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(54) SYSTEM AND METHOD FOR PROVIDING HEARING ASSISTANCE

(57) There is provided a system for providing hearing
assistance to a user (10), comprising a streaming device
(14) configured to receive an audio source signal as a
non-acoustic first audio signal from an audio source de-
vice (12), to apply, by a delay application unit (26, 26A,
26B) of the streaming device, a compensation delay pro-
vided by a delay control unit (52, 54, 55) of the streaming
device to the received first audio signal and to wirelessly
transmit, via a wireless interface (28) of the streaming
device, he delayed first audio signal (27), as a wireless
audio stream (30); and an audio listening device (16)
including a microphone arrangement (42) for receiving
the audio source signal as an acoustic stream from the
audio source device and capturing a second audio signal
(38) from the acoustic stream; a wireless interface (32)

configured to receive the wireless audio stream contain-
ing the first audio signal from the streaming device and
to transmit a reference signal (46) obtained from the sec-
ond audio signal to the streaming device; and an output
transducer (36) for stimulating the user’s hearing accord-
ing to the first audio signal received from the wireless
audio stream. The delay control unit is configured to de-
termine the compensation delay based on the first audio
signal received from the audio source device and the
reference signal received from the audio listening device
in a manner so as to enhance synchronicity between the
stimulation of the user’s hearing by the acoustic stream
and the stimulation of the user’s hearing by the output
transducer.
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Description

[0001] The invention relates to a system and a method
for providing hearing assistance to a user, wherein an
audio source device, such as a TV set, provides an audio
source signal both as a non-acoustic audio signal and
as an acoustic stream and wherein a streaming device
transmits the audio signal from the audio source device
as a wireless audio stream to an audio listening device
which stimulates the user’s hearing according to the au-
dio signal received from the streaming device. The audio
listening device may be a hearing device to be worn at
ear level, such as a hearing aid, a headset or head-
phones.
[0002] A typical use case of such a system may be a
couple watching TV, wherein one person has a mild hear-
ing loss and therefore uses a hearing device with an open
fitting, while the partner is a normal hearing person. The
hearing impaired person receives the audio signal from
the TV set via a wireless audio stream provided by a
streaming device connected to the TV set to the audio
device worn by the hearing impaired user, while the nor-
mal hearing partner listens to the TV set via the TV loud-
speakers or an external sound system connected to the
TV set. When the user of the hearing device has an open
fitting, such as headphones or a hearing instrument with
vented domes, which allows the hearing device user to
still converse with the normal hearing partner while
watching TV, the hearing device user also can hear the
TV acoustic stream, to which the normal hearing partner
listens, in addition to the wireless audio stream.
[0003] Typically, the acoustic stream and the wireless
audio stream will not be received in synchronicity by the
user of the hearing device, primarily due to the propaga-
tion delay of the acoustic stream resulting from the dis-
tance between the TV loudspeaker and the hearing de-
vice, resulting in degraded audio quality. For example,
the comb filter effect degrades the audio quality at delays
of only a few milliseconds, whereas delays of more than
50 msec will produce distinctive echoes. Each meter of
distance between the TV loudspeakers and the user of
the hearing device will add a delay of approximately 3
msec.
[0004] There are TV sets which delay the acoustic
stream provided by the loudspeaker by several tens of
milliseconds to compensate for the image processing
and rendering time. In some TV sets the digital audio
stream presented on the optical output has a program-
mable delay so that the user can synchronize the image
and the sound ("lip synchronization"), considering the de-
lay introduced by an external sound system. Conse-
quently, by default setting, in such system the audio
stream is presented on the digital output by a certain time
interval earlier than being rendered acoustically via the
loudspeakers. This gives the opportunity to compensate
the delay in the digital audio stream for external sound
systems, such as sound bars or home theatres.
[0005] The programmable delay on the digital output

is a coarse setting in such systems, typically with a gran-
ularity 10 msec, so as to achieve lip synchronization cor-
rection. A coarse granularity of the delay adjustment does
not allow for achieving a precise synchronicity at a given
listening distance from the TV set, and a manual adjust-
ment of the delay requires that for any change of the
listening location the adjustment has to be repeated.
[0006] WO 2010/133246 A1 relates to a TV streaming
system for hearing aids wherein either an audio signal
captured by the hearing aid microphone from the TV
acoustic stream or the audio signal received via the wire-
less link by the hearing aid is reproduced to the hearing
aid user via the hearing aid loudspeaker. That one of the
two audio signals which is not presented to the user is
utilized for optimizing presentation of the other audio sig-
nal. For example, the wirelessly received signal is used
to build a signal model of the signal source as a target
reference for sound cleaning algorithms on the acoustic
audio path.
[0007] WO 94/04010 A1 relates to an audio enhance-
ment system for concert venues comprising main loud-
speakers and a wirelessly connected headphone, where-
in the wireless stream is provided in several channels
having different preset delay of the wireless audio signal
so that the user of the headphone can select, depending
on his/her location relative to the main speakers, the
channel with the most appropriate preset delay.
[0008] US 2019/0295525 A1 relates to an audio en-
hancement system for use in concert venues, comprising
a mobile receiver device with a headphone for each lis-
tener, wherein in the mobile receiver device the wireless-
ly streamed audio signal and an audio signal captured
by a microphone of the headset from the acoustic stream
provided by the main speakers are compared so as to
automatically compensate for an audio delay in the
acoustic stream. A similar system is known from WO
2012/048299 A1, wherein the dedicated mobile device
of the listener is provided with a microphone for capturing
an audio signal from the acoustic stream provided by the
main speakers.
[0009] US 2011/0142268 A1 relates to a wireless TV
set to be used with a hearing aid, wherein the hearing
aid receives both an acoustic stream provided by a loud-
speaker of the TV set and, directly or via a mobile relay
device, a wireless stream of the audio signal. A delay
between the acoustic stream and the audio signal in the
wireless stream is determined in the hearing aid or the
relay device, respectively, by comparing the received sig-
nals, and the corresponding delay information is trans-
mitted wirelessly to the TV set which then applies the
respective delay compensation on the loudspeaker input
to delay the acoustic stream.
[0010] It is an object of the invention to provide for a
hearing assistance system wherein an audio source sig-
nal is provided both as a wireless stream and as an
acoustic stream to the user of an audio listening device
and wherein audio quality is to be optimized in a user-
friendly manner, without the need for significantly in-
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creased resources in the listening device. It is a further
object to provide for a corresponding method.
[0011] According to the invention, these objects are
achieved by systems as defined in claims 1 and 12 and
corresponding methods as defined in claims 14 and 15,
respectively.
[0012] The invention is beneficial in that, by providing
a wireless back link from the listening device to the
streaming device, which may be used for measuring a
distance between the streaming device and the listening
device or for supplying a reference signal derived from
the acoustic stream received by the listening device, the
streaming device is enabled to apply a suitable compen-
sation delay to the wirelessly transmitted audio signal so
as to enhance synchronicity between the stimulation of
the user’s hearing by the acoustic stream and the stim-
ulation of the user’s hearing by the output transducer of
the listening device.
[0013] In particular, thereby the compensation delay
can be determined by the streaming device, rather than
by the audio listening device, which typically has limited
resources only. Accordingly, the complexity can be
pushed to that part of the system which is less resource
constrained, in particular with regard to power supply (ca-
bled power supply versus battery) and form factor (the
larger housing of the streaming device allows more mem-
ory storage and computation power). This solution also
avoids the need for manual adjustment of the compen-
sation delay on the TV set, allowing for a user transparent
solution with automatic adaptation to the user’s location
and improved sound quality due to fine tuning of the com-
pensation delay.
[0014] According to one example, the reference signal
may be derived from the second audio signal by extract-
ing at least one feature from the second audio signal;
according to another example, the reference signal may
correspond to the second audio signal.
[0015] According to one example, the extracted fea-
ture(s) include(s) at least one of: a normalized spectro-
gram in the Bark domain, a time domain signal envelope,
occurrences of speech pauses or silence, a normalized
magnitude output of one or more band-pass filters.
[0016] According to one example, the delay control unit
is configured to compare the first audio signal or at least
one feature extracted from first audio signal to the refer-
ence signal so as to determine an estimate of the latency
of the reference signal with regard to the first audio signal.
[0017] The streaming device may be configured to ex-
tract the same feature(s) as included in the reference
signal from the first audio signal and to compare the fea-
ture(s) extracted from the first audio signal to the fea-
ture(s) included in the reference signal so as to determine
the reference signal latency estimate.
[0018] The reference signal latency estimate may in-
clude a pattern matching method applied to the extracted
feature(s), such as a correlation analysis or a maximum
absolute difference method (MAD).
[0019] According to one example, the streaming de-

vice and the listening device may be configured to exe-
cute a measurement of the distance between them,
wherein a traveling time of the acoustic stream from the
streaming device and the listening device is estimated
based on the measured distance, and wherein the esti-
mated traveling time is used in the reference signal la-
tency estimate.
[0020] According to one example, the streaming de-
vice comprises a microphone arrangement for capturing
the acoustic stream, wherein the streaming device is con-
figured to determine a delay of the arrival of the acoustic
stream at the streaming device relative to the first audio
signal received from the audio source device, and where-
in the delay of the arrival of the acoustic stream at the
streaming device relative to the first audio signal received
from the audio source device is used in the reference
signal latency estimate.
[0021] According to one example, the delay control unit
is configured to determine a confidence level of the ref-
erence signal latency estimate.
[0022] According to one example, the wireless inter-
face of the audio listening device is configured to transmit,
in addition to the reference signal, metadata indicative
of a physical activity of the user.
[0023] According to one example, the delay control unit
is configured to determine the stability in time of the ref-
erence signal latency estimate, the confidence level of
the reference signal latency estimate and the metadata
indicative of a physical activity of the user.
[0024] According to one example, the delay control unit
is configured to determine the compensation delay based
on the reference signal latency estimate.
[0025] According to one example, the delay control unit
is configured to set the compensation delay by taking in
addition into account at least one of the confidence level,
the metadata indicative of a physical activity of the user,
and the stability in time of the reference signal latency
estimate, the confidence level of the reference signal la-
tency estimate and the metadata indicative of a physical
activity of the user.
[0026] According to one example, the delay control unit
is configured to set the compensation delay by adding a
delay offset so as to account for a latency of the feature
extraction and for a latency of the transmission of the
reference signal.
[0027] According to one example, the streaming de-
vice and the listening device are configured to execute
a measurement of the distance between them, wherein
the delay control unit is configured to determine or update
the compensation delay during times only when it is de-
termined by a distance measurement that the distance
between the streaming device and the listening device
has changed by at least a certain predefined amount.
[0028] According to one example, the delay control unit
is configured to update the compensation delay during
times only when it is determined from the audio signal
captured by the microphone arrangement of the audio
listening device that the user is actually watching the au-

3 4 



EP 4 344 252 A1

4

5

10

15

20

25

30

35

40

45

50

55

dio source device.
[0029] According to one example, the delay control unit
is configured to update the compensation delay only
when it is determined that the updated compensation de-
lay would differ by at a least a given threshold from the
presently applied compensation delay.
[0030] According to one example, the delay control unit
is configured to update the compensation delay only
when it is determined that the confidence level is greater
than a threshold value.
[0031] According to one example, the streaming de-
vice is configured to adjust the compensation delay by
cross fading of the present compensation delay and the
new compensation delay.
[0032] According to one example, the audio source de-
vice is configured to provide the first audio signal as an
electric signal and/or as an optical signal.
[0033] According to one example, the wireless inter-
faces are configured to operate in the 2.4GHz ISM-band.
For example, the wireless interfaces may be configured
to use a Bluetooth Low Energy protocol.
[0034] According to one example, the wireless inter-
face of the audio listening device is configured to use in
the transmission of the reference signal a modulation set-
ting different from that used by the wireless interface of
the streaming device when transmitting the wireless
stream. In particular, the wireless interface of the audio
listening device may be configured to use in the trans-
mission of the reference signal a lower data rate than
used by the wireless interface of the streaming device
when transmitting the wireless stream.
[0035] According to one example, the audio listening
device is a hearing device configured to be worn at ear
level. In particular, the audio listening device may be a
hearing instrument, a hearing aid, a cochlear implant, a
headset, an earphone or a headphone.
[0036] According to one example, the listening device
is configured to compare the delayed first audio signal
received by the listening device via the wireless audio
stream is compared in to the second audio signal so as
to obtain information regarding room acoustics, back
noises, and/or acoustic interferences, which information
is used as input to a sound cleaning algorithm performed
in the listening device for processing audio signals cap-
tured by the microphone arrangement of the listening de-
vice for reproduction by the output transducer of the lis-
tening device.
[0037] According to one example, the distance meas-
urement uses bidirectional wireless communication be-
tween the wireless interfaces of the streaming device and
the listening device to measure the distance between the
streaming device and the listening device. In particular,
the distance measurement may be executed periodically.
The distance measurement is initiated by the streaming
device or by the listening device. For example, the dis-
tance measurement may use at least one of a time of
flight measurement and a radio phase measurement. In
particular, the distance measurement uses an ultra wide

band (UWB) technology.
[0038] According to one example, the audio source de-
vice is configured to provide the audio source signal both
as the non-acoustic first audio signal and as the acoustic
stream. For example, the audio source device may be a
TV set comprising a loudspeaker arrangement for gen-
erating the acoustic stream.
[0039] According to one example, a distance between
the loudspeaker arrangement and the listening device is
estimated from the estimation of the latency of the refer-
ence signal with regard to the first audio signal, wherein
the listening device is configured to receive the wireless
audio stream only during times when the estimated dis-
tance is below a predefined or user adjustable threshold
value.
[0040] Preferred embodiments of the invention are de-
fined in the dependent claims.
[0041] Hereinafter, examples of the invention will be
illustrated by reference to the attached drawings, where-
in:

Fig. 1 is a schematic illustration of a first example of
a system according to the invention;

Fig. 2 is a schematic illustration of a system according
to a second example of the invention;

Fig. 3 is a schematic illustration of an example of a
listening device to be used with the invention;

Fig. 4 is a schematic illustration of an example of a
streaming device to be used with the invention;
and

Fig. 5 is a schematic illustration of an example of com-
pensation delay adjustment in the streaming
device of Fig. 4.

[0042] A "hearing device" as used hereinafter is any
ear level device suitable for reproducing sound by stim-
ulating a user’s hearing, such as an electroacoustic hear-
ing aid, a bone conduction hearing aid, an active hearing
protection device, a hearing prostheses device such as
a cochlear implant, a wireless headset, an earbud, an
earplug, an earphone, etc.
[0043] Fig. 1 is a schematic illustration of a first exam-
ple of a system for providing hearing assistance to a user
10, comprising an audio source device 12, a streaming
device 14 and an audio listening device 16 to be worn
by the user 10. The audio source device 12 provides an
audio source signal both as an acoustic stream 18 and
as a non-acoustic first audio signal 20. According to one
example, the audio source device may be a TV set in-
cluding - or being connected to - a loudspeaker arrange-
ment 22 for generating the acoustic stream 18 and com-
prising an audio signal output 24, such as an optical out-
put, where the audio source signal is provided as a digital
signal. The loudspeaker arrangement 22 may comprise

5 6 



EP 4 344 252 A1

5

5

10

15

20

25

30

35

40

45

50

55

a built-in loudspeaker set and/or an external sound bar
or other external sound system.
[0044] The digital signal provided at the output 24 is
supplied to the streaming device 14 where it is delayed
in a delay application unit 26 (see Fig. 4) by applying a
certain compensation delay to the first audio signal 20
received from the audio source device 12. The delayed
first audio signal 27 then is transmitted via a wireless
interface 28 of the streaming device 14 as a wireless
audio stream 30 to the listening device 16 where it is
received by a wireless interface 32 of the listening device
16. The first audio signal received by the wireless inter-
face 32 of the listening device 16 is supplied to a process-
ing unit 34 and from there to an output transducer 36 for
stimulating the hearing of the user 10.
[0045] The amount of compensation delay applied in
the delay application unit 26 is selected such that the
synchronicity between the stimulation of the user’s hear-
ing by the output transducer, i.e., the stimulation by the
reproduction of the first audio signal wirelessly received
from the streaming device 14, and the stimulation of the
user’s hearing by the acoustic stream 18 provided by the
loudspeaker arrangement 22 of the audio source device
12 is enhanced or optimized, so as to enhance audio
quality.
[0046] In the example of Fig. 1, the amount of com-
pensation delay is determined in a delay control unit 55
of the streaming device 14 based on the first audio signal
20 received from the audio source device 12 and a ref-
erence signal 46 received via a wireless back link 40 from
the listening device 16. The wireless back link 40 is es-
tablished by the wireless interface 32 of the listening de-
vice 16 and the wireless interface 28 of the streaming
device 14. The reference signal 46 is obtained from a
second audio signal 38 in the listening device which is
captured by a microphone arrangement 42 of the listen-
ing device 16 from the acoustic stream 18.
[0047] Typically, the audio listening device 16 is a hear-
ing device to be worn at ear level and may be a hearing
instrument, such as a hearing aid or cochlea implant, a
headset, an earphone or a headphone. Such devices
usually are constrained with regard to power consump-
tion and hence with regard to transmit power, so that
usually the transmission power of the listening device 16
will be lower than the transmission power of the streaming
device 14. In order to compensate such lower transmis-
sion power (which would result in shorter transmission
range) the back link 40 may use a modulation setting
which is different from that used by the wireless (forward)
stream 30. In particular, a lower data rate may be used
in the back link 40 for improving the sensibility, so as to
compensate for the range reduction resulting from the
reduced transmission power (a lower data rate allows for
a narrower RF channel so that the receiver captures less
noise energy which allows to detect weaker RF signal,
resulting in improved receiver sensitivity).
[0048] In view of the limited transmission power/band-
width of the back link 40 it is desirable to not use the

second audio signal 38 as captured as the reference sig-
nal but rather to extract at least one feature from the
second audio signal 38 so as to allow for reduced band-
width of the back link 40. The extracted feature(s) should
allow an accurate and stable estimate of the stream la-
tency, should be robust against room acoustics and
should be lightweight in terms of bit rate. Suitable exam-
ples for the extracted feature(s) are at least one of a nor-
malized spectrogram in the Bark domain, a time domain
signal envelope, occurrences of speech pauses or si-
lence or a normalized magnitude output of one or more
bandpass filters. As shown in Fig. 3, the listening device
16 comprises a feature extraction unit 48 for extracting
the desired feature(s) from the second audio signal 38
captured by the microphone arrangement 42 of the lis-
tening device 16 from the acoustic stream 18, so as to
generate the reference signal 46 to be transmitted via
the back link 40 to the streaming device 14.
[0049] According to one example, the wireless inter-
faces 28, 32 operate in the 2.4 GHz ISM band. In partic-
ular, the interfaces 28, 32 may use a version of the Blue-
tooth low energy protocol which allows to use different
modulation settings in both directions.
[0050] An example of how the required amount of com-
pensation delay can be determined in the delay control
unit 55 from the reference signal 46 is illustrated in Fig.
4, wherein the first audio signal 20 is compared in the
delay control unit 55 to the reference signal received by
the wireless interface 28 of the streaming device 14, so
as to determine a time delay estimation between these
two signals. To this end, the streaming device 14 com-
prises a feature extraction unit 44 for extracting the same
feature(s) as included in the reference signal 46 received
by the wireless interface 28.
[0051] The output signal 50 of the feature extraction
unit 44 and the reference signal 46 are supplied to a
latency estimation unit 52 of the delay control unit 55 for
estimating the time delay or latency of the reference sig-
nal 46 (which is representative of the reception of the
acoustic stream 18 by the listening device 16 - and hence
by the user 10) with regard to the first audio signal 20
(which is representative of the reception of the audio
source signal via the wireless stream 30).
[0052] The latency estimation unit 52 may, for exam-
ple, shift the feature signals 50 and 46 relative to each
other so as to determine the best match, corresponding
to the delay / latency of the reference signal 46 relative
to the first audio signal 50. The best match may be de-
termined, for example by a correlation analysis or a max-
imum absolute difference (MAD) analysis or any other
pattern matching method.
[0053] The latency estimation unit 52 also may provide
for a confidence level of the latency estimation. For ex-
ample, if f(x) is the pattern matching method used in the
latency estimation unit 52, then argmax(f(x)) provides the
latency estimate and max(f(x)) can be used as a metric
of confidence on the latency estimate. For example, such
confidence metric may be used to adjust the applied com-
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pensation delay only when it is determined that the user
is actually watching TV, which situation is reflected by a
high proportion of the TV audio stream in the acoustic
field captured by the microphone arrangement 42 of the
listening device 16 (typically, when the user is watching
TV, there is no concurrent conversation with other per-
sons and the acoustic pickup faces the TV set). The con-
fidence level metric actually reflects the fact that the delay
estimation in the latency estimation unit 52 loses preci-
sion when the sound at the listening device 16 contains
a significant amount of sources apart from the TV audio
stream 18, such as house noises or the partner’s voice.
[0054] The back link 40 may be used to transmit, in
addition to the reference signal 46 representative of the
second audio signal 38 captured by the microphone ar-
rangement 42 of the listening device 16, metadata like
information on the user’s physical activity (for example,
whether or not the user is presently walking). According
to one example, the latency estimation unit 52 may set
the compensation delay to be applied in the delay appli-
cation unit 26 based on the latency estimation obtained
by the pattern matching method, taking into account in
addition at least one of the confidence level, the metadata
indicative of the user activity and the stability in time of
those parameters.
[0055] Further, as indicated at 54 in Fig. 4, the delay
control unit 55 may add a delay offset to the latency es-
timation provided by the latency estimation unit 52 so as
to account for a latency of the feature extraction and for
a latency in the transmission of the reference signal 46,
and any other potential factor of bias.
[0056] In principle, the desirable compensation delay
to be applied in the delay application unit 26 may be con-
tinuously/regularly determined by the latency estimation
unit 52 and may be updated accordingly when necessary.
However, as already mentioned above, it may be desir-
able to update the compensation delay only during times
when it is determined that the user of the listening device
16 is actually watching TV. Further, in order to avoid un-
pleasant user experience, the compensation delay may
be updated only if the updated compensation delay dif-
fers from the presently applied compensation delay at
least by a given minimum difference. Also, the compen-
sation delay may be updated only when it is determined
that the confidence level is greater than a threshold value.
[0057] When the latency estimation unit 52 decides
that the compensation delay should be updated, a soft
transmission should be initiated in the audio path to avoid
unpleasant audio artefacts. For example, as illustrated
in Fig. 5, a cross fading method may be implemented,
wherein two delay application units 26A and 26B are pro-
vided in parallel for applying, in parallel, the old compen-
sation delay A in unit 26A and the new compensation
delay B in unit 26B in parallel to the first audio signal 20.
The final delayed signal 27, which is supplied to the wire-
less interface 28, is obtained as a weighted sum of the
two parallel signals, wherein the weight ("cross fading
gain") is gradually increased from 0 to 1.

[0058] A modified example of the system of Fig. 2 is
shown, wherein the system in addition implements a dis-
tance measurement feature for estimating and taking into
account the distance between the streaming device 14
and the listening device 16 when setting the compensa-
tion delay. Such distance measurement can be achieved
by using the bidirectional wireless communication be-
tween the wireless interfaces 32, 28 of the streaming
device 14 and the listening device 16 via the wireless
forward link 30 and the wireless back link 40. While in
principle wireless distance measurements can be con-
ducted based on the received signal strength, such as
given by the Received Signal Strength Indicator (RSSI)
value, measurement techniques based on a time of flight
measurement or a radio phase measurement, in partic-
ular using ultrawide band (UWB) technology, are consid-
erably more accurate, with errors below 0.5 m being ob-
tainable independent of the distance (see, for example,
Myo Min Thein at al. (April, 2019), "Comparing the Ac-
curacy of Bluetooth Low Energy and UWB Technology
for In-room Positioning", Worcester Polytechnic Insti-
tute).
[0059] In order to minimize power consumption at the
listening device 16, a distance measurement between
the listening device 16 and the streaming device 12 may
be executed periodically with period lengths of 0.1 to 10
sec. The distance measurement may be initiated by the
listening device 16, or it may be initiated by the streaming
device 14. In the latter case, the listening device 16 may
be notified regarding the measurement via a control mes-
sage transmitted on the forward link 30.
[0060] According to one example, the distance meas-
urement information may be used to reduce power con-
sumption required for transmission of the reference sig-
nal by transmitting the reference signal 46 from the lis-
tening device 16 to the streaming device 14 and conduct-
ing a determination of the reference signal latency esti-
mate in the latency estimation unit 52 only when it has
been determined that the distance between the stream-
ing device 14 and the listening device 16 has changed
at least by a certain predefined amount (what indicates,
for example, that the user 10 has moved or is moving).
[0061] According to another example, the distance
measurement information may be used for improving the
audio latency estimation algorithm. A distance measure-
ment result can be used to compute an estimate of the
expected latency, which estimate can be used to improve
or simplify the latency estimation algorithm. In this exam-
ple, a travelling time of the acoustic stream 18 from the
audio source device 12 to the listening device 16 may be
estimated based on the measured distance (for example,
typically the streaming device 14 will be located close to
the audio source device 12 and/or the typical distance
between the streaming device 14 and the audio source
device 12 will be known, as these components do not
move during use); the measured distance can be used
as some kind of calibration for the reference signal laten-
cy estimate.
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[0062] Further, as illustrated in Fig. 2, the streaming
device 14 may be provided with a microphone arrange-
ment 60 for capturing an audio signal from the acoustic
stream 18 provided by the loudspeaker arrangement 22
of the audio source device 12, so as to determine a delay
between such captured audio signal 62 and the first audio
signal 20 received from the audio source device 12 in a
delay measurement unit 64. The signal delay determined
in the delay measurement unit 64 is representative of the
delay of the arrival of the acoustic stream 18 at the
streaming device 14 relative to the digital signal provided
at the output 24 of the audio source device 12.
[0063] Thus, the expected total latency of the audio
signal in the acoustic stream 18 received at the listening
device 16 (and hence at the user 10) relative to the wire-
lessly received audio signal corresponds approximately
to the sum of the delay between the audio signal 62 cap-
tured by the microphone arrangement 60 of the stream-
ing device 14 and the first audio signal 20 from the audio
source device 12 (i.e., the delay determined by the delay
measurement unit 64) and the propagation delay of the
acoustic stream 18 resulting from the distance of the user
10 to the loudspeaker arrangement 22 of the audio
source device 12. Hence, the audio latency estimation
algorithm applied in the latency estimation unit 52 of the
streaming device 14 may be further improved by taking
into account the latency measured by the delay meas-
urement unit 64 of the streaming device 14 in addition to
the measured distance between the streaming device 14
and the listening device 16.
[0064] It is noted that in case that a high accuracy dis-
tance measurement with a distance measurement error
of, for example, less than 50 cm is available, the latency
of the acoustic stream 18 may be computed based on
the distance measurement and a latency measurement
via the microphone arrangement 60 at the streaming de-
vice 14. Thus, an appropriate compensation delay may
be applied by the delay compensation unit 26 without the
need for having the listening device 16 transmit a refer-
ence signal containing audio features of the audio signal
captured by the microphone arrangement 42 of the lis-
tening device 16. In this case, the wireless back link 40
would be required for the distance measurement only.
By eliminating the need to transmit an audio signal or
features extracted from the audio signal via the back link
40 this solution allows to reduce power consumption and
complexity at the listening device 16.
[0065] In general, the distance between the loud-
speaker arrangement 22 of the audio source device 12
and the listening device 16 may be estimated from the
estimate of the latency of the reference signal with regard
to the first audio signal. Such estimated distance is rep-
resentative of the distance of the user of the listing device
16 from the loudspeaker arrangement 22 of the audio
source device 12; this user distance information may be
utilized in several ways, on streaming side and/or on the
listening side.
[0066] For example, the listening device 16 may decide

not to render the wireless audio stream at all if the dis-
tance is above a certain threshold. This threshold may
even be given as a user setting, e.g., on a smartphone
application of the listening device 16.
[0067] Further, for a binaural fitting, i.e., for a user
wearing two listening devices 16, the system may provide
two user distance estimates, one for each ear. If the user
is not facing the audio source device 12 (or its loudspeak-
er arrangement 22), then the acoustic streams 18 arrive
at some angle on the user’s side, which angle can be
estimated from the difference in the left ear and right ear
user distance estimates. In this case the listening devices
can apply angle-of-incidence-dependent filters (i.e.,
Head Related Transfer Functions) on the received wire-
less audio stream 30 such that the user perceives the
wireless audio stream arriving from the same direction
than the acoustic audio stream.

Claims

1. A system for providing hearing assistance to a user
(10), comprising

a streaming device (14) configured to receive
an audio source signal as a non-acoustic first
audio signal from an audio source device (12),
to apply, by a delay application unit (26, 26A,
26B) of the streaming device, a compensation
delay provided by a delay control unit (52, 54,
55) of the streaming device to the received first
audio signal and to wirelessly transmit, via a
wireless interface (28) of the streaming device,
the delayed first audio signal (27), as a wireless
audio stream (30); and
an audio listening device (16) including

a microphone arrangement (42) for receiv-
ing the audio source signal as an acoustic
stream from the audio source device and
capturing a second audio signal (38) from
the acoustic stream;
a wireless interface (32) configured to re-
ceive the wireless audio stream containing
the first audio signal from the streaming de-
vice and to transmit a reference signal (46)
obtained from the second audio signal to
the streaming device; and
an output transducer (36) for stimulating the
user’s hearing according to the first audio
signal received from the wireless audio
stream;

wherein the delay control unit is configured to
determine the compensation delay based on the
first audio signal received from the audio source
device and the reference signal received from
the audio listening device in a manner so as to
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enhance synchronicity between the stimulation
of the user’s hearing by the acoustic stream and
the stimulation of the user’s hearing by the out-
put transducer.

2. The system of claim 1, wherein the reference signal
(46) is derived from the second audio signal (38) by
extracting at least one feature from the second audio
signal or wherein the reference signal corresponds
to the second audio signal.

3. The system of claim 2, wherein the extracted fea-
ture(s) include(s) at least one of: a normalized spec-
trogram in the Bark domain, a time domain signal
envelope, occurrences of speech pauses or silence,
and a normalized magnitude output of one or more
band-pass filters.

4. The system of one of claims 2 and 3, wherein the
delay control unit (52, 54, 55) is configured to com-
pare the first audio signal (20) or at least one feature
(50) extracted from first audio signal to the reference
signal (46) so as to determine an estimate of the
latency of the reference signal with regard to the first
audio signal.

5. The system of claim 4, wherein the streaming device
(14) and the listening device (16) are configured to
execute a measurement of the distance between
them, wherein a traveling time of the acoustic stream
(18) from the streaming device and the listening de-
vice is estimated based on the measured distance,
and wherein the estimated traveling time is used in
the reference signal latency estimate.

6. The system of one of claims 4 and 5, wherein the
streaming device (14) comprises a microphone ar-
rangement (60) for capturing the acoustic stream
(18), wherein the streaming device is configured to
determine a delay of the arrival of the acoustic stream
at the streaming device relative to the first audio sig-
nal (20) received from the audio source device (12),
and wherein the delay of the arrival of the acoustic
stream at the streaming device relative to the first
audio signal received from the audio source device
is used in the reference signal latency estimate.

7. The system of one of claims 4 to 6, wherein the delay
control unit (52, 54, 55) is configured to determine
the compensation delay based on the reference sig-
nal latency estimate.

8. The system of one of claims 4 to 7, wherein the
streaming device (14) and the listening device (16)
are configured to execute a measurement of the dis-
tance between them and wherein the delay control
unit (52, 54, 55) is configured to update the compen-
sation delay during times only when it is determined

by a distance measurement that the distance be-
tween the streaming device and the listening device
has changed by at least a certain predefined amount.

9. The system of one of claims 4 to 8, wherein the delay
control unit (52, 54, 55) is configured to update the
compensation delay during times only when it is de-
termined from the audio signal captured by the mi-
crophone arrangement (42) of the audio listening de-
vice (16) that the user is actually watching the audio
source device (12).

10. The system of one of the preceding claims, wherein
the wireless interface (32) of the audio listening de-
vice (16) is configured to use in the transmission of
the reference signal (46) a modulation setting differ-
ent from that used by the wireless interface (28) of
the streaming device (14) when transmitting the wire-
less stream (30).

11. The system of claim 10, wherein the wireless inter-
face (32) of the audio listening device (16) is config-
ured to use in the transmission of the reference signal
(46) a lower data rate than used by the wireless in-
terface (28) of the streaming device (14) when trans-
mitting the wireless stream (30).

12. A system providing hearing assistance to a user (10),
comprising

a streaming device (14) configured to receive
an audio source signal as a first audio signal
from an audio source device (12), to apply, by
a delay application unit (26, 26A, 26B) of the
streaming device, a compensation delay provid-
ed by a delay control unit (52, 54, 55) of the
streaming device to the received first audio sig-
nal and to wirelessly transmit, via a wireless in-
terface (28) of the streaming device, the delayed
first audio signal (27) as a wireless audio stream
(30); and
an audio listening device (16) including

a microphone arrangement (42) for receiv-
ing the audio source signal as an acoustic
stream from the audio source device and
capturing a second audio signal (38) from
the acoustic stream;
a wireless interface (32) configured to re-
ceive the wireless audio stream containing
the first audio signal from the streaming de-
vice and to transmit a distance measure-
ment signal to the streaming device, said
distance measurement signal allowing the
streaming device to measure the distance
between the streaming device and the lis-
tening device; and
an output transducer (36) for stimulating the
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user’s hearing according to the first audio
signal received from the wireless audio
stream,

wherein the delay control unit is configured to
determine the delay applied to the received first
audio signal based on the distance measure-
ment signal received from the audio listening de-
vice in a manner so as to enhance synchronicity
between the stimulation of the user’s hearing by
the acoustic stream and the stimulation of the
user’s hearing by the output transducer.

13. The system of one of claims 5, 8 and 12, wherein
the distance measurement uses bidirectional wire-
less communication between the wireless interfaces
(28, 32) of the streaming device (14) and the listening
device (16) to measure the distance between the
streaming device and the listening device.

14. A method of providing hearing assistance to a user
(10), comprising

providing, by an audio source device (12), an
audio source signal both as a non-acoustic first
audio signal (20) and as an acoustic stream (18);
receiving, by a streaming device (14), the first
audio signal from the audio source device;
providing, by a delay control unit (52, 54, 55) of
the streaming device, a compensation delay and
applying, by a delay application unit (26, 26A,
26B) of the streaming device, the compensation
delay to the received first audio signal;
wirelessly transmitting, via a wireless interface
(28) of the streaming device, the delayed first
audio signal (27) as a wireless audio stream
(30);
receiving, by a microphone arrangement (42) of
an audio listening device (16), the acoustic
stream and capturing a second audio signal (38)
from the acoustic stream;
receiving, by a wireless interface (32) of the lis-
tening device, the wireless audio stream con-
taining the first audio signal from the streaming
device and transmitting a reference signal (46)
obtained from the second audio signal to the
streaming device;
stimulating, by an output transducer (36) of the
listening device, the user’s hearing according to
the first audio signal received from the wireless
audio stream,
wherein the compensation delay is determined
by the delay control unit based on the first audio
signal received from the audio source device
and the reference signal received from the audio
listening device in a manner so as to enhance
synchronicity between the stimulation of the us-
er’s hearing by the acoustic stream and the stim-

ulation of the user’s hearing by the output trans-
ducer.

15. A method of providing hearing assistance to a user
(10), comprising

providing, by an audio source device (12), an
audio source signal both as a non-acoustic first
audio signal (20) and as an acoustic stream (18);
receiving, by a streaming device (14), the first
audio signal from the audio source device;
providing, by a delay control unit (52, 54, 55) of
the streaming device, a compensation delay and
applying, by a delay application unit (26, 26A,
26B) of the streaming device, the compensation
delay to the received first audio signal;
wirelessly transmitting, via a wireless interface
(28) of the streaming device, the delayed first
audio signal (27) as a wireless audio stream
(30);
receiving, by a microphone arrangement (42) of
an audio listening device (16), the acoustic
stream and capturing a second audio signal (38)
from the acoustic stream;
receiving, by a wireless interface (32) of the lis-
tening device, the wireless audio stream con-
taining the first audio signal from the streaming
device and transmitting a distance measure-
ment signal to the streaming device, said dis-
tance measurement signal allowing the stream-
ing device to measure the distance between the
streaming device and the listening device;
stimulating, by an output transducer (36) of the
listening device, the user’s hearing according to
the first audio signal received from the wireless
audio stream,
wherein the compensation delay is determined
by the delay control unit based on the distance
measurement signal received from the audio lis-
tening device in a manner so as to enhance syn-
chronicity between the stimulation of the user’s
hearing by the acoustic stream and the stimula-
tion of the user’s hearing by the output transduc-
er.
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