
Printed by Jouve, 75001 PARIS (FR)

(19)
E

P
3 

50
6 

65
9

A
1

TEPZZ¥5Z6659A_T
(11) EP 3 506 659 A1

(12) EUROPEAN PATENT APPLICATION

(43) Date of publication: 
03.07.2019 Bulletin 2019/27

(21) Application number: 19158537.1

(22) Date of filing: 29.12.2014

(51) Int Cl.:
H04R 25/00 (2006.01)

(84) Designated Contracting States: 
AL AT BE BG CH CY CZ DE DK EE ES FI FR GB 
GR HR HU IE IS IT LI LT LU LV MC MK MT NL NO 
PL PT RO RS SE SI SK SM TR

(62) Document number(s) of the earlier application(s) in 
accordance with Art. 76 EPC: 
14200405.0 / 3 041 269

(71) Applicant: GN ReSound A/S
2750 Ballerup (DK)

(72) Inventor: UDESEN, Jesper
DK-2750 Ballerup (DK)

(74) Representative: Zacco Denmark A/S
Arne Jacobsens Allé 15
2300 Copenhagen S (DK)

Remarks: 
This application was filed on 21.02.2019 as a 
divisional application to the application mentioned 
under INID code 62.

(54) HEARING DEVICE WITH SOUND SOURCE LOCALIZATION AND RELATED METHOD

(57) A hearing device includes: a processing unit; a
transceiver connected to the processing unit and being
configured for outputting a transceiver output signal rep-
resentative of a first audio signal to form a first input signal
for the processing unit; and a microphone connected to
the processing unit for converting a second audio signal

into a microphone output signal to form a second input
signal for the processing unit; wherein the processing
unit is configured to: estimate a time shift between the
microphone output signal and the transceiver output sig-
nal, determine a time delay based on the time shift, and
use the time delay to obtain a summing signal.
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Description

[0001] The present disclosure relates to a hearing de-
vice and related method and in particular to a hearing
device for provision of sound source localization of wire-
less sound sources, such as spouse microphones, and
method for provision of sound source localization of wire-
less sound sources.

BACKGROUND

[0002] One of the problems with spouse microphone
systems for hearing devices is the lack of localization
cues in the microphone signal. If there is no intra-aural
time difference (ITD) or intra-aural level difference (ILD)
present in the spouse microphone signal, when it is pre-
sented to the user, the natural ability of the user’s brain
to localize the sounds will therefore not be present. The
result is that the user cannot hear where the spouse mi-
crophone sound is coming from, which is a major draw-
back for the user of the hearing device.

SUMMARY

[0003] Thus there is a need for a hearing device and
a method for facilitating localization of spouse micro-
phones and other wireless sound sources. This is ob-
tained by the present hearing device and method.
[0004] Disclosed is a hearing device comprising a
processing unit, a transceiver connected to the process-
ing unit and being configured for outputting a transceiver
output signal representative of a first audio signal to form
a first input signal for the processing unit, and a micro-
phone or microphone unit connected to the processing
unit for converting a second audio signal into a micro-
phone output signal to form a second input signal for the
processing unit. The processing unit is configured to es-
timate or measure a time shift or time lag between the
microphone output signal and the transceiver output sig-
nal, the time shift being a property between the micro-
phone output signal and the transceiver output signal.
The processing unit is configured to determine or select
a time delay based on the time shift. The processing unit
may be configured to use the time delay to obtain or form
a summing signal, e.g. a first summing signal. The
processing unit may be configured to apply the time delay
to an input signal, e.g. the first input signal or the second
input signal, for the processing unit to form a first sum-
ming signal. The processing unit may be configured to
combine the first summing signal and a second summing
signal. The second summing signal may be or may be
based on an input signal, e.g. the first input signal or the
second input signal, to the processing unit.
[0005] Also disclosed is a method of operating a hear-
ing device, the hearing device comprising a processing
unit, a transceiver connected to the processing unit, and
a microphone connected to the processing unit. The
method optionally comprises estimating or measuring a

time shift, e.g. between a microphone output signal and
a transceiver output signal. The method optionally com-
prises determining or selecting a time delay, e.g. based
on the time shift. The method may comprise using the
time delay to obtain or form a summing signal, e.g. a first
summing signal. The method optionally comprises ap-
plying the time delay to an input signal e.g. the first input
signal or the second input signal, to the processing unit,
e.g. to form a first summing signal. The method optionally
comprises combining the first summing signal and a sec-
ond summing signal, e.g. where the second summing
signal is based on an input signal, e.g. the first input signal
or the second input signal, to the processing unit.
[0006] Also disclosed is a hearing device system com-
prising a first and a second hearing device, wherein the
first hearing device is a hearing device according to the
above and following exemplary hearing devices.
[0007] It is an advantage that the hearing device and
method is able to compensate for possible hardware de-
lays in both the hearing device and in the spouse micro-
phone device.
[0008] A hearing device includes: a processing unit; a
transceiver connected to the processing unit and being
configured for outputting a transceiver output signal rep-
resentative of a first audio signal to form a first input signal
for the processing unit; and a microphone connected to
the processing unit for converting a second audio signal
into a microphone output signal to form a second input
signal for the processing unit; wherein the processing
unit is configured to: estimate a time shift between the
microphone output signal and the transceiver output sig-
nal, determine a time delay based on the time shift, and
use the time delay to obtain a summing signal.
[0009] Optionally, the processing unit is configured to
obtain the summing signal by applying the time delay to
the first input signal or the second input signal to form
the summing signal; and wherein the processing unit is
further configured to combine the summing signal with
the first input signal or the second input signal.
[0010] Optionally, the processing unit is configured to
combine the summing signal with the second input signal,
not the first input signal.
[0011] Optionally, the processing unit is configured to
apply the time delay to the first input signal, not the sec-
ond input signal.
[0012] Optionally, the processing unit is configured to
combine the summing signal with the first input signal,
not the second input signal.
[0013] Optionally, the processing unit is configured to
apply the time delay to the second input signal, not the
first input signal.
[0014] Optionally, the processing unit is configured to
apply the time delay to one of the first input signal and
the second input signal, and wherein the processing unit
is also configured to combine the summing signal with
the other one of the first input signal and the second input
signal.
[0015] Optionally, the processing unit is configured to

1 2 



EP 3 506 659 A1

3

5

10

15

20

25

30

35

40

45

50

55

form the summing signal by applying the time delay to
an input signal received by the processing unit; and
wherein the processing unit is further configured to com-
bine the summing signal and an additional summing sig-
nal, the additional summing signal being based on an-
other input signal received by the processing unit.
[0016] Optionally, a time shift between the first and the
second summing signals is anywhere from 2 ms to 50 ms.
[0017] Optionally, the processing unit is configured to
estimate the time shift between the microphone output
signal and the transceiver output signal using cross cor-
relation, summing of squared differences, summing of
absolute differences, or any combination of the forego-
ing.
[0018] Optionally, the processing unit is configured to
output the time shift between the microphone output sig-
nal and the transceiver output signal and/or the time delay
for transmission to another hearing device.
[0019] Optionally, the processing unit is configured to
estimate a first correlation coefficient corresponding to
the time shift, and output the first correlation coefficient
for transmission to another hearing device.
[0020] Optionally, the processing unit is configured to
receive a time shift between input signals in another hear-
ing device, and a second correlation coefficient corre-
sponding to the time shift between the input signals in
the other hearing device.
[0021] Optionally, the processing unit is configured to
determine the time delay based on the time shift between
the input signals in the other hearing device and the sec-
ond correlation coefficient.
[0022] A hearing device system includes a first hearing
device and a second hearing device, wherein the first
hearing device is any of the hearing devices described
herein.
[0023] A method of operating a hearing device, the
hearing device comprising a processing unit, a transceiv-
er connected to the processing unit, and a microphone
connected to the processing unit, the method includes:
estimating a time shift between a microphone output sig-
nal and a transceiver output signal; determining a time
delay based on the time shift; and using the time delay
to obtain a summing signal.
[0024] Other features, embodiments, and advanta-
geous will be described below in the detailed description.

BRIEF DESCRIPTION OF THE DRAWINGS

[0025] The above and other features and advantages
will become readily apparent to those skilled in the art by
the following detailed description of exemplary embodi-
ments thereof with reference to the attached drawings,
in which:

Fig. 1 schematically illustrates an exemplary
hearing device,

Fig. 2 schematically illustrates an exemplary

processing unit,

Fig. 3 schematically illustrates an exemplary
processing unit,

Fig. 4 schematically illustrates an exemplary
processing unit,

Fig. 5 shows an exemplary flowchart of a method
of operating a hearing device,

Figs. 6a-d show exemplary graphs illustrating a first
and a second input signal, time shift esti-
mation, and the combined first and second
summing signals, and

Fig. 7 shows exemplary graphs of summing sig-
nals in a binaural hearing device system.

DETAILED DESCRIPTION

[0026] Various embodiments are described hereinaf-
ter with reference to the figures. Like reference numerals
refer to like elements throughout. Like elements will, thus,
not be described in detail with respect to the description
of each figure. It should also be noted that the figures are
only intended to facilitate the description of the embodi-
ments. They are not intended as an exhaustive descrip-
tion of the claimed invention or as a limitation on the scope
of the claimed invention. In addition, an illustrated em-
bodiment needs not have all the aspects or advantages
shown. An aspect or an advantage described in conjunc-
tion with a particular embodiment is not necessarily lim-
ited to that embodiment and can be practiced in any other
embodiments even if not so illustrated, or if not so explic-
itly described.
[0027] Throughout, the same reference numerals are
used for identical or corresponding parts.
[0028] The disclosed hearing device may comprise a
receiver connected to the processing unit for converting
an output signal from the processing unit to an audio
output signal.
[0029] The hearing device may be a hearing aid, e.g.
the processing unit may be configured for hearing loss
compensation of a user’s hearing loss.
[0030] Additional to the processing performed by the
processing unit, pre-processing of one or more of the
audio signals may performed, and/or post-processing of
one or more of the audio signals may be performed, such
as e.g. applying a gain, performing filtering by filters, pro-
viding A/D conversion by an A/D converter etc.
[0031] Thus disclosed is an apparatus and method that
provides localization of spouse microphones and other
wireless sound sources and at the same time provides
a high signal-to-noise ratio of speech from the person
wearing the spouse microphone.
[0032] The hearing device comprises a transceiver
that is configured for outputting a transceiver output sig-
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nal representative of a first audio signal. The first audio
signal may be a spouse microphone signal or other sound
source signal. The transceiver may be configured to op-
erate in the 2.4-2.5 GHz band. The transceiver may be
a Bluetooth or Bluetooth Low Energy transceiver.
[0033] The hearing device comprises a microphone or
microphone unit configured for converting a second au-
dio signal into a microphone output signal which is the
hearing aid microphone signal. The microphone output
signal (second input signal) may comprise the natural
intra-aural time difference (ITD) and intra-aural level dif-
ference (ILD) cues from the head geometry of the hearing
aid user. However, the signal-to-noise ratio (SNR) in the
microphone output signal is typically much lower than in
the transceiver output signal, i.e. the spouse microphone
signal. Furthermore, the microphone output signal is typ-
ically delayed, e.g. in the range from 0-30 ms due to a
distance, d, between the hearing device worn by the user
and the spouse microphone, or other wireless sound
sources, providing the transceiver output signal. The mi-
crophone unit may comprise a plurality of microphones
and/or a directional microphone. Accordingly, the second
input signal may be a beamformed signal.
[0034] The processing unit is configured to estimate a
time shift or time lag between the transceiver output sig-
nal (first input signal) and the microphone output signal
(second input signal). Thus, the processing unit may
comprise a time shift estimator. The time shift between
the transceiver output signal (first input signal) and the
microphone output signal (second input signal) is caused
by the distance between the hearing device user and the
spouse carrying the spouse microphone. Hardware de-
lays in the spouse microphone and in the hearing device
also contribute to or affect the time shift between the
transceiver output signal (first input signal) and the mi-
crophone output signal (second input signal).
[0035] The processing unit is configured to determine
or select a time delay based on the time shift Δt between
the transceiver output signal (first input signal) and the
microphone output signal (second input signal). Hence,
the processing unit may comprise a time delay selector.
Thus the time delay is a function of the time shift. In an
exemplary hearing device or method, the time delay(s)
is/are determined such that a time shift Δt’ between the
first and the second summing signals is within a desired
range, such as in the range from 2 to 50 ms or in the
range from 5 to 30 ms. To determine or select a time
delay D based on the time shift Δt between the transceiver
output signal (first input signal) and the microphone out-
put signal (second input signal) may comprise to deter-
mine or select a first time delay D1 for the first input signal
and/or a second time delay D2 for the second input signal
based on the time shift Δt between the transceiver output
signal (first input signal) and the microphone output sig-
nal (second input signal).
[0036] As used in this specification, the term "summing
signal" refers to any signal, which may be obtained based
on one or more input signals. The term "summing signal"

does not imply or require that the summing signal is the
result of or used for a summation unless otherwise stated.
[0037] The time delay is applied to one of the input
signals, e.g. to the first input signal or to the second input
signal. The input signal which the time delay is applied
to is provided to the processing unit to form a first sum-
ming signal. The delay of the first input signal and/or the
second input signal is performed such that the hearing
device user will hear the second audio signals from the
hearing aid microphones in some appropriate time before
hearing the first audio signals from e.g. the spouse mi-
crophone. Thereby, the hearing device user will be able
to locate the person using the spouse microphone using
the localization cues in the second audio signal and at
the same time obtain a high signal-to-noise ratio of the
speech signal due to the so-called precedence effect.
Accordingly, the processing unit may be configured to
determine or select one or more time delays (and to which
input signal the time delay(s) is/are applied to) such that
a time shift between the first and second summing signals
is within a desired range, such as in the range from 2 ms
to 50 ms, and such that the summing signal based on
the second input signal comes first, i.e. before the sum-
ming signal based on the first input signal, in order to
take advantage of the precedence effect.
[0038] The second summing signal is based on an in-
put signal to the processing unit. If only one of the input
signals is delayed, the second summing signal is based
on the input signal which the time delay is not applied to.
Thus if a time delay is only applied to the first input signal,
the second summing signal is based on the second input
signal, and vice versa if a time delay is only applied to
the second input signal, then the second summing signal
is based on the first input signal. When both a first time
delay and a second time delay is determined and/or ap-
plied, the first summing signal is based on the first input
signal, and the second summing signal is based on the
second input signal. Accordingly, the processing unit may
comprise at least one delay unit, such as a first delay unit
and/or a second delay unit. A single delay unit may be
used with selective routing of the first and second input
signals dependent on which input signal is to be delayed.
[0039] The first summing signal and the second sum-
ming signal are combined, e.g. by addition or weighted
sum.
[0040] Assuming no hardware delay, the combined
signal s3(t) is given by: 

where s1 is the transceiver output signal from the spouse
microphone (first input signal), s2 is the microphone out-
put signal from the hearing device (second input signal),
d is the distance between the hearing device worn by the
user and the spouse microphone and c is the speed of
sound e.g. the speed of sound in air at sea level i.e. ap-
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proximately 340 m/s. Now t0 should be adjusted such
that t0=d/c+t1, and t1 should be within a desired range,
such as in the range between 2 ms and 50 ms.
[0041] The combined signal s3(t) is used for hearing
device processing and the processed signal is presented
to the user in the hearing device. The result is that the
user will hear the audio signals from the hearing aid mi-
crophone(s) some millisecond before, such as 2-50 ms
before, the audio signals from the spouse microphone(s),
thus maintaining localization with an improved signal-to-
noise ratio.
[0042] The method is based on the precedence effect,
also called the law of the first wavefront or Haas effect
and is a binaural psychoacoustic effect. When a sound
is followed by another sound separated by a sufficiently
short time delay, i.e. below the listener’s echo threshold,
the listener perceive a single fused auditory image; its
perceived spatial location is dominated by the location
of the first-arriving sound, i.e. the first wave front. The
lagging sound also affects the perceived location. How-
ever, its effect is suppressed by the first-arriving sound.
[0043] Thus in the present hearing device and method,
the hearing device user’s brain uses the ILD and ITD
cues in the first arriving wave front, which is from the
hearing aid microphones (second input signal), to local-
ize the sound. The part of the signal from the spouse
microphones, i.e. the transceiver output signal (first input
signal), is used to improve the signal-to-noise ratio
(SNR), but the brain has the ability not to use the lack of
localization cues from the first input signal when it is de-
layed compared to the second input signal. However, the
improved SNR in the transceiver output signal from the
spouse microphone is still used by the brain.
[0044] It is an advantage that the user will experience
a much more natural sound environment when using the
audio signals from the spouse microphone. The natural
localization cues will be presented to the user and the
high SNR from the spouse microphone will be main-
tained.
[0045] Thus the hearing device user receives the
sound, typically talk or speech, from the spouse both from
the hearing device microphone(s) (second input signal)
and from the spouse microphone (first input signal) in the
form of the transceiver connected to the processing unit
and being configured for outputting a transceiver output
signal representative of a first audio signal to form a first
input signal. The spouse microphone providing the first
input signal is configured to be arranged on, such as worn
by the spouse, or at, such as placed on a table in front
of the spouse. The spouse microphone providing the first
input signal may be a directional microphone, and thus
the spouse microphone will typically receive and transmit
the sound mainly from the spouse and substantially not
transmit sound from the surroundings.
[0046] The hearing device microphone (second input
signal) will typically capture sounds from the surround-
ings, including the sound from the spouse, which is also
transmitted to the hearing device as the first audio signal.

[0047] The term spouse microphone is used here as
a term to refer to a microphone, typically a directional
microphone, which is arranged distant from the hearing
device worn by the hearing device user, i.e. the spouse
microphone is not arranged in the hearing device. The
spouse microphone will typically be worn by a spouse to
the hearing device user, or be placed on a surface, such
as table in front of the spouse for capturing the sounds,
e.g. voice, sounds, speech or talk from the spouse, to be
transmitted wirelessly to the hearing device of the hearing
device user. The person whose sounds or voice is cap-
tured by the spouse microphone may be a spouse to the
hearing device user, a family member, a friend, a col-
league, a business partner etc., i.e. any person which
the hearing device user wishes to clearly hear the sounds
e.g. talk from, e.g. in an environment with many sounds,
such as in a restaurant, in an office facility, at home, in
a garden etc..
[0048] As understood from the above, the transceiver
output signal representative of a first audio signal is not
limited to a spouse microphone signal, but may be any,
e.g. wireless, microphone signal, thus the first audio sig-
nal may be any audio signal.
[0049] The first input signal or the second input signal
may be received first in the processing unit of the hearing
device. The other input signal, i.e. the first input signal or
the second input signal, may be received subsequently,
such as 1 ms, 2 ms, 5 ms, 10 ms, 15 ms, 20 ms, 25 ms,
30 ms, or 35 ms later depending on the distance to the
spouse microphone and hardware delays.
[0050] The processing unit may be configured to de-
termine which of the first input signal and the second
input signal, the time delay should be applied to.
[0051] The processing unit may be configured to de-
termine which of the first input signal and the second
input signal the time delay should be applied to based
on which of the first input signal and the second input
signal are received first. Typically, the first input signal
(transceiver output signal) is received first in the hearing
device (processing unit), i.e. before the second input sig-
nal, as the second input signal typically is delayed, such
as delayed 0-30 ms, due to the distance between the
hearing device user and the spouse wearing the spouse
microphone. A processing unit configured to apply time
delay to the second input signal may be preferred since
situations may arise where the second input signal ar-
rives too early in time before the first input signal to take
advantage of the precedence effect. A processing unit
configured to apply time delay to both the first and second
input signal may be preferred to provide a high degree
of freedom in order to provide a combined signal with
localization cues and a large signal to noise ratio. A
processing unit configured to apply time delay to both
the first and second input signal may be preferred for a
binaural hearing device system in order to provide and
maintain localization in all listening situations. For exam-
ple, hardware delays in a first hearing device may require
that the microphone signal (second input signal) is de-
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layed with a second delay. However, in order to maintain
localization (interaural time difference, ITD) it is required
to be able to apply a second delay to the microphone
input (second input signal) in the second hearind device
of the binaural hearing device system.
[0052] The processing unit may be configured to apply
the determined time delay to an input signal to the
processing unit to form a first summing signal. The time
delay may be applied to the first input signal or the time
delay may be applied to the second input signal. The
processing unit may be configured to apply a first time
delay to the first input signal and/or a second time delay
to the second input signal. Hence, the processing unit
may comprise a first time delay unit and/or a second time
delay unit. The first time delay unit and the second time
delay unit may be embedded as a time delay unit in a
combined time delay selector and time delay unit.
[0053] The processing unit may be configured to com-
bine, such as adding or linearly combining, the first sum-
ming signal and a second summing signal. Hence, the
processing unit may comprise a combiner, such as an
adder or weighted sum unit. The second summing signal
may be based on an input signal to the processing unit,
i.e. the second summing signal may be based on the first
input signal or on the second input signal. The second
summing signal may be the second input signal, e.g.
when only the first input signal is delayed. The second
summing signal may be the first input signal, e.g. when
only the second input signal is delayed. The second input
signal may be delayed when the time shift between the
first and second input signals is too large to take suitable
advantage of the precedence effect, e.g. if the speaker
is close to the hearing device wearer and the hardware
delays in the spouse microphone and the transceiver are
significant, such that the second input signal is received
too early.
[0054] When a time delay is applied to the first input
signal, then the second summing signal may be based
on the second input signal.
[0055] When a time delay is applied to the second input
signal, e.g. with no time delay applied to the first input
signal, the second summing signal may be based on the
first input signal.
[0056] The time delay may be selected such that a time
shift between the first and the second summing signals
is between 2 ms and 50 ms, such as between 5-10ms,
such as between 5-15 ms, such as between 5-20 ms,
such as between 10-20ms, such as between 15-25ms,
such as between 20-30ms, such as between 30-40ms,
such as between 40-50 ms. This time shift or time lag
between the two summing signals is performed such that
the hearing device user will hear the second audio signals
from the hearing aid microphones in some appropriate
time before hearing the first audio signals from e.g. the
spouse microphone, i.e. for providing the precedence ef-
fect. In one or more exemplary hearing devices, the time
delay may be selected such that a time shift between the
first and the second summing signals is between 5 ms

and 30 ms.
[0057] The time shift between the transceiver output
signal (first input signal) and the microphone output sig-
nal (second input signal) may be estimated using at least
one of cross correlation, summing of squared differences
and summing of absolute differences. The cross corre-
lation, the summing of squared differences and the sum-
ming of absolute differences may be termed time shift
estimators. In the cross correlation and/or in the summing
of squared differences and/or in the summing of absolute
differences signals may be multiplied, added, subtracted,
divided etc.
[0058] If the difference in amplitude between two input
signals in e.g. the cross correlation is large, then the cross
correlation may not be optimal. Accordingly, the process-
ing unit (time shift estimator) may therefore be configured
to normalise one or more of the input signals before
and/or after the cross correlation in order to obtain signals
with a similar amplitude, thereby providing an optimal
cross correlation.
[0059] The processing unit may be configured to trans-
mit time shift between the transceiver output signal (first
input signal) and the microphone output signal (second
input signal). The processing unit may be configured to
transmit time delay(s) based on the time shift between
the microphone output signal (second input signal) and
the transceiver output signal (first input signal) and/or
which input signal(s) the time delay(s) is/are applied to
another hearing device. The other hearing device may
be a hearing device in the other ear of the user, i.e. when
the user wears a hearing device in both ears, i.e. a bin-
aural hearing device system. Thereby an effective bin-
aural processing is facilitated by enabling the hearing
devices of the binaural hearing device system to maintain
localization cues, in particular if the second input signal
is delayed.
[0060] The processing unit may be configured to esti-
mate a first correlation coefficient corresponding to the
time shift. The first correlation coefficient may be the cor-
relation value at the time shift. The processing unit may
be configured to transmit the first correlation coefficient
to another hearing device. Thus the first correlation co-
efficient may be estimated in the hearing device and then
transmitted to the other hearing device, e.g. the hearing
device in the user’s other ear.
[0061] The processing unit may be configured to re-
ceive a time shift between input signals in another hearing
device and/or a second correlation coefficient corre-
sponding to the time shift between input signals in the
other hearing device. The second correlation coefficient
may be the correlation value at the time shift between
input signals in the other hearing device. The processing
unit may be configured to receive one or more time delays
from another hearing device.
[0062] The processing unit may receive the time shift
between input signals in the other hearing device and/or
the second correlation coefficient from the other hearing
device, e.g. from a hearing device in the user’s other ear.
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Alternatively, and/or additionally, the processing unit may
receive the time shift between input signals in the other
hearing device and/or the second correlation coefficient
from a smart phone and/or the like. The smart phone may
be wirelessly connected with both hearing devices in a
binaural hearing device system, and the smart phone
may be configured for transmitting and/or receiving time
shifts, e.g. a first and second time shift, and/or correlation
coefficients, e.g. a first and a second correlation coeffi-
cient, to and/or from the two hearing devices in a binaural
hearing device system.
[0063] The processing unit may be configured to de-
termine or select time delay(s) based on the time shift of
the other hearing device, time delay(s) of the other hear-
ing device, and/or second correlation coefficient from the
other hearing device, and apply the determined time de-
lay(s) to the input signal(s). The time delay may corre-
spond to the estimated time shift corresponding to the
hearing device with the highest correlation coefficient.
Applying this time delay may provide the best signal-to-
noise ratio and thus the best final audio signal in the bin-
aural hearing device system to the user.
[0064] The processing unit may be configured to de-
termine time delay(s) based on the time shift between
input signals in the other hearing device and/or the sec-
ond correlation coefficient. The time delay(s) of the hear-
ing device may then be applied to input signal(s) to the
processing unit, e.g. to form the first summing signal.
[0065] The processing unit in the hearing device may
be configured to determine and apply time delay(s) at a
fixed or variable frequency. For example the time delays
may be determined and/or updated at an update frequen-
cy of 1 Hz or less. A suitable update frequency may be
in the range from 0.1 Hz -10 Hz, such as in the range
from 0.5 Hz to 2 Hz, e.g. 1 Hz, e.g. in order to balance
the requirement to adapt to changing input signals
(change in position) and the limited power resources of
a hearing device. Additionally or alternatively, the time
delays may be adjusted based on a user input or an up-
date criterion and/or an update event e.g. from another
hearing device. The processing unit may be configured
to determine whether the time delay changes more than
a threshold value, and optionally apply updated time de-
lay(s), if the change(s) in time delay(s) meets an update
criterion, e.g. if the change in the time delay applied is
larger than the threshold value. An algorithmic process-
ing of the processing unit may overrule the change and/or
update in time delay, e.g. if the time delay changes more
than the predetermined threshold value, as this would,
possibly erroneously be perceived by the hearing device
user as, if the spouse wearing the spouse microphone
providing the transceiver output signal (first input signal)
moves too much too fast. Thus the first audio signal and
the second audio signal would then be out of synchroni-
zation and this is not optimal for the hearing device user
to listen to.
[0066] Fig. 1 schematically illustrates an exemplary
hearing device for provision of sound source localization

of wireless sound sources. The hearing device is config-
ured to add localization cues to a first audio signal, such
as a spouse microphone signal by application of suitable
delay(s) to one or more input signals. The hearing device
2 comprises a processing unit 4, 4’, 4" a transceiver 6
connected to the processing unit 4, 4’, 4" and being con-
figured for outputting a transceiver output signal 8 rep-
resentative of a first audio signal 10 to form a first input
signal to the processing unit 4, 4’, 4". The first audio signal
10 is a wireless audio signal. The hearing device 2 com-
prises a microphone 12 connected to the processing unit
4 for converting a second audio signal 14 into a micro-
phone output signal 16 to form a second input signal to
the processing unit 4. The second audio signal 14 is an
acoustic signal. The processing unit 4, 4’, 4" is configured
to estimate a time shift between the microphone output
signal 16 and the transceiver output signal 8 and/or which
of the microphone output signal 16 and the transceiver
output signal is first in time. The processing unit 4, 4’,
4" is configured to determine one or more time delays,
e.g. a first time delay and/or a second time delay, based
on the time shift, and the processing unit 4, 4’, 4" is con-
figured to apply the determined time delay(s) to the first
input signal and/or to the second input signal to the
processing unit 4, 4’, 4". The processing unit 4, 4’, 4" is
configured to form a first summing signal and a second
summing signal and to combine the first summing signal
and the second summing signal. The second summing
signal may, e.g. in case of a delay only being applied to
one of the input signals, be based at least on the other
input signal, i.e. the input signal of the first or the second
input signal to which the time delay was not applied. Thus
if the time delay is applied to the first input signal (denoted
first time delay), the second summing signal is based on
the second input signal. If the time delay is applied to the
second input signal (denoted second time delay), the
second summing signal is based on the first input signal.
[0067] Optionally, the hearing device 2 comprises a
receiver 18, such as an output transducer, a loudspeaker
or speaker, connected to the processing unit 4, 4’, 4" for
outputting an output signal 19 of the processing unit
(processed first and second audio signals) into the ear
of the hearing device user. The combined signal com-
prising the first summing signal and the second summing
signal may be processed further by the processing unit
4, 4’, 4" before being outputted or transmitted through
the transducer 18, such as processed to apply a gain to
the combined signal, such as processed to compensate
the combined signal for the hearing loss specific for the
hearing device user etc.
[0068] Fig. 2 schematically illustrates an exemplary
processing unit 4 of a hearing device for provision of
sound source localization of wireless sound sources. A
transceiver output signal 8 representative of a first audio
signal forms a first input signal 20 to the processing unit
4. A microphone output signal 16 representative of a sec-
ond audio signal forms a second input signal 22 to the
processing unit 4. A time shift estimator 24 is configured
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to estimate a time shift between the microphone output
signal 16/second input signal 22 and the transceiver out-
put signal 8/first input signal 20. Estimating the time shift
with the time shift estimator 24 comprises using at least
one of cross correlation, summing of squared differences
and summing of absolute differences. The processing
unit comprises a time delay selector 25 connected to the
time shift estimator and being configured to select or de-
termine one or more time delays to be used in delay
unit(s) 28, 30 of the processing unit. In the processing
unit 4, a first time delay unit 28 is configured to apply a
first time delay to the first input signal depending on a
control signal 26 indicative of first time delay from the
time delay selector. Optionally, a second time delay unit
30 is configured to apply a second time delay to the sec-
ond input signal depending on a control signal 27 indic-
ative of second time delay from the time delay selector.
The first time delay unit 28 outputs a first summing signal
32 based on the first input signal 20 and the control signal
26. The second time delay unit 30 outputs a second sum-
ming signal 34 based on the second input signal 22 and
the control signal 27. In a processing unit without the
second time delay unit 30 (see e.g. Fig. 3), the second
input signal 22 may constitute the second summing sig-
nal 34.
[0069] The processing unit 4 comprises a combiner 36
in the form of an adder or weighted sum unit. The com-
biner 36 adds the first summing signal 32 and the second
summing signal 34 to form a combined signal 38. The
combined signal 38 is then fed to the hearing compen-
sator 40 for hearing aid compensation of the combined
signal 38. In an exemplary hearing device, the hearing
compensator 40 may compensate the combined signal
38 according to a hearing loss of a user of the hearing
device 2.
[0070] Fig. 3 schematically illustrates an exemplary
processing unit 4’ of a hearing device for provision of
sound source localization of wireless sound sources. The
processing unit 4’ feeds the second input signal 22 to the
combiner 36. Accordingly, the second input signal is the
second summing signal 34. The first time delay applied
in the first time delay unit 28 may be zero.
[0071] Fig. 4 schematically illustrates an exemplary
processing unit 4" of a hearing device for provision of
sound source localization of wireless sound sources. The
processing unit 4" comprises a combined time delay se-
lector and time delay unit 42. The combined time delay
selector and time delay unit 42 selectively applies a time
delay to the first input signal or the second input signal
based on time delay control signal 43 from the time shift
estimator 24 to form the first summing signal 32. The
input signal which is not to be delayed forms the second
summing signal 34.
[0072] Fig. 5 shows an exemplary flowchart of a meth-
od 100 of operating a hearing device. The method com-
prises estimating 101 a time shift between a microphone
output signal (second input signal) and a transceiver out-
put signal (first input signal). Estimating 101 a time shift

may comprise determining which of the microphone out-
put signal and the transceiver output signal is first in time.
The method 100 proceeds to determining 102 a time de-
lay based on the time shift and optionally based on which
of the microphone output signal (second input signal) and
the transceiver output signal (first input signal) is first in
time. The time delay may take both negative and positive
values, where the sign of the time delay indicates which
of the microphone output signal and the transceiver out-
put signal is first in time. The method 100 comprises ap-
plying 103 the determined time delay to an input signal
to the processing unit to form a first summing signal and
combining 104 the first summing signal and a second
summing signal, the second summing signal being based
on an input signal. The combined signal may be fed to a
hearing compensator for further processing. The exem-
plary processing units 4, 4’, 4" may be used for perform-
ing the method 100.
[0073] Fig. 6a-d shows exemplary graphs illustrating
a first and a second input signal, time shift estimation in
form of e.g. a cross correlation between the first and sec-
ond input signals, and the combined first and second
summing signals. In the x-axis time in millisecond (ms)
is shown. In the y-axis amplitude of the signals/cross-
correlation is shown. Fig. 6a) shows an example of a first
input signal 20 received in a processing unit of a hearing
device at time t=0 ms. A transceiver is connected to the
processing unit of the hearing device, the transceiver is
configured for outputting a transceiver output signal rep-
resentative of a first audio signal to form the first input
signal 20 to the processing unit. Fig. 6b) shows an ex-
ample of a second input signal 22 received in the process-
ing unit of the hearing device at a time>0 ms, e.g. at t=3
ms as shown in the graph, i.e. at a later time than the
reception of the first input signal 20 in fig. 6a). A micro-
phone is connected to the processing unit for converting
a second audio signal into a microphone output signal to
form the second input signal 22 to the processing unit.
Fig. 6c) shows an example of a time shift or time lag
estimation, e.g. in form of a cross correlation, between
the first input signal (the transceiver output signal), see
fig. 6a) and the second input signal (microphone output
signal), see fig. 6b). The time shift Δt between the first
input signal and the second input signal may be selected
as the time t where the cross-correlation between the
first input signal and the second input signal has maxi-
mum. Accordingly as taken from Fig. 6c, the time shift Δt
is 3 ms. A time delay D is determined (in the illustrated
scenario the time delay D1 to apply to the first input signal)
based on the estimated time shift Δt or time lag, e.g. D1
= Δt +20 ms, where 20 ms is the desired delay between
the second input signal (microphone signal) and the first
input signal (transceiver signal). Fig. 6d) shows an ex-
ample where the determined time delay D1 is applied to
the first input signal, see fig. 6a), to form a first summing
signal 32. A second summing signal 34 is based on the
second input signal, see fig. 6b). The first summing signal
32 and the second summing signal 34 are combined and
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transmitted to the hearing compensator of the hearing
device. The determined time delay between the summing
signals is 20 ms as seen from Fig. 6d, as the time between
the first summing signal 32 and the second summing
signal is 20 ms.
[0074] Fig. 7 shows exemplary graphs of combined
summing signals in the left and right hearing devices of
a binaural hearing device system. The x-axis shows time
in milliseconds (ms). The y-axis shows the amplitude of
the audio signals.The top graph shows first summing sig-
nal 32 and second summing signal 34 in a first hearing
device (right hearing device in right ear).The bottom
graph shows first summing signal 32’ and second sum-
ming signal 34’ in a secoond hearing device (left hearing
device in left ear). The first summing signal 32 is based
on a first input signal to the processing unit of the first
hearing device, and the second summing signal 34 is
based on a second input signal to the processing unit of
the first hearing device. The first summing signal 32’ is
based on a first input signal to the processing unit of the
second hearing device, and the second summing signal
34’ is based on a second input signal to the processing
unit of the second hearing device. The first and second
input signals may be speech from a spouse to the hearing
device user.
The first delay D1 and the second delay D1 applied to
respective first and second input signals of the first hear-
ing device, and the first delay D1’ and the second delay
D2’ applied to respective first and second input signals
of the second hearing device are determined (D1 and D2
in first hearing device and D1’ and D2’ in second hearing
device, or D1, D2, D1’ and D2’ in one of the first and/or
second hearing device) such that ITD between the sec-
ond input signal of the first hearing and the second input
signal of the second hearing aid are maintained between
the second summing signals and such that the time shift
Δt1’ between summing signals 32 and 34 is in the range
from 2-50 ms and the time shift Δt2’ between summing
signals 32’ and 34’ is in the range from 2-50 ms. In the
example shown in the figures, the second input signal is
received first in the right hearing device and subsequently
received in the left hearing device. The difference in time
between receiving the second input signal in the right
hearing device and subsequently in the left hearing de-
vice is maintained or substantially maintained (e.g. 65%)
in the summing signals and marked in the graph of the
left ear as an arrow named ITD, i.e. intra-aural time dif-
ference, indicating that this is the difference in time be-
tween the left and the right ear receiving the second input
signal. The reason for the time difference, ITD, may be
that the hearing device user is positioned such that
his/her right ear points towards the source of the second
input signal, and his/her left ear points away from the
source of the second input signal 20. This may mean that
the second input signal reaches the right ear some mil-
liseconds before reaching the left ear, i.e. providing this
ITD. Optionally the hearing device, e.g. in the right ear,
may communicate with another hearing device, e.g. in

the left ear, in a binaural hearing device system. The
hearing devices of a binaural hearing device system may
be hearing devices with processing unit 4’ of Fig. 3, re-
ducing the need for communication between the hearing
devices and ensuring that ITD is maintained. The corre-
lation value or correlation coefficient of the hearing device
in e.g. the right ear may be determined as explained
above and termed a first correlation coefficient, and this
first correlation coefficient may be compared with a cor-
relation coefficient of the other hearing device, e.g. in the
left ear, termed a second correlation coefficient.
The processing unit of the hearing device in e.g. the right
ear or another processing unit, e.g. in the hearing device
in the left ear, may determine which of the first and the
second correlation coefficient is the highest. The
processing unit may then be configured to apply a deter-
mined time delay to the input signal, the time delay cor-
responding to the estimated time shift corresponding to
the hearing device with the highest correlation coefficient.
Applying this time delay will provide the best signal-to-
noise ratio and thus the best final audio signal in both
hearing devices, i.e. in the right and left ear, to the user.
The hearing devices of a binaural hearing device system
may be hearing devices with processing unit 4’ of Fig. 3,
reducing the need for communication between the hear-
ing devices and at the same time ensuring that ITD is
maintained.
[0075] Exemplary hearing devices and methods are
set out in the following items.

Item 1. A hearing device comprising:

a processing unit;
a transceiver connected to the processing unit
and being configured for outputting a transceiver
output signal representative of a first audio sig-
nal to form a first input signal for the processing
unit; and
a microphone connected to the processing unit
for converting a second audio signal into a mi-
crophone output signal to form a second input
signal for the processing unit;
wherein the processing unit is configured to:
estimate a time shift between the microphone
output signal and the
transceiver output signal,

determine a time delay based on the time
shift, and
use the time delay to obtain a summing sig-
nal.

Item 2. The hearing device according to item 1,
wherein the processing unit is configured to obtain
the summing signal by applying the time delay to the
first input signal or the second input signal to form
the summing signal; and
wherein the processing unit is further configured to
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combine the summing signal with the first input signal
or the second input signal.

Item 3. The hearing device according to item 2,
wherein the processing unit is configured to combine
the summing signal with the second input signal, not
the first input signal.

Item 4. The hearing device according to item 2,
wherein the processing unit is configured to apply
the time delay to the first input signal, not the second
input signal.

Item 5. The hearing device according to item 2,
wherein the processing unit is configured to combine
the summing signal with the first input signal, not the
second input signal.

Item 6. The hearing device according to item 5,
wherein the processing unit is configured to apply
the time delay to the second input signal, not the first
input signal.

Item 7. The hearing device according to item 2,
wherein the processing unit is configured to apply
the time delay to one of the first input signal and the
second input signal, and wherein the processing unit
is also configured to combine the summing signal
with the other one of the first input signal and the
second input signal.

Item 8. The hearing device according to item 1,
wherein the processing unit is configured to form the
summing signal by applying the time delay to an input
signal received by the processing unit; and
wherein the processing unit is further configured to
combine the summing signal and an additional sum-
ming signal, the additional summing signal being
based on another input signal received by the
processing unit.

Item 9. The hearing device according to any of items
1-8, wherein a time shift between the first and the
second summing signals is anywhere from 2 ms to
50 ms. Item 10. The hearing device according to any
of items 1-9, wherein the processing unit is config-
ured to estimate the time shift between the micro-
phone output signal and the transceiver output signal
using cross correlation, summing of squared differ-
ences, summing of absolute differences, or any com-
bination of the foregoing.

Item 11. The hearing device according to any of items
1-10, wherein the processing unit is configured to
output the time shift between the microphone output
signal and the transceiver output signal and/or the
time delay for transmission to another hearing de-
vice.

Item 12. The hearing device according to any of items
1-11, wherein the processing unit is configured to
estimate a first correlation coefficient corresponding
to the time shift, and output the first correlation co-
efficient for transmission to another hearing device.

Item 13. The hearing device according to any of items
1-12, wherein the processing unit is configured to
receive a time shift between input signals in another
hearing device, and a second correlation coefficient
corresponding to the time shift between the input sig-
nals in the other hearing device.

Item 14. The hearing device according to item 13,
wherein the processing unit is configured to deter-
mine the time delay based on the time shift between
the input signals in the other hearing device and the
second correlation coefficient.

Item 15. A hearing device system comprising a first
hearing device and a second hearing device, where-
in the first hearing device is the hearing device of
any of items 1-14.

Item 16. A method of operating a hearing device, the
hearing device comprising a processing unit, a trans-
ceiver connected to the processing unit, and a mi-
crophone connected to the processing unit, the
method comprising:

estimating a time shift between a microphone
output signal and a transceiver output signal;
determining a time delay based on the time shift;
and
using the time delay to obtain a summing signal.

[0076] Although particular features have been shown
and described, it will be understood that they are not in-
tended to limit the claimed invention, and it will be made
obvious to those skilled in the art that various changes
and modifications may be made without departing from
the spirit and scope of the claimed invention. The spec-
ification and drawings are, accordingly to be regarded in
an illustrative rather than restrictive sense. The claimed
invention is intended to cover all alternatives, modifica-
tions and equivalents.
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[0077]

2 hearing device
4, 4’, 4" processing unit
6 transceiver
8 transceiver output signal
10 first audio signal
12 microphone
14 second audio signal

17 18 



EP 3 506 659 A1

11

5

10

15

20

25

30

35

40

45

50

55

16 microphone output signal
18 receiver
19 output signal from processing unit
20 first input signal
22 second input signal
24 time shift estimator
25 time delay selector
26 control signal to first delay unit
27 control signal to second delay unit
28 first time delay unit
29 second time delay
30 second time delay unit
32, 32’ first summing signal
34, 34’ second summing signal
36 combiner
38 combined signal
40 hearing compensator
42 time delay unit
43 time delay control signal
100 method of operating a hearing device
101 estimating a time shift
102 determining a time delay based on the time shift
103 applying the determined time delay to an input
signal
104 combining first summing signal and second
summing signal
D1, D1’ first delay
D2, D2’ second delay
Δt time shift between first input signal and second
input signal
Δt’ time shift between first summing signal and sec-
ond summing signal
Δt1’ time shift between first summing signal and sec-
ond summing signal in first hearing device
Δt2’ time shift between first summing signal and sec-
ond summing signal in second hearing device

Claims

1. A hearing device (2) comprising:

- a processing unit (4, 4’, 4");
- a transceiver (6) connected to the processing
unit (4, 4’, 4") and being configured for outputting
a transceiver output signal (8) representative of
a first audio signal (10) to form a first input signal
(20) for the processing unit (4, 4’, 4"); and
- a microphone (12) connected to the processing
unit (4, 4’, 4") for converting a second audio sig-
nal (14) into a microphone output signal (16) to
form a second input signal (22) for the process-
ing unit (4, 4’, 4");

characterized in that the processing unit (4, 4’, 4")
is configured to:

- estimate a time shift between the microphone

output signal (16) and the transceiver output sig-
nal (8);
- determine a time delay based on the time shift;
- apply the time delay to the first input signal (20)
to the processing unit (4, 4’, 4") to form a first
summing signal (32, 32’); wherein a user of the
hearing device (2) will hear the second input sig-
nal (22) before hearing the first input signal (20);
and
- combine the first summing signal (32, 32’) and
a second summing signal (34, 34’), the second
summing signal (34, 34’) being based on the
second input signal (22) to the processing unit
(4, 4’, 4").

2. Hearing device (2) according to claim 1, wherein the
time delay is smaller than the echo threshold of the
user of the hearing device (2).

3. Hearing device (2) according to any of the preceding
claims, wherein the combined signal s3(t) assuming
no hardware delay is given by: 

where s1 is the first input signal, s2 is the second
input signal, d is the distance between the hearing
device worn by the user and a spouse microphone
and c is the speed of sound; and wherein the
processing unit is configured to adjust t0 such that
t0=d/c+t1, and wherein t1 is within a dersired range.

4. Hearing device (2) according to claim 3, wherein the
desired range is between 2 ms and 50 ms.

5. Hearing device (2) according to any of the preceding
claims, wherein the hearing device (2) comprises a
receiver (18) connected to the processing unit (4, 4’,
4"), and wherein the receiver (18) is configured for
outputting a combined signal of the processing unit
(4, 4’, 4"), the combined signal comprising the first
summing signal (32, 32’) and the second summing
signal (34, 34’).

6. Hearing device (2) according to any of the preceding
claims, wherein the hearing device (2) is a hearing
device of a binaural hearing device system compris-
ing a left hearing device and a right hearing device.

7. Hearing device (2) according to any of the preceding
claims, where the time delay applied to the first input
signal (20) is a first time delay (D1) based on the
time shift, and wherein a second time delay (D2) is
applied to the second input signal (22) based on the
time shift.
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8. Hearing device (2) according to any of the preceding
claims, wherein a time shift between the first (32,
32’) and the second summing signals (34, 34’) is in
the range from 2-50 ms.

9. Hearing device (2) according to any of the preceding
claims, wherein the time shift between the micro-
phone output signal (16) and the transceiver output
signal (8) is estimated using at least one of cross
correlation, summing of squared differences and
summing of absolute differences.

10. Hearing device (2) according to any of the preceding
claims, wherein the processing unit (4, 4’, 4") is con-
figured to transmit the time shift between the micro-
phone output signal (16) and the transceiver output
signal (8) and/or the time delay based on the time
shift between the microphone output signal (16) and
the transceiver output signal (8) to another hearing
device.

11. Hearing device (2) according to any of the preceding
claims, wherein the processing unit (4, 4’, 4") is con-
figured to estimate a first correlation coefficient cor-
responding to the time shift and transmit the first cor-
relation coefficient to another hearing device.

12. Hearing device (2) according to claim 8 or claim 9,
wherein the processing unit (4, 4’, 4") is configured
to receive a time shift between input signals in an-
other hearing device and a second correlation coef-
ficient corresponding to the time shift between input
signals in the other hearing device.

13. Hearing device (2) according to claim 12, wherein
the processing unit (4, 4’, 4") is configured to deter-
mine the time delay based on the time shift between
input signals in the other hearing device and the sec-
ond correlation coefficient.

14. Hearing device (2) system comprising a first and sec-
ond hearing device, wherein the first hearing device
is a hearing device (2) according to any of claims
1-13.

15. Method (100) of operating a hearing device (2), the
hearing device (2) comprising a processing unit (4,
4’, 4"), a transceiver (6) connected to the processing
unit (4, 4’, 4"), and a microphone (12) connected to
the processing unit (4, 4’, 4"), characterized in that
the method (100) comprises:

- estimating (101) a time shift between a micro-
phone output signal (16) and a transceiver out-
put signal (8);
- determining (102) a time delay based on the
time shift;
- applying (103) the time delay to the first input

signal (20) to the processing unit (4, 4’, 4") to
form a first summing signal (32, 32’); wherein a
user of the hearing device (2) will hear the sec-
ond input signal (22) before hearing the first in-
put signal (20); and
- combining (104) the first summing signal (32,
32’) and a second summing signal (34, 34’), the
second summing signal (34, 34’) being based
on the second input signal (22) to the processing
unit (4, 4’, 4").
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