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(57) Abstract: The invention relates to a method for providing hearing assistance to a user, comprising: capturing input audio sig-
nals by a microphone arrangement (42); estimating a speech level of the input audio signals and an ambient noise level of the in-
put audio signals; applying a gain model to the input audio signals in order to transform the input audio signals into filtered audio
signals, wherein, for a each ambient noise level, the gain varies as a function of the speech level and wherein the function varies
according the ambient noise level in such a manner that the ratio of the gain at low speech levels and at high speech levels changes
as a function of the ambient noise level; transmitting the filtered audio signals by a transmission unit (10) via a wireless audio link
(34) to areceiver unit (14, 36, 38) comprising or being connected to means (18, 26) for stimulating the hearing of a user, the stim-
ulating means being worn at or in the user's ear; and stimulating the user's hearing by the stimulating means according to the audio
signals supplied by the receiver unit.
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Method and system for providing hearing assistance to a user

The present invention relates to a method for providing hearing assistance to a user; it also
relates to a corresponding system comprising a microphone arrangement for capturing audio
signals, audio signal processing means and means for stimulating the hearing of the user

according to the processed audio signals.

One type of hearing assistance systems is represented by wireless systems, wherein the
microphone arrangement is part of a transmission unit for transmitting the audio signals via a
wireless audio link to a receiver unit comprising or being connected to the stimulating means.
Usually in such systems the wireless audio link is an narrow band FM radio link. The benefit
of such systems is that sound captured by a remote microphone at the transmission unit can be

presented at a much better SNR to the user wearing the receiver unit at his ear(s).

According to one typical application of such wireless audio systems, the stimulating means is
loudspeaker which is part of the receiver unit or is connected thereto. Such systems are
particularly helpful in teaching environments for normal-hearing children suffering from
auditory processing disorders (APD), wherein the teacher’s voice is captured by the
microphone of the transmission unit, and the corresponding audio signals are transmitted 4to
and are reproduced by the receiver unit worn by the child, so that the teacher’s voice can be
heard by the child at an enhanced level, in particular with respect to the background noise
level prevailing in the classroom. It is well known that presentation of the teacher’s voice at

such enhanced level supports the child in listening to the teacher.

According to another typical application of wireless audio systems the receiver unit is
connected to or integrated into a hearing instrument, such as a hearing aid. The benefit of such
systems is that the microphone of the hearing instrument can be supplemented or replaced by
the remote microphone which produces audio signals which are transmitted wirelessly to the
FM receiver and thus to the hearing instrument. In particular, FM systems have been standard
equipment for children with hearing loss in educational settings for many years. Their merit
lies in the fact that a microphone placed a few inches from the mouth of a person speaking
receives speech at a much higher level than one placed several feet away. This increase in
speech level corresponds to an increase in signal-to-noise ratio (SNR) due to the direct wireless
connection to the listener's amplification system. The resulting improvements of signal level

and SNR in the listener's ear are recognized as the primary benefits of FM radio systems, as
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hearing-impaired individuals are at a significant disadvantage when processing signals with a

poor acoustical SNR.

Most FM systems in use today provide two or three different operating modes. The choices are
to get the sound from: (1) the hearing instrument microphone alone, (2) the FM microphone

alone, or (3) a combination of FM and hearing instrument microphones together.

Usually, most of the time the FM system is used in mode (3), i.e. the FM plus hearing
instrument combination (often labeled “FM+M” or “FM+ENV” mode). This operating mode
allows the listener to perceive the speaker’s voice from the remote microphone with a good
SNR while the integrated hearing instrument microphone allows the listener to also hear
environmental sounds. This allows the user/listener to hear and monitor his own voice, as well
as voices of other people or environmental noise, as long as the loudness balance between the
FM signal and the signal coming from the hearing instrument microphone is properly
adjusted. The so-called "FM advantage" measures the relative loudness of signals when both
the FM signal and the hearing instrument microphone are active at the same time. As defined
by the ASHA (American Speech-Language-Hearing Association 2002), FM advantage
compares the levels of the FM signal and the local microphone signal when the speaker and
the user of an FM system are spaced by a distance of two meters. In this example, the voice of
the speaker will travel approximately 30 cm to the input of the FM microphone at a level of
approximately 80 dB-SPL, whereas only about 65 dB-SPL will remain of this original signal
after traveling the 2 m distance to the microphone in the hearing instrument. The ASHA
guidelines recommend that the FM signal should have a level 10 dB higher than the level of the
hearing instrument's microphone signal at the output of the user's hearing instrument in this

particular configuration of talker and listener.

When following the ASHA guidelines (or any similar recommendation), the relative gain, i.e.
the ratio of the gain applied to the audio signals produced by the FM microphone and the gain
applied to the audio signals produced by the hearing instrument microphone, has to be set to a
fixed value in order to achieve e.g. the recommended FM advantage of 10 dB under the
above-mentioned specific conditions. Accordingly, - depending on the type of hearing
instrument used - the audio output of the FM receiver usually has been adjusted in such a way
that the desired FM advantage is either fixed or programmable by a professional, so that
during use of the system the FM advantage — and hence the gain ratio — is constant in the

FM+M mode of the FM receiver.
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("5

Contemporary digital hearing aids are capable of permanently performing a classification of
the present auditory scene captured by the hearing aid microphones in order to select that
hearing aid operation mode which is most appropriate for the determined present auditory
scene. Examples of such hearing aids including auditory scene analysis can be found in

US 2002/0037087, US 2002/0090098, WO 02/032208 and US 2002/0150264.

EP 1691 574 A2 relates to a wireless system, wherein the transmission unit comprises two
spaced-apart microphones, a beam former and a classification unit for controlling the gain
applied in the receiver unit to the transmitted audio signals according to the presently
prevailing auditory scene. The classification unit generates control commands which are
transmitted to the receiver unit via a common link together with the audio signals. The
receiver unit may be part of or connected to a hearing instrument. The classification unit
comprises a voice energy estimator and a surrounding noise level estimator in order to decide
whether there is a voice close to the microphones or not, with the gain to be applied in the
receiver unit being set accordingly. The voice energy estimator uses the output signal of the

beam former for determining the total energy contained in the voice spectrum.

A similar system is known from EP 1 819 195 A2, wherein the receiver unit comprises a
loudspeaker rather than being part of or connected to a hearing instrument. The gain applied
in the receiver unit is set according to the present auditory scene as detected by a

classification unit located in the transmission unit.

In all of such wireless systems, irrespective of whether the gain applied in the receiver unit is
constant or variable, the transmission unit includes a gain model according to which the gain
applied to the audio signals supplied by the microphones of the transmission unit prior to
being transmitted to the receiver unit is controlled in a manner such as to avoid too high
sound levels at the loudspeaker, i.e. the gain is reduced at high sound input levels
(“compression”). Usually the gain model applied in the transmission unit is fixed and includes
at least a linear range of the level of the input audio signals in which the gain is constant and a
compressive range of the level of the input audio signals in which the gain decreases from the
constant gain value of the linear range with increasing level of the input audio signals,
wherein the boundary between the linear range and the compressive range is formed by a so-
called kneepoint; in other words, the gain is constant at low input levels and it is decreasing
with a certain slope at higher input levels. A typical value of the kneepoint is about 73 dB
SPL (Sound Pressure Level) of the input signal. There are also systems including a dynamic

gain model rather than a fixed gain model, wherein ambient noise may cause the system to
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increase the overall gain, while leaving the position of the kneepoint constant, which
improves the signal to noise ratio in the FM+M mode in the hearing instrument. While such a
dynamic gain model improves signal to noise ratio in noisy surroundings, it does not offer a

solution for soft speech input levels in fairly quiet conditions.

In general, wireless microphones may have variable distances to the mouth of the speaker
(unless the microphone is a boom microphone). At large distances and/or in case of soft
voices the speech level may be below the kneepoint level of the gain model of the
transmission unit. In this case, amplification of these signals would not be as high as desirable
(since the position of the slope of the compressive range is always the same, a relatively too
high kneepoint corresponds to a relatively too low amplification at low input levels). Hence,
especially in quiet conditions, soft voices or voices at a larger distance from the microphone
may become too soft, or when the distance to the mouth varies the sound level may vary

accordingly, resulting in an uneven sound image.

It is an object of the invention to provide for a method and a system for providing hearing
assistance to a user by using a wireless microphone, wherein the user comfort and benefit

should be enhanced.

According to the invention, this object is achieved by a method as defined in claim 1 and a

system as defined in claim 12, respectively.

The invention is beneficial in that, by applying a gain model wherein, for a each ambient
noise level, the gain varies as a function of the speech level and wherein the function varies
according the ambient noise level in such a manner that the ratio of the gain at low spech
levels and at high speech levels changes as a function of the ambient noise level, the effect of
the distance of the microphone to the mouth of the speaker on the sound level in quiet
conditions and at lower speech levels is reduced, whereby sound levels can be made more
stable and the allowed maximal distance between the speaker and the microphone is
increased. Thereby user comfort, user benefit and hence acceptance and usage of wireless

microphones can be increased.

Preferably, the gain model comprises a linear range in which the gain is constant irrespective
of the speech level of the input audio signals and a compressive range which is adjacent to the
linear range and in which compressive range the gain decreases with a given slope from the

constant gain value of the linear range with increasing speech level of the input audio signals,
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wherein the boundary between the linear range and the compressive range is formed by a
kneepoint, and wherein the position of the kneepoint is a function of the ambient noise level
while the slope of the compressive range remains fixed so that the constant gain value of the

linear range varies according to the position of the kneepoint.

Preferably, the kneepoint is shifted to lower speech levels of the input audio signals with
decreasing ambient noise levels, wherein the kneepoint is constant above a given threshold
value of the ambient noise level. At low ambient noise levels, reducing the kneepoint to lower
speech input levels corresponds to increasing the gain in the system, which will not improve
the SNR at the microphone position, but will result in making the speech signal less
susceptive to changes in level, which may be caused by variations in the distance between the
speaker’s mouth and the microphone. The higher gain will also result in a better SNR. at ear

level, provided the ambient noise level is low enough.

+. 3

the transmission unit

ain applied in the receiver unit to the audio signals received from the
may be constant or it may be variable depending on the presently prevailing auditory scene. In
the latter case the system may comprise a classification unit located in the transmission unit
for analyzing the audio signals prior to being transmitted in order to determine a present
auditory scene category from a plurality of auditory scene categories; a gain control unit
located in the receiver unit for setting the gain applied to the audio signals; and means for
transmitting gain control commands from the transmission unit to the gain control unit in
order to set, by the gain control unit, the gain applied to the audio signals according to the

present auditory scene category.
Preferred embodiments of the invention are defined in the dependent claims.

For the purposes of the present invention, the term “kneepoint” may designate both a (very
short range) of sharp transition of the gain and a (more extended) range of gradual transition
of the gain, i.e. a smoother transition of the gain between the linear range and the compressive

range.

In the following, examples of the invention will be illustrated by reference to the attached

drawings, wherein:

Fig. 1 is a block diagram of an example of a hearing assistance system according to the

invention;



10

15

20

25

WO 2010/133703 PCT/EP2010/063577

Fig. 2 is a diagram which shows an example of the kneepoint level of the gain model used in

the transmission unit of the system of Fig. 1 as a function of the ambient noise level;

Fig. 3 is a diagram which shows an example of the gain applied in the gain model of the
transmission unit of the system as a function of the input speech level for three

different kneepoint levels;

Fig. 4 is a diagram which shows an example of the output level of the system as a function of

the input speech level for three different kneepoint levels;

Fig. 5 is a diagram which shows an example of the SNR at ear level as a function of the input
speech level for different values of the ambient noise level and for different kneepoint

levels of the gain model;

Fig. 6 is a diagram which shows an example of the improvement in SNR as a function of the
input speech level, when comparing a given kneepoint level to two other kneepoint

levels, respectively.

Fig. 1 shows a block diagram of an example of a wireless hearing assistance system
comprising a transmission unit 10 and at least one ear unit 12 which is to be worn at or in one
of the user’s ears (an ear unit 12 may be provided only for one of the two ears of the user, or
an ear unit 12 may be provided for each of the ears). According to Fig. 1 the ear unit 12
comprises a receiver unit 14, which may supply its output signal to a hearing instrument 16
which is mechanically and electrically connected to the receiver unit 14, for example, via a
standardized interface 17 (such as a so-called “audio shoe™), or, according to a variant, to a
loudspeaker 18, which is worn at least in part in the user’s ear canal (for example, the
loudspeaker itself may be located in the ear canal or a sound tube may extend from the

loudspeaker located at the ear into the ear canal).

The hearing instrument 16 usually will be a hearing aid, such as of the BTE (Behind The
Ear)-type, the ITE (In The Ear)-type or the CIC (Completely In the Canal)-type. Typically,
the hearing instrument 16 comprises one or more microphones 20, a central unit 22 for
performing audio signal processing and for controlling the hearing instrument 16, a power

amplifier 24 and a loudspeaker 26.

The transmission unit 10 comprises a transmitter 30 and an antenna 32 for transmitting audio

signals processed in a central signal processing unit 46 via a wireless link 34 to the receiver
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unit 14, which comprises an antenna 36, a receiver 38 and a signal processing unit 40 for
receiving the audio signals transmitted via the link 34 in order to supply them to the hearing
instrument 16 or the speaker 18. The wireless audio link 34 preferably is an FM (frequency

modulation) link, but it could also be a different wireless link, like a digital radio link.

Rather than consisting of a receiver unit 14 connected to a hearing instrument 16 the ear unit
12, as an alternative, may consist of a hearing instrument 16’ into which the functionality of
the receiver unit 14, i.e. the antenna 36 and the receiver 38, is integrated. Such an alternative

is also schematically shown in Fig. 1.

The transmission unit 10 comprises a microphone arrangement 42, which usually comprises
at least two spaced-apart microphones M1 and M2, a beam-former 44, an audio signal
processing unit 46, an ambient noise estimation unit 48 and an input speech level estimation

unit 52.

The microphone arrangement 42 is provided for capturing audio signals from ambient sound,
usually the voice of a person, such as a teacher, using the transmission unit 10, which audio
signals are supplied to the beam former 44, wherein an acoustic beam forming algorithm is
applied to the input audio signals. The output signal of the beam-former 44 is supplied to the
audio signal processing unit 46. The input audio signals of at least one of the microphones
M1, M2 of the microphone arrangement 42 are also supplied to the ambient noise estimation
unit 48, which supplies a corresponding output signal to the audio signal processing unit 46 in
order to control the audio signal processing according to the ambient noise level, and to the
input speech level estimation unit 52, which estimates the input speech level of the audio
signals captured by the microphone arrangement 42 in order to supply this parameter to the
gain model implemented in the audio signal processing unit 46.” Preferably, for estimating the
ambient noise level in the ambient noise estimation unit 48, the ambient noise level is

averaged over 5 to 15 seconds.

The transmission unit 10 is designed as a portable unit which may serve several purposes: it
may be worn around a person’s neck, usually a person speaking to the user of the ear unit 10,
such as the teacher in a classroom teaching hearing-impaired persons, or a guide in a museum,
etc.; it may be placed stationary on a table, for example, during a conference meeting; it may
be held in the hand of the user of the ear unit 12; or it may be worn at the body of the user of

the ear unit 12.
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The audio signal processing unit 46 includes a gain model, and usually other elements, such

as noise cancelling algorithms and/or an equalizer, i.e. a frequency-dependent gain control.

An example of the gain model implemented in the audio signal processing unit 46 is shown in
Fig. 3, according to which the gain model comprises a linear range at levels of the input
speech signal which are below a kneepoint level K, which depends on the presently
estimated ambient noise level, for example, in the manner shown in Fig. 2, and a compressive
range at levels of the input speech signal above the kneepoint. In the linear range the gain is
constant, i.e. it does not depend on the input speech level, whereas in the compressive range
the gain decreases from the constant gain value of the linear range with a fixed slope with
increasing input speech levels (in the double-logarithmic representation of Fig. 3 the decrease
in the compressive range is linear). In Fig. 3 the gain curve is shown for three different values
(levels) of the kneepoint, namely at 63, 68 and 73 dB, respectively. Due to the fixed slope of
the compressive range, the constant gain value of the linear range increases when the level of

the kneepoint decreases.

As it is known in the art, at very low input speech levels the gain may be progressively
reduced from the constant value of the linear range with decreasing input speech levels (“soft
squelch” or “expansion™) in order to avoid transmission of noise signals at very low speech

levels (this optional feature is not shown in Figs. 2 to 6).

Fig. 2 shows an example of how the kneepoint level may vary as a function of the ambient
noise level, wherein the kneepoint level is constant, for example, at 73 dB SPL, for ambient
noise levels above 65 dB SPL, while it decreases with decreasing ambient noise level to
63 dB at ambient noise levels below 53 dB. In addition, for comparison Fig. 2 also shows the
constant, i.e. ambient noise level independent, kneepoint level of devices of the prior art,

wherein in the example the kneepoint level is constant at 73 dB.

Fig. 4 shows the corresponding FM system equivalent output as a function of the input speech
level for the three different kneepoint levels of Fig. 3, where it can be seen that shifting the
kneepoint to lower input speech levels causes the lower input speech levels to be mapped at

higher output levels.

The SNR at ear level is determined by the noise and speech levels at the microphone
arrangement 42 and at the hearing instrument microphone 20, by the gain applied by the FM

system and by the distance between the speaking person and the listening person. At least for
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relatively low sound levels of the speech at the microphone arrangement 42 of the
transmission unit 10 it can be assumed that the speech level directly arriving at the hearing aid
microphone 20 has no influence on the experienced SNR, the more as the distance between

the speaking person and the hearing aid microphone 20 usually will be relatively large.

The SNR at ear level is shown in Fig. 5, where K stands for the kneepoint level and N stands
for the ambient noise level. It can be seen in Fig. 5 that lowering the kneepoint level results in
an improved SNR at low input speech levels for the same ambient noise level. It is important

that lower kneepoint levels occur only when the ambient noise level is sufficiently low.

In Fig. 6 the SNR improvement by a kneepoint level of 73 dB versus a kneepoint level of
68 dB is compared to the improvement by a kneepoint level of 73 dB versus a kneepoint level
of 63 dB. It can be seen from Fig. 6 that in the latter case the SNR improvement is more

pronounced at low input speech levels.

Optionally, the transmission unit 10 may include a voice activity detector 50 for estimating
the presence of speech close to the microphone arrangement 42, in order to adapt the audio

signal processing scheme in the audio signal processing unit 46 accordingly.

In the system shown in Fig. 1 the gain applied to the audio signals received in the receiver
unit 14 is constant, i.e. it does not depend on the present auditory scene. However, the system
may be modified in such a manner that the gain applied to the received audio signals in the
receiver unit 14 is variable depending on the present auditory scene as classified by a
classifier implemented in the transmission unit 10. In such embodiments, the transmission
unit 10 not only transmits the audio signals to the receiver unit, but in addition it also
transmits control commands for setting the gain in the receiver unit 14 according to the
auditory scene as detected by the classifier in the transmission unit 10. Examples of such
variable gain devices are described in WO 2008/138365, EP 1 691 574 A2, EP 1819195 A2
and EP 1 863 320 Al.

As 1t is known in the art, at very low input speech levels the gain may be progressively
reduced from the constant value of the linear range with decreasing input speech levels (“soft
squelch” or “expansion”) in order to avoid transmission of noise signals at very low speech

levels (this optional feature is not shown in Figs. 2 to 6).
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Claims
A method for providing hearing assistance to a user, comprising:
capturing input audio signals by a microphone arrangement (42);

estimating a speech level of the input audio signals and an ambient noise level of the

input audio signals;

applying a gain model to the input audio signals in order to transform the input audio
signals into filtered audio signals, wherein, for a each ambient noise level, the gain
varies as a function of the speech level and wherein the function varies according the
ambient noise level in such a manner that the ratio of the gain at low speech levels and

at high speech levels changes as a function of the ambient noise level;

transmitting the filtered audio signals by a transmission unit (10) via a wireless audio
link (34) to a receiver unit (14, 36, 38) comprising or being connected to means (18, 26)
for stimulating the hearing of a user, the stimulating means being worn at or in the user’s

ear; and

stimulating the user’s hearing by the stimulating means according to the audio signals

supplied by the receiver unit.

The method of claim 1, wherein the gain model comprises a linear range in which the
gain is constant irrespective of the speech level of the input audio signals and a
compressive range which is adjacent to the linear range and in which compressive range
the gain decreases with a given slope from the constant gain value of the linear range
with increasing speech level of the input audio signals, wherein the boundary between
the linear range and the compressive range is formed by a kneepoint, and wherein the
position of the kneepoint is a function of the ambient noise level while the slope of the
compressive range remains fixed so that the constant gain value of the linear range

varies according to the position of the kneepoint.

The method of claim 2, wherein the kneepoint is shifted to lower speech levels of the

input audio signals with decreasing ambient noise level.

The method of claim 3, wherein the kneepoint is constant above a threshold value of the

ambient noise level.
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The method of one of the preceding claims, wherein the ambient noise level is averaged

over 5 to 15 seconds for estimating the ambient noise level.

The method of one of the preceding claims, wherein the microphone arrangement (42)
comprises at least two spaced apart microphones (M1, M2) and wherein the audio

signals captured by the microphones are processed by an acoustic beamformer unit (44).

The method of one of the preceding claims, wherein the input audio signals are
analyzed by a voice activity detector (50) in order to estimate the presence of speech

close to the microphone arrangement (42).

The method of one of the preceding claims, wherein the receiver unit is (14, 36, 38)
connected to or integrated within a hearing aid (16, 16°) and wherein the stimulation

means is the output transducer (26) of the hearing aid.

The method of claim 8, wherein the audio signals captured by the at least one
microphone (20) of the hearing aid (16, 16”) are mixed with the audio signals supplied
by the receiver unit (14).

The method of one of claims 1 to 8, wherein the stimulation means (18) is part of or

directly connected to the receiver unit (14).

The method of one of the preceding claims, wherein the audio link is an FM radio link

or a wireless digital radio link (34).
A system for providing hearing assistance to a user, comprising:
a microphone arrangement(42) for capturing input audio signals;

means (52) for estimating a speech level of the input audio signals and means (48) for

estimating an ambient noise level of the input audio signals;

an audio signal processing unit (46) for applying a gain model to the input audio signals
in order to transform the input audio signals into filtered audio signals, wherein, for a
each ambient noise level, the gain varies as a function of the speech level and wherein
the function varies according the ambient noise level in such a manner that the ratio of
the gain at low speech levels and at high speech levels changes as a function of the

ambient noise level;
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a receiver unit (14, 36, 38) comprising or being connected to means (18, 26) for
stimulating the hearing of a‘user, the stimulating means being worn at or in the user’s

ear;

a transmission unit (10) for transmitting the filtered audio signals via a wireless audio
link (34) to the receiver unit, the transmission unit comprising the estimating means (48,

52) and the audio signal processing unit (46);

wherein the received audio signals are supplied from the receiver unit to the stimulating

means.

The system of claim 12, wherein the gain model comprises a linear range in which the
gain is constant irrespective of the level of the speech input audio signals and a
compressive range, which is adjacent to the linear range and in which compressive
range the gain decreases with a given slope from the constant gain value of the linear
range with increasing speech level of the input audio signals, wherein the boundary
between the linear range and the compressive range is formed by a kneepoint, and
wherein the position of the kneepoint is variable as a function of the ambient noise level
while the slope of the compressive range remains fixed so that the constant gain value

of the linear range varies according to the position of the kneepoint
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