., be an electromagnetic signal, e.g., a radio fre-
quency signal. In such a case, said input transducer may
convert incoming signals, which already are audio sig-
nals, into audio signals in a form suitable for being used
within the hearing device.
�[0016] Due to the importance and advantages of the
above-�mentioned important embodiment, in the follow-
ing, the invention and possible embodiments are de-
scribed with respect to said important embodiment. Nev-
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ertheless, the description may be applied to the broader
scope of the invention as well. Replacing (mentally) the
"SPLs" by "levels" and "input acoustical sound" by "input
signals" in the appropriate places in the text below, will
yield the corresponding examples and descriptions in the
broader scope of the invention.
�[0017] The invention may be seen in that, for a certain
range of input SPLs, the input-�SPL- �to-�output-�SPL- �char-
acteristic of the hearing device has a negative slope: In
that range, the output SPL is the smaller the larger the
input SPL is.
�[0018] Through this, an additional way of dynamics
processing is created besides the known expansion,
compression and limiting.
�[0019] This way of dynamics processing is particularly
useful in loud environments. In loud environments, the
SPL of direct sound, i.e., of sound that propagates as
sound waves (acoustic waves) from outside the user’s
ear canal to the user’s ear drum (or other sensing element
of the ear), can be considerably high. That direct sound
SPL can become comparable to or even higher than
sound provided to the user via the hearing device, in
which case said sound provided to the user via the hear-
ing device may be reduced or even muted.
�[0020] In a primary view of the invention, the sound
source of said direct sound and the sound source of the
audio signals within the hearing device are identical. In
that case, said reducing or muting of the sound provided
to the user via the hearing device may be done in favour
of said direct sound, which then can partially or complete-
ly replace said sound provided to the user via the hearing
device.
�[0021] In another possible view of the invention, the
sound source of said direct sound and the sound source
of the audio signals within the hearing device are not
identical. In that case, said reducing or muting of the
sound provided to the user via the hearing device may,
e.g., be accomplished in order to save energy in the hear-
ing device when the user would anyway not be able to
properly perceive the outgoing acoustical sound, be-
cause the direct sound is too loud (masking of outgoing
acoustical sound from the hearing device by direct
sound). For example, if the user attends a loud rock con-
cert and meanwhile receives a telephone call on his mo-
bile phone, the voice on the mobile phone, received in
the hearing device by a telephone coil in the hearing de-
vice, can be suppressed (optionally in certain frequency
bands) whenever the rock music is particularly loud (op-
tionally in said certain frequency bands).
�[0022] Said direct sound partially propagates through
the user’s head (bones) and partially propagates through
the user’s ear canal. The latter part is the larger the less
the ear canal is blocked. It can be particularly large, e.g.,
in case of large vents and in case of a hearing device
with an open fitting (open canal device). A vent is a chan-
nel- �like opening in a part of a hearing device worn in the
ear canal, which is usually meant to equalize pressure
differences between the inside of the ear canal and the

outside. The invention can also be used in conjunction
with a closed fitting and/or with a very small or a possibly
blocked vent. In that case, the attenuation of direct sound
typically is typically about 30dB to 40dB.
�[0023] It is possible to describe "direct sound" as sound
that acoustically bypasses the electrical path in the hear-
ing device.
�[0024] Audio signals are electrical signals (analog
and/or digital), which are obtained from acoustical sound
(sound waves) through conversion and possibly further
processing; i.e., they represent sound.
�[0025] Said incoming acoustical sound usually is
acoustic waves in the environment in which the hearing
device user is located.
�[0026] Said input transducer is typically a mechanical-
to- �electical converter, in particular a microphone. The
hearing device may, of course, comprise more than one
input transducer, e.g., two or three.
�[0027] Said output transducer is typically an electical-
to- �mechanical transducer, in particular a loudspeaker, in
the field of hearing aids also named "receiver".
�[0028] Said signal processor typically is a digital signal
processor (DSP), possibly realized in form or an soft-
ware-�programmed processor, but may be analogue or
analogue-�digital hybride. In a simple form, the processor
is basically an amplifier, wherein "amplifying" may in-
clude attenuating as well.
�[0029] Said audio signals processed by said signal
processor are derived from said audio signals, which are
derived from said incoming acoustical sound by said in-
put transducer.
�[0030] Said audio signals transduced by said output
transducer are derived from the output of said signal proc-
essor.
�[0031] Said outgoing acoustical sound is to be present-
ed to the user. More precisely, said outgoing acoustical
sound is to be presented to a sensing element of an ear
of a user of the hearing device. Said sensing element
typically is an ear drum; it may be a part of the inner ear,
in particular a part of the cochlear (in particular if the
hearing device is or comprises an implant).
�[0032] Said portion of said incoming acoustical sound
may be identical with said incoming acoustical sound or,
more precisely, with that portion of it, which is transduced
by said input transducer. Or, said portion may be defined
by a certain frequency range or by a certain class of sig-
nals obtained in a classification process, or by others.
Classification is well known, e.g., in the field of hearing
aids, and allows to classify acoustic events not only with
respect to its frequency spectrum, but also, e.g., with
respect to its time structure (impulse-�like sounds versus
constant or repetitive sounds).
�[0033] Basically the same applies for said portion of
said outgoing acoustical sound: It may be identical with
said outgoing acoustical sound (as transduced by said
output transducer), or it may be a portion defined by a
certain frequency range or by a certain class of signals
obtained in a classification process, or by others.
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�[0034] In one embodiment, there exists an SPL, above
which the output of said least one portion of said outgoing
acoustical sound is muted (fully suppressed). This allows
to save energy, in particular energy consumed by said
output transducer. The energy savings can be particu-
larly high when said portion of said outgoing acoustical
sound comprises or consists of low frequencies (typically
below 300 Hz or below 100 Hz).
�[0035] In one embodiment, said input SPL range has
a lower limit, referred to as input threshold SPL. In par-
ticular, said input SPL range may extend from said input
threshold SPL to higher SPLs; the range can be open
towards high SPLs.
�[0036] Said input threshold SPL can be chosen ac-
cording to various critera and requirements:
�[0037] In one embodiment, said input threshold SPL
is chosen such that an SPL of a superposition of said
outgoing acoustical sound and direct sound near the us-
er’s ear drum (or other sensing element of the ear) is
below the user’s uncomfortable level (UCL). It is also
possible to refer to the threshold of pain instead of the
UCL as a reference for defining or adjusting the gain
curve of the hearing device. Said UCL is typically in the
range between 100dB and 120dB, but may be in the
range between 80dB and 140dB. It is possible to choose
the input- �SPL- �to-�output-�SPL characteristic such that the
SPL of said superposition does at no input SPL reach or
exceed the UCL, at least not as long as the SPL of direct
sound alone does not exceed the UCL. For a suppression
of direct sound, it is referred to a special embodiment
described below (in the detailed description).
�[0038] In one embodiment, said input threshold SPL
is an input SPL for which the corresponding output SPL
(of said portion of outgoing acoustical sound) in dB minus
the corresponding SPL of direct sound near the user’s
ear drum (or other sensing element of the ear) in dB is
smaller than or equal to +6dB (or +3dB). I.e., the negative
slope of the input-�SPL-�to-�output-�SPL-�characteristic of
the hearing device may set in as soon as the direct sound
is just a bit softer than the outgoing acoustical sound of
the hearing device. Said setting-�in of said negative slope
may take place at smaller differences (output SPL in dB
minus direct sound SPL in dB), e.g., when direct sound
and outgoing acoustical sound of the hearing device are
equal (0dB difference) or when the direct sound is some-
what louder than the outgoing acoustical sound (e.g.,
-6dB difference), or when the direct sound is even louder
than that. And said negative slope may set in at any dif-
ference in between the named differences. Such a choice
of the inset of said negative slope will usually allow to
make good use of the direct sound and to save reason-
able amounts of energy. The smaller said input threshold
SPL is chosen compared to said SPL of direct sound,
the smaller the negative slope of the input-�SPL- �to- �output-
SPL- �characteristic of the hearing device may be chosen,
which allows to avoid a noticeable reduction of loudness
with increasing input SPL. This way, the occurrence of
disturbing loudness changes near or above said input

threshold SPL (i.e., at the inset of the negative slope or
within the range of the negative slope) can be prevented.
�[0039] In one embodiment, said input threshold SPL
is chosen equal to an input SPL which is, within 6dB (or
3dB), equal to its corresponding output SPL. This way,
the inset of said negative slope is chosen in a region
where the (SPL-�related) gain of the hearing device is
about one.
�[0040] In one embodiment, said input threshold SPL
is chosen smaller than or equal to a maximum input SPL
(MPI), wherein said input transducer will tend to produce
distorted input audio signals for input SPLs of said at
least one portion of said incoming acoustical sound
above said maximum input SPL. I.e., the input threshold
SPL is chosen such that it can be prevented that the user
would perceive distortions stemming from exposing said
input transducer to too high SPLs. The output SPL for
(presumeably) distorted sounds can be muted or chosen
so low that distorted portions of sound are masked by
other sound portions (of outgoing acoustical sound
and/or of direct sound). The perceptions of distortions
can be avoided, and an improved acoustical performance
is achieved.
�[0041] Analogously, in one embodiment, said input
threshold SPL is chosen such that, as output SPL of said
at least one portion of said outgoing acoustical sound, at
most a maximum output SPL (MPO) is reached, wherein
said output transducer will tend to produce distorted out-
going acoustical sound for output SPLs of said at least
one portion of said outgoing acoustical sound above said
maximum output SPL. I.e., the input threshold SPL is
chosen such that it can be prevented that the user would
perceive distortions stemming from demanding too much
SPL from said output transducer. Distortion can be avoid-
ed, and an improved acoustical performance is achieved.
�[0042] Combining these two distortion-�minimizing em-
bodiments leads towards a virtually distortion-�free hear-
ing device.
�[0043] In one embodiment, said decrease in output
SPL is chosen such, that an SPL of a superposition of
said outgoing acoustical sound and direct sound near
the user’s ear drum (or other sensing element of the ear)
is, within �6 dB, in particular within �3 dB, a constant
for input SPLs of said at least one portion of said incoming
acoustical sound above said input threshold SPL, as far
as the corresponding SPL of said direct sound is not larg-
er than said constant, wherein said direct sound is in-
coming acoustical sound reaching the user’s ear drum
(or other sensing element of the ear). In other words, the
SPL of the superposition of direct sound and sound out-
put from the hearing device is approximately constant for
input SPLs above the input threshold SPL, at least insofar
as the direct sound is not too loud, i.e. louder than said
constant. If the direct sound is louder than said constant,
it is nevertheless possible, namely by means of the spe-
cial embodiment described below (in the detailed de-
scription), to let the SPL of said superposition remain
constant at even higher input SPLs, i.e., the size of the
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interval within which SPL of the superposition is approx-
imately constant can be enlarged.
�[0044] Usually, for all input SPLs of said at least one
portion of said incoming acoustical sound above said in-
put threshold SPL, the corresponding output SPL of said
at least one portion of said outgoing acoustical sound is
at most as large as, in particular smaller than, the largest
output SPL of said at least one portion of said outgoing
acoustical sound corresponding to any input SPL of said
at least one portion of said incoming acoustical sound
equal to or below said input threshold SPL. In other
words, usually, the highest output SPL of all output SPL
values belonging to an input SPL above the input thresh-
old SPL is smaller than (or, optionally, equal to) the high-
est output SPL of all output SPL values belonging to an
input SPL below the input threshold SPL.
�[0045] In one embodiment, the output SPL of said at
least one portion of said outgoing acoustical sound is
decreasing (and optionally remaining constant) with in-
creasing input SPL of said at least one portion of said
incoming acoustical sound for all input SPLs of said at
least one portion of said incoming acoustical sound
above said input threshold SPL. In other words, there is
no increase of output SPL above a certain input SPL (the
input threshold SPL).
�[0046] The above-�mentioned negative slope of input-
SPL- �to-�output- �SPL- �characteristics of the hearing device
is typically only dependent on the input SPL (or, which
is equivalent, on a magnitude depending in the input
SPL), but not solely from other magnitudes, like a signal-
to-�noise ratio or a classification result.
�[0047] In one embodiment, the hearing device is an
open canal device. In that case, the amount of direct
sound is rather high, so that by means of the invention,
the acoustical performance and the power consumption
can be greatly improved. The user may take advantage
of direct sound.
�[0048] In one embodiment, the hearing device is a
hearing aid. By means of the invention, the acoustical
performance and the power consumption can be greatly
improved, since hearing aids mostly have to provide for
high gains and high output SPLs, and, at high input SPLs,
the invention will allow to reduce the output SPL that has
to be provided for by the hearing device.
�[0049] In one embodiment, said at least one portion of
said incoming acoustical sound is obtained by filtering in
at least a first frequency range.
�[0050] In one embodiment, said at least one portion of
said outgoing acoustical sound is obtained by filtering in
at least a second frequency range.
�[0051] The above-�mentioned negative slope of input-
SPL- �to-�output- �SPL- �characteristics of the hearing device
may be applied individually to various frequency ranges
(frequency bands). These may be predetermined or au-
tomatically selected frequency bands.
�[0052] The above-�mentioned filtering may be band-
pass filtering, highpass filtering, lowpass filtering or oth-
ers, in which case said frequency range designates fre-

quencies, which may pass; or it may be band- �stop filtering
or the like, in which case the frequency range designates
frequencies, which are rejected.
�[0053] In one embodiment, said first and second fre-
quency ranges are identical and, in particular, both des-
ignate either frequencies, which are rejected or frequen-
cies, which may pass.
�[0054] In one possible embodiment, in which said por-
tions of incoming / outgoing sound are frequency bands,
said signal processor is designed such that there exists,
for each of a multitude (typically between 3 and 15) of
frequency bands, an input level (SPL) range of the portion
of said incoming signal within the corresponding frequen-
cy band, in which portion an increase in input level (SPL)
of said portion of said incoming signal within said corre-
sponding frequency band results in a decrease in output
level (SPL) of the portion of said outgoing acoustical
sound within said corresponding frequency band. In other
words, a negative slope of the input-�SPL-�to-�output-�SPL-
characteristics of the hearing device may be applied to
each of a multitude of frequency bands. It is possible to
select said input level (SPL) ranges and said input thresh-
old levels (SPLs) independently for different frequency
bands.
�[0055] The signal processor for processing audio sig-
nals in a hearing device has a non- �linear input level -
output level characteristic, which comprises an input level
range in which an increase in input level corresponds to
a decrease in output level. In terms of an input level -
gain characteristic of the signal processor, there is an
input level range, in which an increase in input level cor-
responds to a superproportional decrease of the gain
(slope < -1).
�[0056] The advantages of the signal processor corre-
spond to the advantages of the corresponding hearing
device.
�[0057] The method of operating a hearing device com-
prises the steps of

- receiving incoming acoustical sound;

- transducing said incoming acoustical sound into au-
dio signals;

- processing audio signals;

- transducing audio signals into outgoing acoustical
sound to be presented to a user of the hearing de-
vice; and

- changing a level of audio signals obtained from said
incoming acoustical sound in such a way that an in-
crease in input SPL of at least one portion of said
incoming acoustical sound results in a decrease in
output SPL of at least a portion of said outgoing
acoustical sound.

�[0058] The method of fitting a hearing device, which
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comprises an input transducer for transducing incoming
acoustic sound into audio sound, comprises the step of
adjusting a parameter of a signal processor of said hear-
ing device, which processor is designed such that there
exists an input SPL range of at least a portion of said
incoming acoustical sound, in which an increase in input
SPL of said at least one portion of said incoming acous-
tical sound results in a decrease in output SPL of at least
a portion of said outgoing acoustical sound.
�[0059] Said parameter may be one of the group com-
prising

- an input threshold SPL limiting said input SPL range;

- an input SPL, above which the output of said least
one portion of said outgoing acoustical sound is mut-
ed;

- a parameter of a parameter set describing to which
extent and/or in which form said decrease in output
SPL of said at least a portion of said outgoing acous-
tical sound depends on said increase in input SPL
of said at least one portion of said incoming acous-
tical sound.

�[0060] The advantages of the methods correspond to
the advantages of corresponding apparatuses.
�[0061] It should be noted that the invention usually re-
lates to dynamics processing for wanted signal (useful
signal; as opposed to noise = unwanted signal) or such
signal plus noise. But it usually does not relate to noise
(= signals considered to represent noise) alone, although
it may in general be used for any kind of signal or noise.
In other words, the superproportional gain (or level) de-
crease is not applied typically exclusively to signals that
are considered (prevailingly) noise or unwanted signaly.
�[0062] Further preferred embodiments and advantag-
es emerge from the dependent claims and the figures.

Brief Description of the Drawings

�[0063] Below, the invention is described in more detail
by means of examples and the included drawings. The
figures show:�

Fig. 1 a hearing device in an ear canal, schematical-
ly;

Fig. 2 an SPL- �related input- �output characteristic like
known in the art, schematically;

Fig. 3 an SPL-�related input- �gain characteristic like
known in the art, corresponding to the SPL-
related input-�output characteristic of Fig. 2,
schematically;

Fig. 4 an SPL- �related input-�output characteristic ac-
cording to the invention;

Fig. 5 an SPL-�related input-�gain characteristic ac-
cording to the invention, corresponding to the
SPL- �related input- �output characteristic of Fig.
4;

Fig. 6 an SPL- �related input-�output characteristic ac-
cording to the invention;

Fig. 7 an SPL-�related input-�gain characteristic ac-
cording to the invention, corresponding to the
SPL- �related input- �output characteristic of Fig.
6;

Fig. 8 an SPL- �related input-�output characteristic ac-
cording to the invention;

Fig. 9 an SPL- �related input-�output characteristic ac-
cording to the invention;

Fig. 10 an SPL-�related input-�output characteristic ac-
cording to the invention;

Fig. 11 a block diagram of a hearing device, schemat-
ically;

Fig. 12 a level- �related input- �gain characteristic of a
signal processor according to the invention;

Fig. 13 a block diagram of a hearing device, schemat-
ically;

Fig. 14 a block diagram of a hearing device, schemat-
ically.

�[0064] The reference symbols used in the figures and
their meaning are summarized in the list of reference
symbols. Generally, alike or alike-�functioning parts are
given the same or similar reference symbols. The de-
scribed embodiments are meant as examples and shall
not confine the invention.

Detailed Description of the Invention

�[0065] Fig. 1 shows schematically a hearing device 1
in an ear canal 80 of a user of the hearing device 1. The
hearing device 1 comprises an input transducer 11, typ-
ically a microphone, a signal processor 15, typically a
digital signal processor DSP, and an output transducer
19, typically a loudspeaker. The signal processor 15 is
functionally interconnected between the input transducer
11 and the output transducer 19.
�[0066] The hearing device 1 in Fig. 1 is an in-�the-�canal
device (ITC), in particular a completely-�in-�the-�canal de-
vice (CIC). Nevertheless, the invention is as well appli-
cable to behind-�the-�ear devices (BTE), implanted devic-
es or others.
�[0067] In the case shown in Fig. 1, one or both of the
transducers 11,19 are located outside the ear canal 80,
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e.g., near the user’s concha.
�[0068] Incoming acoustical sound 2, typically from the
environment surrounding the user, has near the input
transducer 11 a signal pressure level SPLin and is con-
verted into audio signals 21 by the input transducer 11.
These audio signals are, after optional further process-
ing, fed into the signal processor 15, in which an ampli-
fication takes place as will be discussed below. The term
amplification is meant in a general sense and comprises
attenuation as well; it may be considered "dynamics
processing", and the signal processor 15 may be con-
sidered an amplifier or a dynamics processor.
�[0069] The signal processor 15 outputs processed au-
dio signals 25, which, after optional further processing,
are fed to the output transducer 19, where they are con-
verted into outgoing acoustical sound 3. That outgoing
acoustical sound 3 has an SPL depicted as SPLout and
impinges on the user’s ear drum 90, so that the user can
perceive what has been output by the hearing device 1.
�[0070] A portion of the incoming acoustical sound 2,
which propagates to the user’s ear drum as acoustical
sound, is referred to as "direct sound" 4. That direct sound
4 is mainly sound waves travelling within and through the
ear canal 80, but also comprises sound waves conducted
through bones of the user’s head. The sound waves trav-
elling in air in the ear canal 80 may, e.g., travel through
a vent of the hearing device 1, or are hardly or only little
influenced by the hearing device 1 when the hearing de-
vice 1 is an open- �canal device. The SPL of the direct
sound 4 near the ear drum 90 is named SPLdirect.
�[0071] In the ear canal 80 near the ear drum 90, the
direct sound 4 and the sound output from the hearing
device 1 interfere, and their superposition, which is de-
picted in Fig. 1 as dotted curves, has an SPL named
SPLsum.
�[0072] Often, the ear canal 80 is strongly blocked by
the hearing device 1, mainly in order to prevent feedback
from the outgoing acoustic waves 3 to the input trans-
ducer 11. But at least at high input SPLs SPLin, some
leakage of direct sound 4 and its perception is unavoid-
able. In case of large vents and open-�canal devices (open
fitting), the amount of direct sound 4 is considerable.
�[0073] Fig. 2 shows schematically an SPL-�related in-
put-�output characteristic as it might be known in the art.
The SPL-�related input- �output characteristic describes
the output SPL SPLout as a function of the input SPL
SPLin. The SPLs are given in dB, as is practice in the
technical field.
�[0074] The known dynamics processing comprises ex-
pansion "Exp.", linear ranges "Lin.", compression "Com-
pr." and limiting "Lim.". Expansion may help to suppress
low signals; in a linear range, amplification is constant;
compression reduces the dynamics and may help to
adapt to restricted dynamics perception capabilities of
the user; and limiting restricts the maximum output, so
as to avoid, e.g., exceeding the hearing device’s limit for
distortion-�free output or feeding uncomfortably loud sig-
nals to the user.

�[0075] Fig. 3 shows schematically an SPL-�related in-
put-�gain characteristic as it might be known in the art,
and which corresponds to the input-�output characteristic
of Fig. 2. The input-�gain characteristic describes the SPL-
related gain of the hearing device as a function of SPLin.
The gains are given in dB, as is practice in the technical
field.
�[0076] In the range of expansion "Exp.", the slope of
the input-�gain characteristic is greater than zero; in the
linear range, the slope is zero; in the compression range,
it is between zero and -1; and in the limiting range, it is -1.
�[0077] Figs. 4 and 5 show, in the same manner as Figs.
2 and 3, an SPL-�related input-�output characteristic ac-
cording to the invention and an SPL-�related input- �gain
characteristic according to the invention, corresponding
to the input- �output characteristic of Fig. 4.
�[0078] In an input SPL range ∆SPLin, which extends
from an input threshold SPL named SPLin,thresh to higher
input SPLs, SPLout decreases with increasing SPLin (Fig.
4). In Fig. 5, this manifests in a slope smaller than -1.
�[0079] In Fig. 4, a dahed curve is drawn, which depicts
SPLsum as a function of SPLin. That curve is a calculated
curve with some assumptions about the amount of direct
sound. The shape of the curve describing SPLout as a
function of SPLin has, in the case of Fig. 4, been chosen
such that SPLsum as a function of SPLin has a range
(within ∆SPLin), in which it is constant. The size of that
range has been made rather large by maximally reducing
SPLout at an input SPL named SPLin,mute, i.e. by totally
muting the output from the hearing device there. Note
that SPLsum will rise with higher input SPLs, since
SPLdirect increases (typically proportionally) with SPLin
(not shown in Fig. 4).
�[0080] In Fig. 5 can be seen, that, at above SPLin,thresh,
the slope of the gain is lower than -1, and that gain rapidly
decreases (towards minus infinity) at SPLin,mute. The
dashed curve in Fig. 5 corresponds to the dashed curve
in Fig. 4 and depicts the effective gain, which takes into
account SPLsum, i.e., the superposition of the hearing
device output and the direct sound.
�[0081] Figs. 6 and 7 show another example of possible
SPL- �related output- and corresponding gain- �curves ac-
cording to the invention. The main difference between
the curves of Figs. 4,5 and Figs. 6,7 is, that the curves
in Figs. 4,5 are, at least within ∆SPLin, rather smooth,
whereas the curves in Figs. 6,7 are made of a number
of rather straight (rather linear) segments.
�[0082] The shape of the curves, also outside the range
∆SPLin, may be chosen in various ways. An important
parameter (or set of parameters) for the invention de-
scribes, where to arrange ∆SPLin, i.e., describes the
∆SPLin to choose. In particular, the lower input SPL, from
which ∆SPLin starts (SPLin,thresh), may be chosen ac-
cording to various aspects, some of which will be dis-
cussed below.
�[0083] Fig. 8 shows another possible SPL-�related in-
put-�output characteristic according to the invention in the
same manner as Figs. 4 and 6. A dashed curve indicating
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where SPLin = SPLout applies, i.e., where gain = 0dB is
fulfilled, is also shown. The value of SPLin,thresh has been
chosen such that it is smaller than (or at most equal to)
a value SPLin,max, above which the input transducer
tends to produce distorted signals. That value SPLin,max
is also sometimes referred to as maximum input power,
MIP. Accordingly, by means of the invention, distorted
signals can be damped or even muted.
�[0084] Furthermore, the value of SPLin,thresh has been
chosen such that the corresponding output value (and
actually all output values SPLout) are below (or at most
equal to) a value SPLout,max, above which the output
transducer tends to distortions.
�[0085] Furthermore, the value of SPLin,thresh according
to Fig. 8 has been chosen equal to value named SP-
Lin,low-gain, which is, within some dB (as shown within
about 5dB) equal to its corresponding output SPL, named
SPLout,low gain. Another example for an SPLin,low gain is
SPLin,zero gain, which is (within OdB) equal to its corre-
sponding output SPL, named SPLout, zero-gain.
�[0086] Fig. 9 shows another possible SPL- �related in-
put-�output characteristic according to the invention in the
same manner as Figs. 5 and 7. In this case, the value of
SPLin,thresh has been chosen such that it is smaller than
(or at most equal to) an uncomfortable level (UCL). The
perception of sound with an SPL above the UCL is dis-
agreable or even painful to a user (in particular if the
threshold of pain is reached or exceeded).
�[0087] By means of dotted arrows, an important point
of the invention is visualized in Fig. 9: There exists the
input SPL range ∆SPLin, in which an increase δ+SPLin
results in (or corresponds to) a decrease δ-SPLout in out-
put SPL.
�[0088] Fig. 10 shows another possible SPL- �related in-
put-�output characteristic according to the invention in the
same manner as Figs. 4, 6 and 8. Instead of being made
up of rather linear segments, the curve is rather smooth.
In Fig. 10, a dashed line indicates the SPL of direct sound
SPLdirect. A 12.5dB damping of the direct sound with re-
spect to the incoming acoustical sound has been as-
sumed.
�[0089] In Fig. �10, the value of SPLin,thresh has been
chosen as an input SPL, for which the corresponding
output SPL (SPLout) in dB minus the corresponding SPL
(SPLdirect) of direct sound near the user’s ear drum in dB
is smaller than or equal to +6dB. One could also choose
SPLin,thresh such that that difference is smaller than or
equal to 0dB, or smaller than or equal to -6dB. In the
depicted case, said difference is about +2.5dB.
�[0090] Furthermore, it is depicted in Fig. 10, that the
value of SPLin,thresh has also been chosen such that (as
depicted in Fig. 8), distortions are minimized (see SP-
Lin,max and SPLout,max). As can be seen in Fig. 10, it is
not necessary, that there is an SPLmute at (and usually
above) which the output of the hearing device is fully
suppressed.
�[0091] In a simple case of the invention, it is possible
to use basically the full audio signal 21 (as output from

the input transducer 11) and to amplify or damp that full
audio signal 21 in the DSP 15 (cf. Fig. 1). Yet, it is not
necessarily so that the audio signal having the SPLin as
depicted in Figs. 4 to 10 has to be the same as the audio
signal that is dynamically processed in the signal proc-
essor. I.e., in said Figs. 4 to 10, the y-�axis and the x-�axis
may refer to (different or same) portions of the audio sig-
nal 21 obtained by the input transducer 11.
�[0092] For example, as shown in Fig. 11, it is possible
to use one portion of the audio signal, e.g., that portion,
which lies in a certain frequency range, for the x-�axis,
and another portion, e.g., the full audio signal 21 to be
dynamics-�processed according to said portion. In Fig.
11, the (optionally already processed) audio signal 21 is
fed into a band pass filter 155, which lets through only
frequencies in a range f1 to f2. The audio signal output
from the band pass filter 155, labelled 22, is fed into a
controller 17, which may be a part of the signal processor
15. The controller 17 feeds a control signal (dashed ar-
row) to the signal processor 15. The full audio signal 21,
which is also fed to the signal processor 15 is then dy-
namics-�processed in the signal processor 15 according
to the control signal. I.e., when the level of the band-
filtered audio signal 22 reaches and exceeds a certain
threshold value (corresponding to SPLin,thresh), the am-
plitude if the full audio signal 21 will be reduced. Whether
or not portions outside the frequency range f1 to f2 have
very high (or low) amplitudes or not will in that case not,
influence the dynamics processing and gain in the signal
processor 15.
�[0093] Fig. 12 shows a possible level-�related input-
gain characteristic of a signal processor according to the
invention. It shows the functional relation between a gain
(in dB) of the signal processor (named gainDSP in order
to distinguish it from the SPL-�related gains of the Figs.
3, 5 and 7) and an input level Iin (in dB). Iin could be given
in mV, mA or bits or other units. Referring to Fig. 11, the
input level Iin could be the control signal fed from the
controller 17 to the signal processor 15, i.e., it only de-
pends on the level in the frequency range f1 to f2. But,
the corresponding gainDSP will be used for processing
not only the audio signal 22 (in the frequency range f1 to
f2), but the (full) audio signal 21. Above an input level
Iin,thresh the gainDSP will decrease with a slope smaller
than -1 or, in other words, an increase in input level Iin
(of audio signal 22) will result in a decrease in output
level (of audio signal 21).
�[0094] Another way of implementing the invention is
sketched in Fig. 13. Fig. 13 shows schematically a block
diagram of a hearing device. In this case, a band split
filter 150 divides the audio signal 21 into a number of
audio signals, three as depicted in Fig. 13, which corre-
spond to the frequency bands f1 to f2, f2 to f3 and f3 to
f4, respectively. One (partial) signal processor 151, 152
and 153, respectively, will process the dynamics of its
respective (partial) audio signal. I.e., when an Imute in the
frequency range f1 to f2 is reached, the gainDSP for
processing the audio signal in the frequency range f1 to
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f2 will strongly reduce. The gain curves (and parameters
like Iin,thresh, Imute, ...) for the various partial signals may
be identical or may be individual.
�[0095] The outputs of the (partial) signal processors
151, 152, 153 is added to a sum signal, which is then fed
to the output transducer 19 and converted into output
acoustical sound 3.
�[0096] An even more complex and versatile embodi-
ment is shown in Fig. 14. Like in Fig. 13, the audio signal
21 is splitted into a number of (e.g., three, possible at
least 5, at least 8 or more) partial signals corresponding
to frequency bands. The so-�obtained signals are fed to
(partial) signal processors 151, 152, 153 and to a con-
troller 17. The outputs of the (partial) signal processors
are added and fed to (an optional) signal processor 154.
The added signal, which in fact can be any linear com-
bination of the partial signals, is also fed to the controller
17 (which may be a part of the signal processor 15). The
audio signal output from signal processor 154 is (after
optional further processing) fed to the output transducer
19.
�[0097] The controller 17 provides all the (partial) signal
processors 151 to 154 with control signals (dashed ar-
rows). Since the controller 17 receives all the above-�men-
tioned audio signals, it is possible to use any algorithm
on these for generating said control signals. For example,
the embodiment of Fig. 13 may be realized by not-�using
signal processor 154 (constant gain) and providing (con-
trolling) each of the other signal processors 151, 152,
153 with the level in that frequency range, with which it
is fed, as input signal Iin.
�[0098] Also the embodiment of Fig. 11 can be realized.
E.g., by bypassing the partial signal processors 151, 152,
153 (constant gain), and providing (controlling) signal
processor 154 only with the level in frequency range f1
to f2 as input signal Iin.
�[0099] As another example, it is also possible to take
the input level in the neighboring frequency band�(s) into
account and, accordingly, feed a part of the correspond-
ing level to the (partial) signal processor 151, 152, and
153, respectively.
�[0100] It is worthwhile to note that when frequency fil-
tering is used, predetermined frequencies or automati-
cally selected frequencies (and frequency ranges) may
be used.
�[0101] Besides using frequency filtering for splitting up
audio signals, it is also possible to use other ways of
classifying audio signals. Such are known in the field of
hearing aids. E.g., classification in dependence of the
time structure of the audio signals.
�[0102] In a special embodiment of the invention, by
means of which the problem of excessive direct sound
disturbing the user can be solved, the hearing device will
generate phase-�reversed sound or "anti-�sound", i.e.,
acoustical waves with reversed phase. The direct sound
will at least partially be suppressed when it superposes
with the phase-�reversed sound. Accordingly, direct
sound will have a decreased SPL. In order to suppress

direct sound, an audio signal representative of the direct
sound has to be obtained. This may be the audio signal
21 (confer Fig. 1), or a signal obtained by means of a
mechanical-�to-�electrical converter located in the ear ca-
nal 80, preferably close to the ear drum 90 (cf. Fig. 1).
That audio signal is processed (including reversing its
phase) and fed to an electrical- �to-�mechanical-�converter.
The resulting phase-�reversed acoustical waves are out-
put near the user’s ear drum 90 (cf. Fig. 1), where they
superpose with the direct sound. Due to destructive in-
terference, the resulting SPL is smaller than SPLdirect.
�[0103] Nevertheless, it is possible to achieve a nega-
tive slope of input- �SPL-�to- �output-�SPL-�characteristics of
the hearing device without the generation of sound ("anti-
sound") for suppressing direct sound through destructive
interference, as has been shown above.
�[0104] One advantage of this special embodiment is,
that hearing device users can be protected from
excessive environmental sound. In some environments,
like, e.g., at rock concerts or at construction sites, the
environmental sound may be so loud that the direct sound
is disturbing or even painful (SPLdirect > UCL). This may
in particular be the case with open-�canal devices or
hearing device with large vents. Decreasing SPLdirect
when SPLdirect is large by adding phase- �reversed sound
is then very advantageous.
�[0105] Accordingly, the hearing device may on the one
hand work as a hearing aid or communication device or
the like, and on the other hand as a hearing protection
device (using said reversed-�phase sound).
�[0106] In particular, it is possibly by means of the spe-
cial embodiment to use the phase-�reversed sound for
achieving an enlarged SPLin-range, in which SPLsum
does not rise. That SPLin-range is enlarged with respect
to what can be achieved without anti-�phase sound (cf.
Fig. 4 and 6).
�[0107] The generation and use of phase- �reversed
sound is described in more detail in EP 1 499 159 A2
and in WO 2005/052911. Therefore, these two docu-
ments are herewith incorporated by reference in this ap-
plication.

List of Reference Symbols

�[0108]

1 hearing device, hearing aid

11 input transducer, mechanical- �to-
electrical converter, microphone

15 signal processor, DSP, non- �linear
amplifier

150 filter, band split filter

151,152,153,154 (partial) signal processor, non-�line-
ar amplifier
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155 filter, band pass filter

17 controller

19 output transducer, electrical- �to-�me-
chanical converter, loudspeaker,
receiver

2 incoming acoustical sound, incom-
ing sound waves, environmental
sound

21,22 audio signals

25 audio signals, processed audio sig-
nals

3 outgoing acoustical sound, outgo-
ing acoustic waves

4 direct sound

80 ear canal

90 sensing element of the ear, ear
drum

Compr. compression (less than proportion-
ally decreasing gain)

Exp. expansion (increasing gain)

f1,f2,f3,f4 frequencies

Gain SPL- �related gain of hearing device

gainDSP level- �related gain of the signal proc-
essor

Gaineff SPL- �related effective gain, SPL-�re-
lated gain considering both, hearing
device gain and direct sound

Iin input level

Iin,thresh input threshold level

Iin,mute input level, above which output is
muted

Lim. limiting (proportionally decreasing
gain)

Lin. linear range (constant gain)

SPL sound pressure level

SPLin input SPL, SPL of acoustic waves

entering the input transducer

SPLin,max maximum input SPL (MPI), limit for
distortion in input transducer

SPLin,low-gain input SPL, which is, within 6dB or
3dB, equal to its corresponding out-
put SPL SPLout,low-gain

SPLin,thresh input threshold SPL

SPLin,mute input SPL, above which output is
muted

SPLin,�zero-�gain input SPL, which is equal to its
corresponding output SPL
SPLout,zero-gain

SPLdirect SPL of direct sound

SPLout output SPL, SPL of acoustic waves
leaving the output transducer

SPLout,low-gain See SPLin, low-gain

SPLout,max maximum ouput SPL (MPO), limit
for distortion in output transducer

SPLout,zero-gain output SPL, which is equal to its
corresponding input SPL
SPLin,zero-gain

SPLsum SPL of a superposition of outgoing
acoustical sound and direct sound
near the user’s ear drum (or other
sensing element of the ear)

UCL uncomfortable level

δ+SPLin increase in input SPL

δ-SPLout decrease in output SPL

∆SPLin input level range

∆SPLin input SPL range

Claims

1. Hearing device (1) to be worn by a user of the hearing
device, comprising

- an input transducer (11) for transducing incom-
ing signals (2) into audio signals (21);
- a signal processor (15; �151,152,153,154) for
processing audio signals (21);
- an output transducer (19) for transducing audio

17 18 



EP 1 689 210 A2

11

5

10

15

20

25

30

35

40

45

50

55

signals (25) into outgoing acoustical sound (3);

characterized in that
said signal processor is designed such that there
exists an input level range (∆SPLin) of at least a por-
tion of said incoming signal, in which an increase
(δ+SPLin) in input level (SPLin) of said at least one
portion of said incoming signal results in a decrease
(δ-SPLout) in output level (SPLout) of at least a portion
of said outgoing acoustical sound.

2. Hearing device (1) according to claim 1, wherein

 said incoming signals (2) are incoming acous-
tical sound (2);
 said input level range (∆SPLin) is an input
SPL range (∆SPLin);
 said increase (δ+SPLin) in input level (SPLin)
is an increase (δ+SPLin) in input SPL (SPLin);
 said decrease (δ-�SPLout) in output level
(SPLout) is a decrease (δ-�SPLout) in output SPL
(SPLout);

wherein SPL stands for sound pressure level.

3. Hearing device (1) according to claim 2, wherein
within said input SPL range (∆SPLin) there exists an
input SPL (SPLin,mute) above which the output of said
least one portion of said outgoing acoustical sound
is muted.

4. Hearing device (1) according to one of claims 2 to
3, wherein said input SPL range (∆SPLin) extends
from an input threshold SPL (SPLin,thresh) to higher
SPLs.

5. Hearing device (1) according to claim 4, wherein said
decrease (δ-SPLout) in output SPL is chosen such,
that an SPL (SPLsum) of a superposition of said out-
going acoustical sound (3) and direct sound (4) near
the user’s ear drum (90) is, within �6 dB, in particular
within �3 dB, a constant for input SPLs (SPLin) of
said at least one portion of said incoming acoustical
sound above said input threshold SPL (SPLin, thresh),
as far as the corresponding SPL (SPLdirect) of said
direct sound (4) is not larger than said constant,
wherein said direct sound (4) is incoming acoustical
sound reaching the user’s ear drum (90).

6. Hearing device (1) according to claim 4 or 5, wherein
for all input SPLs (SPLin) of said at least one portion
of said incoming acoustical sound above said input
threshold SPL (SPLin,thresh), the corresponding out-
put SPL (SPLout) of said at least one portion of said
incoming acoustical sound is at most as large as, in
particular smaller than, the largest output SPL
(SPLout) of said at least one portion of said outgoing
acoustical sound for any input SPL (SPLin) of said

at least one portion of said incoming acoustical
sound equal to or below said input threshold SPL
(SPLin,thresh).

7. Hearing device (1) according to one of claims 4 to
6, wherein said input threshold SPL (SPLin,thresh) is
chosen such that an SPL (SPLsum) of a superposition
of said outgoing acoustical sound (3) and direct
sound (4) near the user’s ear drum (90) is below the
user’s uncomfortable level (UCL), wherein said di-
rect sound (4) is incoming acoustical sound reaching
the user’s ear drum (90).

8. Hearing device (1) according to one of claims 4 to
7, wherein said input threshold SPL (SPLin,thresh) is
an input SPL for which the corresponding output SPL
in dB minus the corresponding SPL (SPLdirect) of di-
rect sound (4) near the user’s ear drum (90) in dB is
smaller than or equal to +6dB, wherein said direct
sound (4) is incoming acoustical sound reaching the
user’s ear drum (90).

9. Hearing device (1) according to one of claims 4 to
8, wherein said input threshold SPL (SPLin,thresh) is
chosen equal to an input SPL (SPLin,low-gain) which
is, within 6dB, equal to its corresponding output SPL
(SPLout,low-gain).

10. Hearing device (1) according to one of claims 4 to
9, wherein said input transducer (11) tends to pro-
duce distorted input audio signals for input SPLs of
said at least one portion of said incoming acoustical
sound (2) above a maximum input SPL (SPLin,max),
and wherein said input threshold SPL (SPLin,thresh)
is smaller than or equal to said maximum input SPL
(SPLin,max).

11. Hearing device (1) according to one of claims 4 to
10, wherein said output transducer (19) tends to pro-
duce distorted outgoing acoustical sound for output
SPLs (SPLout) of said at least one portion of said
outgoing acoustical sound above a maximum output
SPL (SPLout,max), and wherein said input threshold
SPL (SPLin,thresh) is chosen such that, as output SPL
(SPLout) of said at least one portion of said outgoing
acoustical sound, at most said maximum output SPL
(SPLout,max) is reached.

12. Hearing device (1) according to one of the preceding
claims, which is an open canal device.

13. Hearing device (1) according to one of the preceding
claims, which is a hearing aid.

14. Hearing device (1) according to one of the preceding
claims, wherein said at least one portion of said in-
coming acoustical sound (2) is said incoming acous-
tical sound (2), which is transduced by said input
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transducer (11).

15. Hearing device (1) according to one of the preceding
claims, wherein said at least one portion of said out-
going acoustical sound (3) is said outgoing acousti-
cal sound (3) as transduced by said output transduc-
er (19).

16. Hearing device (1) according to one of the preceding
claims, wherein said at least one portion of said in-
coming acoustical sound (2) is obtained by filtering
in at least a first frequency range (f1...f2).

17. Hearing device (1) according to one of the preceding
claims, wherein said at least one portion of said out-
going acoustical sound (3) is obtained by filtering in
at least a second frequency range.

18. Hearing device (1) according to claim 16 and claim
17, wherein said first and second frequency ranges
are identical.

19. A signal processor (15; �151,152,153) for processing
audio signals (21) in a hearing device (1), having a
non-�linear input level - output level characteristic, �
 characterized in that
said input level - output level characteristic compris-
es an input level range (∆Iin) in which an increase in
input level corresponds to a decrease in output level.

20. Method of operating a hearing device (1), said meth-
od comprising the steps of

 receiving incoming signals (2);
 transducing said incoming signals (2) into au-
dio signals (21);
 processing audio signals (21);
 transducing audio signals (25) into outgoing
acoustical sound (3) to be presented to a user
of the hearing device (1);

characterized in that said processing comprises

 changing a level of audio signals (21) ob-
tained from said incoming signals (2) in such a
way that an increase (δ+SPLin) in input level (SP-
Lin) of at least a portion of said incoming signals
(2) results in a decrease (δ-SPLout) in output lev-
el (SPLout) of at least a portion of said outgoing
acoustical sound (3).

21. Method of fitting a hearing device (1) comprising an
input transducer (11) for transducing incoming sig-
nals (2) into audio signals (21), said method com-
prising the step of adjusting at least one parameter
of a signal processor (15)� of said hearing device (1),
which processor (15) is designed such that there ex-
ists an input level range (∆SPLin) of at least a portion

of said incoming signals (2), in which an increase
(δ+SPLin) in input level (SPLin) of said at least one
portion of said incoming signals (2) results in a de-
crease (δ-SPLout) in output level (SPLout) of at least
a portion of said outgoing acoustical sound (3).

22. Method according to claim 21, wherein

 said incoming signals (2) are incoming acous-
tical sound (2);
 said input level range (∆SPLin) is an input
SPL range (∆SPLin);
 said increase (δ+SPLin) in input level (SPLin)
is an increase (δ+SPLin) in input SPL (SPLin);
 said decrease (δ-SPLout) in output level
(SPLout) is a decrease (δ-SPLout) in output SPL
(SPLout);

wherein SPL stands for sound pressure level.

23. Method according to claim 20, wherein said at least
one parameter is one of the group comprising

 an input threshold SPL (SPLin,thresh) limiting
said input SPL range (∆SPLin);
 an input SPL (SPLin,mute) above which the
output of said at least one portion of said outgo-
ing acoustical sound is muted;
 a parameter of a parameter set describing to
which extent and/or in which form said decrease
(δ-SPLout) in output SPL (SPLout) of said at least
one portion of said outgoing acoustical sound
(3) depends on said increase (δ+SPLin) in input
SPL (SPLin) of said at least one portion of said
incoming acoustical sound (2).
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