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(54) HEARING INSTRUMENT

(57) A hearing device comprises an earpiece adapt-
ed to fit the ear canal of a user, so as to separate an inner
ear canal volume rom an outside. The hearing device
comprises an electroacoustic transducer (11) in acoustic
communication with the inner ear canal volume, the elec-
troacoustic transducer (11) being capable of transform-
ing an electrical signal between terminals (16, 17) into
an acoustic signal. The hearing device is also equipped

to process hearing device input into a wanted signal, to
use the wanted signal to obtain a transducer input signal,
and to apply the transducer input signal to the terminals
(16, 17) of the electroacoustic transducer (11). The hear-
ing device is further equipped to measure a physical sig-
nal at the terminals (16, 17) and to use the measured
physical signal as another input quantity for obtaining the
transducer input signal.
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Description

[0001] The invention is in the field hearing devices.
Hearing devices as described in this text on the one hand
are hearing aids, i.e., medical devices that help someone
hard of hearing to better hear ambient sound. Hearing
aids are configured to capture ambient sound, to process
the thus obtained signal in a frequency dependent man-
ner, and to emit a processed sound signal, which is usu-
ally amplified at least for some frequencies, into the hear
canal. On the other hand, hearing devices as described
in this text comprise other devices that produce sound in
the ear, especially consumer electronic devices, such as
earphones or hearables.
[0002] Thus, a hearing device according to the defini-
tion used herein has an electroacoustic transducer (’loud-
speaker’, ’speaker’, also called ’receiver’, especially if
the hearing device is a hearing aid) and is equipped to
feed a wanted signal to the electroacoustic transducer
for producing a wanted sound signal in a volume in front
of the eardrum. A hearing device may comprise one or
more outer microphones to pick up ambient sound and/or
an interface to an external device, for example a phone
or other consumer electronics device for obtaining the
wanted signal.
[0003] Hearing devices often comprise an earpiece
(they may consist of such earpiece) placed in an outer
part of the ear canal and closing off the ear canal. In case
of hearing aids, in such a case one often speaks about
’closed fitting’ hearing aids.
[0004] Closed fittings of hearing aids on the one hand
provide benefits in terms of "sound cleaning" (because
there is less direct sound the beamformer provides more
benefit) and in terms of sound reproduction (there is less
low-frequency loss of aided sound, and there are less
feedback problems). On the other hand, they cause a
well-known own-voice problem, the so-called "Occlusion
effect". Such occlusion effect may also be experienced
- and perceived to be uncomfortable - by wearers of other
hearing devices than hearing aids, such as earphones
or hearables. It is - in all kinds of hearing devices - also
present if there is a remaining, well-defined acoustical
path between ambient and the inner canal volume, such
as a via Back-Vent of the receiver and from there via the
receiver to the inner ear canal volume.
[0005] According to the prior art, a first category of so-
lutions comprises accepting trade-offs: One can either
decide on open fittings and accept that there are limited
benefits (this is mostly the preferred approach in cases
of mild hearing losses), or one decides on closed fittings
accompanied by counseling.
[0006] A second category of solution focuses on active
noise control (ANC) involving a closed-loop feedback us-
ing an ear canal microphone. The sound in the ear canal
is picked up, and a counter noise is generated, i.e., sound
waves equal to the emitted sound but with opposed po-
larity are emitted into the ear canal. The use of ear canal
microphones has both, limits and disadvantages.

[0007] An even further principle is a so-called "active
sound absorber" suggested by Langberg in US
5,267,321. Langberg suggest to measure the velocity of
the diaphragm of the electroacoustic transducer of a
hearing aid by a sensing winding in the transducer and
by using a discriminator circuit to subtract the driver-cur-
rent induced voltage portion across the sensing winding
from the total voltage across the sensing winding. The
resulting sensed motional signal is fed to a frequency-
shaping network that determines a feedback transimped-
ance and is combined with a reference signal to yield the
driver current for the electroacoustic transducer, where-
by the sensed motional signal acts as a positive feedback
signal. This approach in contrast to ANC does not require
an inner microphone. However, it makes a sensing wind-
ing in the electroacoustic transducer necessary, and this
necessitates a different transducer design, including the
additional sensing winding and a further, third terminal.
Also, the discriminator circuit requires a transformer in
the hearing aid electronics. Therefore, implementation
of the active sound absorber in a hearing aid comes with
substantial additional cost and substantial space require-
ments both, in the transducer and in the electronic, as
well as with additional power consumption due to the
discriminator circuit.
[0008] It is an object of the present invention to provide
approaches overcoming drawbacks of prior art ap-
proaches, and especially to provide ways of resolving
the own-voice problem in closed or semi-closed/semi-
open fittings without the need for an ear canal micro-
phone (a so-called "sensorless control") and without the
disadvantages of the prior art "acoustic sound absorber".
[0009] According to the invention, a hearing device
(hearing aid, earphone, hearable, etc.) is provided, the
hearing device comprising an earpiece, which may be
adapted to separate an ear canal volume of a user’s ear
canal from an outside. The ear canal volume may com-
prise the entire ear canal or only a portion thereof, for
example only an inner portion (portion close to the ear-
drum). In this text, the ear canal volume is often termed
"inner ear canal volume".
[0010] For example, the earpiece may be an earpiece
adapted to fit to the ear canal of the user so as to at least
partially sit in the ear canal or at its entrance..
[0011] If the hearing device is a behind-the ear hearing
aid, the earpiece is connected, by a connection compris-
ing a tube and/or a wire, to a behind-the-ear component
of the hearing aid. If the hearing device is an in-the-ear
hearing aid, an in-the-canal hearing aid or a completely-
in-the-canal hearing aid, an earphone or a hearable, the
hearing device may consist of the earpiece, i.e., the ear-
piece may constitute the entire hearing device. For in-
the-ear hearing devices, the hearing device’s receiver
may be in the ear canal or may at least partially be outside
of the ear canal, for example in the concha, such as by
a retaining structure. The earpiece is an earpiece that
may provide occlusion. More in general, the earpiece
may be configured to act as an acoustical barrier between
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the outside and a volume between earpiece and ear-
drum.
[0012] The earpiece may be an individually adapted
earpiece or alternatively a generic earpiece fitting to the
ear canal (to lie within the ear canal and/or at its entrance)
without individual adaptation (generic domes or the like).
Also, the earpiece may be adapted to sit entirely within
the ear canal, or alternatively it may be adapted to par-
tially or fully occlude the ear canal by being placed at its
entrance. Further, the earpiece may be one side of a
circum-aural headphone that separates the inner ear ca-
nal volume from the outside by sitting on the user’s head
and surrounding the ear.
[0013] The hearing device comprises an electroacous-
tic transducer (receiver, loudspeaker) in acoustic com-
munication with the inner ear canal volume. The elec-
troacoustic transducer has, as known in the art, two elec-
trical terminals (one of the terminals for example being
connected to ground and thereby for example being con-
stituted by an electrically conducting housing) between
which an electrical transducer input signal can be ap-
plied, so that the transducer transforms it into an acoustic
signal. The hearing device further has a wanted sound
signal path, i.e., it is equipped to process a hearing device
input into a wanted signal, and to produce the (electrical)
transducer input signal applied to the terminals of the
electroacoustic transducer from the wanted signal.
[0014] In this, the hearing device input may comprise
an ambient signal picked up by one or more outer micro-
phones. In addition or as an alternative, it may comprise
an audio signal received from an external device via an
appropriate interface. The hearing device input in general
comprises a signal or signal combination that is incident
on the hearing device and from which the hearing instru-
ment derives the wanted signal. The hearing aid input
may comprise acoustic input (such as incident ambient
sound) and/or an electrical signal as input (such as audio
signal picked up by a communication interface).
[0015] The wanted signal is an electrical signal that
represents the acoustic signal the user of the hearing
device should hear.
[0016] The hearing device is further equipped to meas-
ure a physical signal between the two terminals of the
receiver and to use the measured physical signal as an
input quantity for obtaining the transducer input signal.
[0017] Thus, for obtaining the electrical transducer in-
put signal, in addition to the hearing device input, also
the measured physical signal is used as an input quantity,
in a feedback loop. Hence, the invention proposes to
measure directly how the electroacoustic transducer it-
self ’responds’ to the applied transducer input signal. This
is based on the insight that the electroacoustic transducer
is a bi-directional element - the voltage at the electrical
input (between the terminals) depends on the acoustic
load condition and on the acoustic signal present in the
ear canal. While in the prior art there have been sugges-
tions to use a speaker as a microphone instead of using
it to produce an acoustic signal, the present invention is

based on the approach that the electroacoustic transduc-
er is used both, for producing sound and sensing sound
concurrently.
[0018] The measured physical signal may thus for ex-
ample be a voltage between the terminals if the electrical
transducer input signal is applied as a current signal, or
it may be a current flowing into the electroacoustic trans-
ducer if the electrical transducer input signal is applied
as a voltage signal.
[0019] By the approach of using the measured physical
signal as a further input quantity, in addition to the wanted
signal, for calculating the transducer input signal, the in-
vention effectively proposes to apply a frequency de-
pendent, possibly negative, constant or possibly not con-
stant electrical shunt to the terminals of the electroacous-
tic transducer.
[0020] In particular, the possibly preprocessed meas-
ured physical signal may be subject to an admittance
transfer function or an impedance transfer function (de-
pending on whether it is a voltage or a current) to yield
a transfer signal. Thus, the transfer signal may result from
a transfer impedance or transfer admittance applied to
the quantity derived from the measured physical signal.
In this, the transfer impedance or transfer admittance
may be frequency dependent. However, in embodiments
it may be constant over time, or it may be constant over
time at least for a certain hearing device program. Espe-
cially, the admittance transfer function or impedance
transfer function may be implemented by adaptive filter-
ing so as to yield adaptation to the environment (’adaptive
sensorless control’).
[0021] The transfer signal may then be added to the
wanted signal to yield the transducer input signal. There-
by, the transducer input signal may effectively corre-
spond to a signal that results from applying the wanted
signal to the transducer if the transducer is shunted by a
frequency dependent, possibly negative electrical shunt.
[0022] By choosing, in the described manner, the elec-
trical impedance between the terminals, the acoustic im-
pedance of the transducer can be adjusted to a desired
value. For example, the acoustic impedance may be ad-
justed to be close to zero, so that a vibrational source
such as the own voice gives rise to a minimal sound pres-
sure only, whereby the occlusion effect is efficiently elim-
inated.
[0023] The admittance/impedance transfer may be
adapted to individual properties, such as the resonance
situation in the ear canal, and/or on possible hearing loss.
It is even possible that the admittance/impedance trans-
fer function is different from being constant and is for
example dynamically adapted to the situation. For exam-
ple, the admittance/impedance transfer may be chosen
to be different in quiet environments compared to noisy
environments, etc., and/or may be actively adjustable by
the wearer to meet their comfort needs.
[0024] The admittance/impedance transfer function
may in embodiments be an adaptive filter.
[0025] In contrast to the prior art solutions ANC and
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"active sound absorber", in the approach according to
aspects of the invention neither a separate inner micro-
phone is necessary for yielding a feedback signal, nor a
separate sensing winding inside the electroacoustic
transducer, but a signal resulting at the terminal itself is
used for obtaining a feedback.
[0026] Nevertheless, the feedback loop according to
the present invention allows to give the electroacoustic
transducer a desired sound absorbing characteristic or
even the characteristic of a negative sound reflector, i.e.,
an in-the ear canal sound attenuation characteristic. By
giving the electroacoustic transducer a double function
and causing it to produce a sound signal and at the same
time, while the sound signal is being produced, using the
electroacoustic transducer for sensing a feedback signal,
an efficient way to implement an in-the-ear canal sound
pressure reduction is achieved - without any requirement
of there being a modified electroacoustic transducer with
a separate, third terminal, or of there being an additional,
inner microphone. Thereby, compared to the prior art the
cost is lower, as are the space requirement and mainte-
nance requirements. Also, integration in existing systems
is more straightforward.
[0027] The present invention is therefore suited for in-
ear voice attenuation especially for reducing occlusion
in closed fitting set-ups. By attenuating direct sound, it
may in addition or as an alternative contribute to an im-
proved signal-to-noise ratio.
[0028] While the approach described in this text may
replace the feedback-active noise control (and thereby
make a separate, inner microphone obsolete), it is also
possible to combine these two approaches. In this the
approach according to the present invention (possibly
even implemented in an analog manner) will provide ad-
ditional robustness.
[0029] Rather, the electroacoustic transducer may be
a standard speaker, such as a single coil speaker, for
example a moving coil receiver or a balanced armature
receiver.
[0030] The electroacoustic transducer may especially
have exactly two terminals. It is possible, that, as usual,
one of the terminals is connected to ground so that ef-
fectively only one dedicated electrical lead connects the
electroacoustic transducer with the hearing device’s
electronics. The receiver, in contrast to the prior art does,
therefore not require any measuring coil or similar and
hence does not require any modifications compared to
known and widely used receivers for hearing aids or con-
sumer electronic hearing devices.
[0031] The fact that the admittance transfer function or
impedance transfer function may be applied to a preproc-
essed measured physical signal (and not necessarily di-
rectly to the unprocessed measured physical signal)
means the following: In addition to being subject to ana-
log-to-digital conversion if the admittance transfer func-
tion or impedance transfer function is applied in the digital
domain, the physical signal may also be corrected for an
influence of the wanted signal on the physical signal to

be reduced or eliminated. Especially, the wanted signal
may be combined with (for example subtracted from; pos-
sibly after appropriate filtering) the physical signal to ac-
count for the fact that the measured physical signal in
addition to the sound pressure in the ear canal is also
influenced by the transducer input signal and hence also
by the wanted signal.
[0032] For obtaining the electrical transducer input sig-
nal from the hearing device input and the measured phys-
ical signal, the hearing device comprises a signal
processing stage, especially a digital signal processing
stage. Especially, for example in addition to processing
of the hearing device input into the wanted signal, also
the impedance transfer function may be implemented
digitally, i.e., in embodiments, for example, the frequency
dependent shunt admittance/impedance may be deter-
mined by digital filter coefficients. For enabling digital
processing, the hearing device may comprise an analog-
to-digital converter for converting the measured physical
signal into a digital signal.
[0033] If the measured physical signal is a voltage sig-
nal, and the transducer input signal is a current signal,
the hearing device may comprise a voltage-to-current
conversion stage, such as a voltage-controlled-current-
source (VCCS). This voltage-to-current conversion stage
may be an analog device. Then, in order to avoid any
necessity for more than one digital-to-analog converter,
the adding of the transfer signal to the wanted signal may
take place in the digital domain, before the conversion
into an analog signal. The wanted signal may then be
provided as a digital representation of the voltage signal,
too, i.e., the effect of the voltage-to-current transfer
(which takes place in the analog domain after the sum-
mation) is compensated in an according calculation step.
[0034] For receiving the hearing device input, the hear-
ing device may comprise one or more of the following:

• An outer microphone or a plurality of outer micro-
phones for picking up an incident ambient sound sig-
nal.

• An interface, such as a wireless interface for receiv-
ing an audio signal from a remote device. An exam-
ple of such interface is a Bluetooth interface.

• An interface, such as a wireless interface, for receiv-
ing a signal from the other hearing device in case of
a binaural hearing device system.

[0035] Processing the hearing device input into the
wanted signal may comprise the digital signal processing
steps as known per se for signal processing in hearing
aids, namely one or more of monaural beamforming (if
more than one outer microphone is present), binaural
beamforming, sound cleaning, in particular noise cancel-
ling (cancelling of wind noise, reverberation, feedback,
etc.), applying a frequency dependent, user specific gain,
influencing the dynamics (suppression of too loud
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sound), frequency shifting, etc. Signal processing may
optionally comprise new approaches like Artificial Intel-
ligence (AI), use of a Neural Networks (NN), such as
aDeep Neural Networks (DNN), and/or machine learn-
ing, etc.
[0036] Alternatively (this applies both, to hearing aids
and to other hearing devices), processing the hearing
device input may comprise receiving the input as wireless
signal and transforming it into a voltage or current signal.
Of course, also combinations are possible, in which the
hearing device input comprises both, ambient sound
picked up by at least one microphone and an audio signal
from an external device, and the wanted signal is based
on both.
[0037] As briefly mentioned hereinbefore, according to
a group of embodiments, the signal processing stage
may be equipped for comparing the wanted signal and
the measured physical signal to obtain information on
sound portions in the ear canal that do not stem from the
transducer output. Especially, a subtraction of the wanted
signal and the measured physical signal from each other
(either one or both appropriately filtered) may yield an
adjusted physical signal being the physical signal with
eliminated (for example subtracted) portions stemming
from the wanted signal, and it is this adjusted physical
signal that may be processed into the transfer signal.
[0038] Such adjusted physical signal, due to the fact
that the portions stemming from the wanted signal are
eliminated, may serve as an estimate of acoustic signal
portions not corresponding to the wanted signal, i.e., the
bone conducted sound portions, especially of the own
voice, as well as ambient signal portions propagating into
the ear canal. Thereby, the electroacoustic transducer
serves as a kind of inner microphone simultaneously with
serving as a loudspeaker producing the wanted sound,
and simultaneously with serving as a sound attenuation
or sound cancelling device.
[0039] The adjusted physical signal, therefore, pro-
vides an estimate of bone conducted sound as a by-prod-
uct of the approach according to aspects of the present
invention. The estimate may be used for special purpos-
es, such as for discriminating between situation in which
the user speaks and situations in which she/he doesn’t,
and/or such as using the estimate (possible after appro-
priate filtering, for example equalizing to correct for a pre-
dominance of low frequency portions) for communication
with a further user or device, in that the estimate is sent
to a remote device via an appropriate interface.
[0040] In addition to concerning a hearing device, the
present invention also concerns a method of processing
a signal in a hearing device, substantially as described
in this text referring to the hearing device and as defined
in the claims.
[0041] In special embodiments, the method may com-
prise the additional step of calculating, from the meas-
ured receiver signal and from the calculated wanted
sound signal, an estimate of the own voice, especially
be a comparison of the measured receiver signal and of

the wanted sound signal as described in this text. Such
estimate may be used for influencing the processing in
the hearing device - for example, the processing may be
made dependent on whether or not the user speaks. In
addition or as an alternative, such estimate of the own
voice may be subject to a filtering and then may be used
as voice signal for communicating with a remote device.
There are also other possible uses for an own voice es-
timate being a by-product of the occlusion suppression
approach taught in this text.
[0042] Hereinafter, basic principles as well as embod-
iments of the invention are described referring to draw-
ings. The drawings show:

Fig. 1 an occluded ear canal;

Fig. 2 an occluded ear canal with a vent, accord-
ing to the prior art;

Fig.3 an occluded ear canal with Active Noise
Cancelling (ANC), according to the prior
art;

Fig. 4 the principle of shunting an electroacoustic
transducer, as used in embodiments of the
present invention;

Fig. 5 a scheme of shunting an electroacoustic
transducer by using a physical signal at the
entrance of the electroacoustic transducer
for shunting the electroacoustic transduc-
er;

Fig. 6 an embodiment of a hearing device accord-
ing to the present invention, the hearing de-
vice being hearing aid including a wanted
signal path;

Fig. 7 a variant of the embodiment of Fig. 6;

Figs. 8-10 embodiments of hearing aids with different
measurement principles; and

Fig. 11 an embodiment of a hearing device with a
communication interface.

[0043] Figure 1 illustrates an ear canal 1 that on one
side is terminated by the tympanic membrane (eardrum)
2. An inner ear canal volume 3 is terminated by the ear-
drum 2 on one side and by a closed-fitting earpiece 10
on the other side. The closed-fitting earpiece 10 may
comprise a receiver 11 (electroacoustic transducer), or
may be, for example via tubing, in acoustic communica-
tion with a receiver. Bone conducted sound leading to a
bone conduction caused volume flow qbc is coupled into
the inner ear canal volume 3. Due to the earpiece 10
closing off the inner ear canal volume and the rather high
impedance Zdr of the eardrum, this volume flow encoun-
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ters a high resistance, i.e. the impedance Z=p/q (p being
the pressure) of the ear canal becomes very high due to
the closed fitting earpiece 10. This leads to a high sound
pressure pdr at the eardrum, especially at low frequen-
cies. This high sound pressure caused by bone conduct-
ed sound is perceived by the user as the occlusion effect.
[0044] A first prior art solution to this problem (Figure
2) is to provide the earpiece with a vent 12. However, in
order to be sufficiently effective also for low frequencies,
the aspect ratio of the vent 12 must not be too high, and
for high aspect ratios (to be more precise: high ratios
between the length and the cross section areas for a
given residual volume), the benefits of the closed fitting
approach, especially high possible amplification without
any feedback problems, are at least partially lost.
[0045] A second prior art solution (Figure 3) is active
occlusion control (active noise control ANC). An ear canal
microphone 14 in the earpiece or in acoustic communi-
cation therewith picks up sound in the ear canal. An active
occlusion control electronic unit 15 separates undesired
bone conducted sound from possible desired sound emit-
ted into the ear by the receiver and eliminates this by
active noise reduction (ANR) in a closed feedback loop.
[0046] In contrast to active occlusion control, the
present invention is directed to resolving the own-voice
(bone conducted sound) problem in closed fittings with-
out the use of an ear canal microphone ("sensorless con-
trol"). A possible principle is illustrated in Figure 4. The
two terminals 16, 17 of the receiver are connected via a
shunt 21 having a shunt impedance Zsh. The impedance
Zsh of the shunt is frequency-dependent and may be neg-
ative. It may be chosen so that the resulting acoustic
impedance is close to zero, i.e., so that a sound flow
originating from bone conduction qbc results in only min-
imal sound pressure. Especially, at frequencies of for ex-
ample between 100 Hz and 250 Hz (the frequency range
of fundamental frequencies of the human voice, where
the occlusion effect is especially pronounced), the acous-
tic impedance may be smaller than the far field acoustic
impedance ρ∗c, whereby the electroacoustic transducer
effectively serves as negative reflector, especially, for
example at least for some frequencies between 100 Hz
and 250 Hz.
[0047] As an alternative to an analog implementation,
it is possible to implement the shunt impedance by digital
electronics. Thereby, impedances of almost any desired
value, including negative values, can be implemented.
The impedance may especially have frequency depend-
ent values. Implementation is possible both, by means
of the digital signal processor (DSP) of the hearing de-
vice, as well as by means of a hardware accelerator (for
example having further functions, such as serving as
dedicated digital filter)) - or alternatively by any digital
electronic device available, including a special-purpose
device.
[0048] Figure 5 depicts an according scheme. The
voltage signal U measured on the input side of the re-
ceiver 11 between the terminals 16, 17 is subject to a

digitally implemented admittance transfer function (ad-
mittance transfer calculation stage 31), i.e., a current I
signal is calculated to correspond to I=YU with Y being
a generally frequency dependent desired admittance.
The thus calculated signal (’transfer signal’) is trans-
formed into a physical current I by a for example analog
voltage-to-current conversion stage 32, and the receiver
is subject to this current.
[0049] In this - and generally in all embodiments of the
present invention, as described hereinafter - the receiver
may be a receiver of the known kind and may be an off-
the-shelf product. For example, the receiver may be a
receiver as known for hearing devices of the kind de-
scribed herein. Especially, the receiver may have the two
terminals 16, 17 only, i.e. may be a single coil receiver.
[0050] The admittance can have small (frequency de-
pendent) values and can even be negative. Thereby, the
receiver may have the mentioned negative reflection co-
efficient, i.e. it can minimize sound than is incident on it,
so that the receiver may effectively act as noise canceller
without the need for an inner microphone.
[0051] If the concept of Fig. 5 is implemented, the re-
ceiver 11 effectively acts to reduce sound in the ear canal.
In reality, in a hearing device, the receiver 11 in addition
has the function of producing a sound signal in the ear
canal. Thus, the wanted sound signal has to be added
to the calculated admittance transfer signal.
[0052] This is illustrated in Figure 6. In the shown em-
bodiment, the hearing device is a hearing aid having two
outer microphones 41 picking up ambient sound. The
according signals are subject to a hearing aid gain stage
42 in which a frequency dependent signal processing,
which depends on the needs of the person wearing the
hearing aid, is carried out. This signal processing may
include sound cleaning and a user adapted gain model
as well as, possibly, beamforming. Frequency dependent
signal processing in hearing aids is known in the art, and
the details of the model are not relevant for the present
invention. Therefore, the particulars of the hearing aid
gain stage 42, as well as a possible equalizing stage 43
(that may be integrated in the gain stage), are not de-
scribed in any more detail here. A summation stage 44
adds the hearing aid gain signal (wanted sound signal)
to the impedance transfer signal.
[0053] A dashed connection 45 between the hearing
aid gain stage 42 (and/or the equalizing stage 43) and
the admittance transfer calculation stage 31 illustrates
the possibility that the wanted sound signal - or other
information about the incident sound and/or the sound
produced in the ear canal - may be used as a further
input quantity for calculating the transfer signal.
[0054] For example, the impedance at the receiver in-
put side may be made dependent on the wanted signal,
i.e. depending on the acoustic situation the wearer is in,
the impedance need not be constant. For example, if the
hearing aid perceives that the user is in a non-speaking
situation (or if the hearing aid is set into an according
mode), the admittance transfer function implementation
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31 may be switched off, or the admittance may be set to
a lower value than in a speaking situation, so as to provide
more acoustic gain. Also, it is possible to implement the
admittance transfer function by an adaptive filter, thus
resulting in adaptive sensorless control.
[0055] Especially, as schematically shown in Figure
7, the hearing device wanted signal may be combined
with - optionally after some filtering (not shown in Fig. 7)
-the measured receiver signal, especially by subtracting
the wanted signal from the measured receiver signa, or
vice versa (the sign not being of importance, as the sign
of the admittance transfer function can be positive or neg-
ative), so that the signal that is subject to the admittance
transfer function comprises those parts of the signal that
do not come from the receiver itself.
[0056] A comparison of the measured receiver signal
and of the wanted sound signal - especially a subtraction
of the measured receiver signal from the wanted sound
signal - also yields information on those parts of the
acoustic signal in the ear canal that do not stem from the
wanted sound signal, but especially from the own voice
of the wearer of the hearing device. This may be used to
pick up the own voice in the ear canal without the need
for an inner microphone.
[0057] In Figs. 5-7, conversions between the analog
domain and the digital domain are not illustrated. In re-
ality, there has to be such transformation if the hearing
aid gain stage 42 and the admittance transfer calculation
stage 31 work in the digital domain.
[0058] Figure 8 shows an according example with an-
alog-to-digital converters 51 between the microphones
41 and the hearing aid gain stage (Fig. 8 illustrates a
combined hearing aid gain and equalizing stage 46) and
with digital-to-analog converters 52 at the output of the
hearing aid gain calculation stage (and optional equaliz-
ing stage) 46 on the one hand and at the output of the
admittance transfer calculation stage 31 on the other
hand. The summation then takes place in the analog do-
main (summation stage 44).
[0059] This set-up of Fig. 8 features the disadvantage
that two digital-to-analog converters are required. Figure
9 depicts an alternative architecture with just a single
digital-to-analog converter 52. The summation then
takes place in the digital domain (summation stage 44).
Because the voltage-to-current conversion stage 32 is
necessarily in the analog domain, in this architecture the
sum of the wanted hearing aid signal and the transfer
signal is subject to the voltage-to-current conversion and
not only the admittance transfer signal as in the embod-
iment of Fig. 8. Therefore, the hearing aid wanted signal
is subject to a voltage-to-current transfer compensation
(voltage-to-current transfer compensation stage 61, es-
pecially implemented by a digital filter) prior to being sub-
ject to summation, i.e., the wanted signal is represented
as a digital voltage signal when subject to the summation
and not as a current signal as for example in Fig. 8. In
practice, the voltage-to-current transfer compensation
may be integrated in the calculation of the wanted signal.

[0060] Because the topology of the system includes a
feedback loop, signal processing has to be very fast. De-
lays of a plurality of milliseconds are in many situations
not tolerable. In set-ups as shown for example in Fig. 9,
in addition to the hearing aid gain and equalizing stage
46, also the impedance transfer calculation stage 31 and
the summation stage 44 are in the digital domain. In order
to keep latency low, the different stages may be physi-
cally implemented in different parts of the hearing device
digital electronics. For example, while the hearing aid
gain calculating and equalizing stage may be implement-
ed in the hearing aid’s digital signal processor (DSP), it
is an option to realize the impedance transfer calculation
stage 31 in a hearing aid’s hardware accelerator (such
as a dedicated Bi-Quad filter), this having the advantage
that calculation is very quick and does not load the DSP.
In addition or as an alternative, it is an option to implement
the summation stage in the digital-to-analog converter
52. Also in embodiments with these stages implemented
in the hardware accelerator and/or the DAC , the voltage-
to-current transfer compensation stage 61 may be real-
ized by the hearing aid’s digital signal processor (DSP),
i.e. the DSP may directly output the wanted signal as a
signal compensated for the voltage-to-current transfer.
[0061] Figure 10 shows an alternative principle: The
receiver 11 is fed with a voltage signal from the digital-
to-analog converter 52 without any voltage-to-current
conversion, and a current measuring stage 64 measures
the current drawn by the receiver. The measured current
signal is then (after analog-to-digital conversion and op-
tionally subtraction of the possibly filtered (Filter 71) want-
ed hearing aid signal) fed to an impedance transfer cal-
culation stage 63. The resulting transfer signal is, for ex-
ample still in the digital domain so that only one digital-
to-analog converter is needed, added to the hearing aid
wanted signal (summation stage 44) to yield the voltage
signal fed to the receiver 11 after digital-to-analog con-
version.
[0062] Figure 11 depicts a variant in which the outer
microphones 41 and the associated analog-to-digital
converters 51 are replaced (for a hearing device being
different from a hearing aid, for example a hearable) or
supplemented (dashed line; if the hearing device is a
hearing aid or other hearing device that is equipped to
pick up ambient sound) by a wireless communication in-
terface 67. A processing stage 66 may optionally, in ad-
dition to processing the hearing device input into the
wanted signal, also estimate the (mainly bone conduct-
ed) own voice portion of the measured physical signal
and for example transfer the same to a remote device
via the wireless communication interface 67.
[0063] In many embodiments, the admittance transfer
function or impedance transfer function will be deter-
mined so that a desired target acoustic impedance (of
for example close to zero for the frequencies of interest
that are generally in the range between 20 Hz and 5 kHz
(especially if reduction of ambient sound is important),for
example 50-500 Hz (especially if the reduction of bone
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conducted sound is the primary issue), especially around
100-250 Hz) is reached. The electrical admittance/im-
pedance will in addition to depending on the target acous-
tic impedance also depend on the transducer character-
istics. Determination of the electrical impedance may be
done by simulation on the basis of known characteristics
of the electroacoustic transducer or experiment, or both.
[0064] Also the choice of the electroacoustic transduc-
er may be made in view of the desired property that the
acoustic impedance in the range of 100-250 Hz is sub-
stantially reduced by the approach according to the
present invention, compared to the prior art. Simulations
show that it is beneficial to have a receiver with at least
one of a high force factor (Bl), a high effective area (Sd),
low mechanical stiffness, i.e. high mechanical compli-
ance (Cms), low moving mass (Mms). Also, a small DC
resistance (Re) and/or a small mechanical friction value
(Rms) may be beneficial
[0065] Also the design of the volumes (front/back/oth-
ers) of the electroacoustic transducer and the connec-
tions between these and to the environment (front- and
back-vents front-back connections etc.) may be influ-
enced by the application taught herein (sensorless con-
trol). The purpose of the entire acoustic design, including
the speaker, may be to achieve a minimal output imped-
ance.
[0066] Especially, system calibration may include an
individualization step in which the frequency dependent,
possibly negative shunt impedance (shunt admittance)
is calibrated during usage, for example by continuously
measuring the electric or acoustic impedance. The shunt
control may be steered during usage, for example based
on clipping detection and/or instability detection.
[0067] For fitting, in principle same aspects/consider-
ations apply as for Active Occlusion Control / Feedback-
Active Noise Control.
[0068] The embodiments described in this text so far
all have one speaker. However, the approach according
to the invention also works for more than one electroa-
coustic transducer, for example two electroacoustic
transducers. If two receivers are used, two digital-to-an-
alog converters (DACs) may be required. The use of an
analog audio crossover instead of a second DAC is not
excluded, however.

Claims

1. A hearing device, comprising an earpiece, the hear-
ing device comprising an electroacoustic transducer
(11) in acoustic communication with an ear canal
volume (3), the electroacoustic transducer (11) be-
ing capable of transforming an electrical signal be-
tween terminals (16, 17) into an acoustic signal, the
hearing device being equipped to process a hearing
device input into a wanted signal, to use the wanted
signal to obtain a transducer input signal, and to ap-
ply the transducer input signal to the terminals (16,

17) of the electroacoustic transducer (11), charac-
terized in that the hearing device is equipped to
measure a physical signal at the terminals (16, 17)
and to use the measured physical signal as an input
quantity for obtaining the transducer input signal.

2. The hearing device according to claim 2, wherein
the earpiece is adapted to separate the ear canal
volume (3) of an ear canal of a user from an outside

3. The hearing device according to claim 1 or 2, being
equipped to determine, from the measured physical
signal, a transfer signal, wherein determining the
transfer signal comprises applying an admittance
transfer function or an impedance transfer function
to a quantity derived from the measured physical sig-
nal.

4. The hearing device according to claim 3, being
equipped to add the transfer signal to the wanted
signal to obtain the transducer input signal.

5. The hearing device according to claim 3 or 4, wherein
the quantity to which the admittance transfer function
or impedance transfer function is applied is a differ-
ence between the measured physical signal and the
wanted signal.

6. The hearing device according to claim 5, wherein
the wanted signal and/or the measured physical sig-
nal is subject to filtering before the combination is
made.

7. The hearing device according to any one claims 3-6,
comprising a digital signal processing stage, wherein
the digital signal processing stage is equipped to ap-
ply the admittance transfer function or the imped-
ance transfer function.

8. The hearing device according to any one of claims
3-7, wherein the transfer signal corresponds to a
transfer impedance or transfer admittance being ap-
plied to the quantity derived from the measured phys-
ical signal, wherein the transfer impedance or trans-
fer admittance is frequency dependent but inde-
pendent of the time and/or wherein transfer imped-
ance or transfer admittance is time variant and is
implemented by an adaptive filter.

9. The hearing device according to any one of claims
3-8, wherein the admittance transfer function or im-
pedance transfer function causes the electroacous-
tic transducer (11) to act as a negative reflector for
sound in the inner ear canal volume (3).

10. The hearing device according to any one of the pre-
vious claims, wherein the transducer input signal is
a current signal, and wherein the measured physical
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signal is a voltage between the terminals.

11. The hearing device according to claim 10, further
comprising an analog voltage-to-current conversion
stage (32).

12. The hearing device according to claim 11, compris-
ing a digital signal processing stage, and further
comprising a digital-to-analog converter (52), where-
in an output of the a digital-to-analog converter (52)
is connected to an input of the voltage-to-current
conversion stage (32), and wherein the digital signal
processing stage is equipped to add the transfer sig-
nal and the wanted signal and to feed the result to
an input of the digital-to-analog converter (52)

13. The hearing device according to any one claims 1-9,
wherein the transducer input signal is a voltage sig-
nal, and wherein the measured physical signal is a
current flowing into one of the terminals.

14. The hearing device according to any one of the pre-
vious claims, further comprising at least one outer
microphone (41), wherein the hearing device input
comprises a signal measured by the at least one
outer microphone (41).

15. A method of processing a signal in a hearing device
that comprises an earpiece and that comprises an
electroacoustic transducer (11) in acoustic commu-
nication with an ear canal volume (3), the method
comprising the steps of processing a hearing device
input into a wanted signal, from using the wanted
signal to obtain a transducer input signal, and apply-
ing the transducer input signal to terminals (16, 17)
of the electroacoustic transducer (11), character-
ized by the further step of measuring a physical sig-
nal at the terminals (16, 17) and of using the physical
signal as an input quantity for obtaining the trans-
ducer input signal.
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