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DESCRIPTION

[0001] The present application relates to speech intelligibility prediction for hearing aids. The
disclosure relates e.g. to a method and a system for predicting the intelligibility of noisy and/or
enhanced (processed) speech, and to a binaural hearing system implementing such method.

[0002] The design of hearing aids is typically guided by listening experiments with normal
hearing or hearing impaired subjects. These listening tests are used to investigate the
usefulness of novel audiological schemes or signal processing techniques. Furthermore, they
are used to validate and evaluate the benefit of a hearing aid to the user, throughout the entire
development process. These tests are expensive and time consuming. Currently, however,
there is no real alternative to carrying out such experiments.

SUMMARY

[0003] The invention is defined by independent claims 1, 8, and 17-19. Preferred
embodiments are specified in the dependent claims.

[0004] In the present application, it is proposed to partly or fully replace the use of listening
experiments with the use of a binaural intrusive speech intelligibility measure that is able to
predict the impact of both noisy environments and hearing aid processing.

[0005] In the present context of speech intelligibility measures, the term 'binaural’ is taken to
refer to the advantage obtained by humans from combining information from the left and right
ears. In the present context, the term 'intrusive' is taken to imply that for the calculation of the
speech intelligibility measure, access to a clean speech signal (without noise, distortion or
hearing aid processing) for reference is provided. An embodiment of the proposed structure or
method is illustrated in FIG. 1D. The measure is able to predict the impact of various listening
conditions (e.g. different rooms, different types of noise at different locations or different talker
positions) and processing types (e.g. different hearing aids or hearing aid settings/algorithms).
The measure relies on signals, which are typically available in the context of testing hearing
aids. Specifically the measure is based on four input signals:

1. 1) A noisy and potentially hearing aid processed speech signal from the left ear of a
listener. This signal may be either recorded or simulated, or 'live' (e.g. picked up in-situ).

2. 2) A noisy and potentially hearing aid processed speech signal from the right ear of a
listener. This signal may be either recorded or simulated, or 'live' (e.g. picked up in-situ).

3. 3) A clean speech signal from the left ear of a listener. This should be the same as the
noisy/processed signal, but with neither noise nor hearing aid processing.

4. 4) A clean speech signal from the right ear of a listener. This should be the same as the
noisy/processed signal, but with neither noise nor hearing aid processing.
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[0006] From these four input signals, the measure provides a number which describes how
intelligible the noisy/processed signals are on average as judged by a group of listeners with
similar listening abilities (or as judged by a particular user). The output may either be in the
form of a simple "scoring” (e.g. a number between 0 and 1 where 0 is unintelligible and 1 is
highly intelligible) or in the form of a direct prediction of the result of a listening test (e.g. the
fraction of words understood correctly, the speech reception threshold and/or similar). The
method is described in detail in [Andersen et al.; 2016].

[0007] Specifically, it is proposed to solve the above described task with a structure or method
as shown in FIG. ID. All four signals (or, alternatively, only the two noisy/processed signals)
may or may not first be subjected to a first model (Hearing loss mode/ in FIG. 1D), which
emulate the hearing loss (or deviation from normal hearing), e.g. by adding noise and
distortion to the signals to make the model predictions fit the performance of a subject with a
particular hearing loss. Several such models exist, but a particularly simple example of a
hearing loss model, is to add statistically independent noise, spectrally shaped according to the
hearing loss in question, to the input signals. A second model (Binaural advantage in FIG. 1D)
is then used to model the advantage of the subject having two ears. This model combines the
left and right ear signals into a single clean signal and a single noisy/processed signal. This
process requires one or more parameters, which determine how the left and right ear signals
are combined, e.g. level differences and/or time differences between signals received at the
left and right ears. The single clean and noisy processed signals are then sent to a monaural
intelligibility measure (Monaural intelligibility measure in FIG. ID), which does not take account
of binaural advantage. The term 'monaural is used (although signals from left and right ears
are combined to a resulting signal) to indicate that one resulting (combined) signal is evaluated
by the (monaural) speech intelligibility predictor unit. The 'monaural speech intelligibility
predictor unit' evaluates speech intelligibility based on corresponding resulting essentially
noise-free and noisy/processed target signals (as if they originated from a monaural setup, cf.
e.g. FIG. ID). Alternatively, other terms, e.g. 'channel speech intelligibility predictor unit', or
simply 'speech intelligibility predictor unit, may be used. This provides a measure of
intelligibility. The parameters required for the process of combining the left and right ear signals
are determined such that the resulting speech intelligibility measure is maximized. The
proposed structure allows using any model of binaural advantage together with any model of
(e.g. monaural or binaural) speech intelligibility for processed signals, and obtain a binaural
intelligibility measure, which handles processed signals. Embodiments of the present
disclosure have the advantage of being computationally simple and thus well suited for use
under power constraints, such as in a hearing aid.

A binaural speech intelligibility system:

[0008] In an aspect of the present application, an intrusive binaural speech intelligibility
prediction system is provided. The binaural speech intelligibility prediction system comprises a



DK/EP 3220661 T3

binaural speech intelligibility predictor unit adapted for receiving a target signal comprising
speech in a) left and right essentially noise-free versions x;, x and in b) left and right noisy
and/or processed versions y;, y, said signals being received or being representative of
acoustic signals as received at left and right ears of a listener, the binaural speech intelligibility
predictor unit being configured to provide as an output a final binaural speech intelligibility
predictor value S| measure indicative of the listener's perception of said noisy and/or
processed versions y;, y- of the target signal. The binaural speech intelligibility predictor unit
further comprises

« First and second input units for providing time-frequency representations x,(k,m) and
yi(k,m) of said left noise-free version x; and said noisy and/or processed version y; of the
target signal, respectively, k being a frequency bin index, k=1, 2, ..., K, and m being a
time index;

e Third and fourth input units for providing time-frequency representations x.{k,m) and
yr(k,m) of said left noise-free version x, and said noisy and/or processed version y, of the
target signal, respectively, k being a frequency bin index, k=1, 2, ..., K, and m being a
time index;

+ A first Equalization-Cancellation stage adapted to receive and relatively time shift and
amplitude adjust the left and right noise-free versions x;(k,m) and x,(k,m), respectively,

and to subsequently subtract the time shifted and amplitude adjusted left and right
noise-free versions x;(k,m) and x.(k,m) of the left and right target signals from each

other, and to provide a resulting noise-free signal x(tk,m);
¢ A second Equalization-Cancellation stage adapted to receive and relatively time shift and
amplitude adjust the left and right noisy and/or processed versions y,(k,m) and y,(k,m),

respectively, and to subsequently subtract the time shifted and amplitude adjusted left
and right noisy and/or processed versions y;(k,m) and y,(k,m) of the left and right target
signals from each other, and to provide a resulting noisy and/or processed signal y(k,m);
and

= A monaural speech intelligibility predictor unit for providing final binaural speech
intelligibility predictor value, S measure, based on said resulting noise-free signal x(k,m)
and said resulting noisy and/or processed signal y(k,m);

[0009] Wherein said first and second Equalization-Cancellation stages are adapted to optimize
the final binaural speech intelligibility predictor value S/ measure to indicate a maximum
intelligibility of said noisy and/or processed versions y,, y, of the target signal by said listener.

[0010] Thereby an improved speech intelligibility predictor can be provided.

[0011] In an embodiment, the intrusive binaural speech intelligibility prediction system, e.g. the
first and second Equalization-Cancellation stages and the monaural speech intelligibility
predictor unit, is/are configured to repeat the calculations performed by the respective units to
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optimize the final binaural speech intelligibility predictor value to indicate a maximum
intelligibility of said noisy and/or processed versions of the target signal by said listener. In an
embodiment, the first and second Equalization-Cancellation stages and the monaural speech
intelligibility predictor unit are configured to repeat the calculations performed by the respective
units for different time shifts and amplitude adjustments of the left and right noise-free versions
x)(k,m) and x{(k,m), respectively, and of the left and right noisy and/or processed versions

yvitk,m) and y.(k,m), respectively, to optimize the final binaural speech intelligibility predictor

value to indicate a maximum intelligibility of said noisy and/or processed versions of the target
signal by said listener.

[0012] In an embodiment, the first and second Equalization-Cancellation stages are configured
to make respective exhaustive calculations for all combinations of time shifts and amplitude
adjustments, e.g. for a discrete set of values, e.g. within respective realistic ranges. In an
embodiment, the first and second Equalization-Cancellation stages are configured to use other
schemes (e.g. algorithms) for estimating optimal value of the final binaural speech intelligibility
predictor value (S/ measure), e.g. steepest descent, or gradient based algorithms.

[0013] In an embodiment, the monaural speech intelligibility predictor unit comprises

= Afirst envelope extraction unit for providing a time-frequency sub-band representation of
the resulting noise-free signal x(k,m) in the form of temporal envelopes, or functions
thereof, of said resulting noise-free signal providing time-frequency sub-band signals
X(q,m), q being a frequency sub-band index, g=1, 2, ..., Q, and m being the time index;

e A second envelope extraction unit for providing a time-frequency sub-band
representation of the resulting noisy and/or processed signal y(km) in the form of
temporal envelopes, or functions thereof, of said resulting noisy and/or processed signal
providing time-frequency sub-band signals Y(q,m), g being a frequency sub-band index,
g=1, 2, ..., Q, and m being the time index;

« A first time-frequency segment division unit for dividing said time-frequency sub-band
representation X(q,m) of the resulting noise-free signal x(k,;m) into time-frequency
envelope segments x(q,m) corresponding to a number N of successive samples of said
sub-band signals;

= A second time-frequency segment division unit for dividing said time-frequency sub-band
representation Y(q,m) of the noisy and/or processed signal y(k,m) into time-frequency
envelope segments y(q,m) corresponding to a number N of successive samples of said
sub-band signals;

+ A correlation coefficient unit adapted to compute a correlation coefficient p{q,m) between
each time frequency envelope segment of the noise-free signal and the corresponding
envelope segment of the noisy and/or processed signal,

¢ A final speech intelligibility measure unit providing a final binaural speech intelligibility
predictor value S/ measure as a weighted combination of the computed correlation
coefficients across time frames and frequency sub-bands.
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[0014] In an embodiment, the binaural speech intelligibility prediction system comprises a
binaural hearing loss model. In an embodiment, the binaural hearing loss model comprises
respective monaural hearing loss models of the left and right ears of a user.

A binaural hearing system:

[0015] In a further aspect, a binaural hearing system comprising left and right hearing aids
adapted to be located at left and right ears of a user, and an intrusive binaural speech
intelligibility prediction system as described above, in the 'detailed description of embodiments’,
and in the claims is moreover provided.

[0016] In an embodiment, the left and right hearing aids each comprises

« left and right configurable signal processing units configured for processing the left and
right noisy and/or processed versions y;, vy, of the target signal, respectively, and

providing left and right processed signals ujes, Urigns, respectively, and

e left and right output units for creating output stimuli configured to be perceivable by the
user as sound based on left and right electric output signals, either in the form of the left
and right processed signals e Urign: respectively, or signals derived therefrom.

[0017] The binaural hearing system further comprises

1. a) a binaural hearing loss model unit operatively connected to the intrusive binaural
speech intelligibility predictor unit and configured to apply a frequency dependent
modification reflecting a hearing impairment of the corresponding left and right ears of
the user to the electric output signals to provide respective modified electric output
signals to the intrusive binaural speech intelligibility predictor unit.

[0018] The binaural speech intelligibility prediction system (possibly including the binaural
hearing loss model) may be implemented in any one (or both) of the left and right hearing aids.
Alternatively (or additionally), the binaural speech intelligibility prediction system may be
implemented in a (separate) auxiliary device, e.g. a remote control device (e.g. a smartphone
or the like).

[0019] In an embodiment, the hearing aid(s) comprise(s) an antenna and transceiver circuitry
for wirelessly receiving a direct electric input signal from another device, e.g. a communication
device or another hearing aid. In an embodiment, the left and right hearing aids comprises
antenna and transceiver circuitry for establishing an interaural link between them allowing the
exchange of data between them, including audio and/or control data or information signals. In
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general, a wireless link established by antenna and transceiver circuitry of the hearing aid can
be of any type. In an embodiment, the wireless link is used under power constraints, e.g. in
that the hearing aid comprises a portable (typically battery driven) device.

[0020] In an embodiment, the hearing aids (e.g. the configurable signal processing unit) are
adapted to provide a frequency dependent gain and/or a level dependent compression and/or
a transposition (with or without frequency compression) of one or frequency ranges to one or
more other frequency ranges, e.g. to compensate for a hearing impairment of a user.

[0021] In an embodiment, each of the hearing aids comprises an output unit. In an
embodiment, the output unit comprises a number of electrodes of a cochlear implant. In an
embodiment, the output unit comprises an output transducer. In an embodiment, the output
transducer comprises a receiver (loudspeaker) for providing the stimulus as an acoustic signal
to the user. In an embodiment, the output transducer comprises a vibrator for providing the
stimulus as mechanical vibration of a skull bone to the user (e.g. in a bone-attached or bone-
anchored hearing aid).

[0022] In an embodiment, the input unit comprises an input transducer for converting an input
sound to an electric input signal. In an embodiment, the input unit comprises a wireless
receiver for receiving a wireless signal comprising sound and for providing an electric input
signal representing said sound. In an embodiment, the hearing aid(s) comprise(s) a directional
microphone system adapted to enhance a target acoustic source among a multitude of
acoustic sources in the local environment of the user wearing the hearing aid.

[0023] In an embodiment, the hearing aid(s) comprise(s) a forward or signal path between an
input transducer (microphone system and/or direct electric input (e.g. a wireless receiver)) and
an output transducer. In an embodiment, the signal processing unit is located in the forward
path. In an embodiment, the signal processing unit is adapted to provide a frequency
dependent gain according to a user's particular needs. In an embodiment, the hearing aid(s)
comprise(s) an analysis path comprising functional components for analyzing the input signal
(e.g. determining a level, a modulation, a type of signal, an acoustic feedback estimate, etc.).
In an embodiment, some or all signal processing of the analysis path and/or the signal path is
conducted in the frequency domain. In an embodiment, some or all signal processing of the
analysis path and/or the signal path is conducted in the time domain.

[0024] In an embodiment, the hearing aid(s) comprise(s) an analogue-to-digital (AD) converter
to digitize an analogue input with a predefined sampling rate, e.g. 20 kHz. In an embodiment,
the hearing aid(s) comprise(s) a digital-to-analogue (DA) converter to convert a digital signal to
an analogue output signal, e.g. for being presented to a user via an output transducer.

[0025] In an embodiment, the hearing aid(s) comprise(s) a number of detectors configured to
provide status signals relating to a current physical environment of the hearing aid(s) (e.g. the
current acoustic environment), and/or to a current state of the user wearing the hearing aid(s),
and/or to a current state or mode of operation of the hearing aid(s). Alternatively or
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additionally, one or more detectors may form part of an external device in communication (e.g.
wirelessly) with the hearing aid(s). An external device may e.g. comprise another hearing aid, a
remote control, and audio delivery device, a telephone (e.g. a Smartphone), an external
sensor, etc. In an embodiment, one or more of the number of detectors operate(s) on the full
band signal (time domain). In an embodiment, one or more of the number of detectors
operate(s) on band split signals ((time-) frequency domain).

[0026] In an embodiment, the hearing aid(s) further comprise(s) other relevant functionality for
the application in question, e.g. compression, noise reduction, feedback.

[0027] In an embodiment, the hearing aid comprises a hearing instrument, e.g. a hearing
instrument adapted for being located at the ear or fully or partially in the ear canal of a user or
fully or partially implemented in the head of a user, a headset, an earphone, an ear protection
device or a combination thereof.

[0028] In an embodiment, the hearing system further an auxiliary device. In an embodiment,
the system is adapted to establish a communication link between the hearing aid(s) and the
auxiliary device to provide that information (e.g. control and status signals, possibly audio
signals) can be exchanged or forwarded from one to the other.

[0029] In an embodiment, the auxiliary device is or comprises an audio gateway device
adapted for receiving a multitude of audio signals (e.g. from an entertainment device, e.g. a TV
or a music player, a telephone apparatus, e.g. a mobile telephone or a computer, e.g. a PC)
and adapted for selecting and/or combining an appropriate one of the received audio signals
(or combination of signals) for transmission to the hearing aid. In an embodiment, the auxiliary
device is or comprises a remote control for controlling functionality and operation of the
hearing aid(s). In an embodiment, the function of a remote control is implemented in a
SmartPhone, the SmartPhone possibly running an APP allowing to control the functionality of
the audio processing device via the SmartPhone (the hearing aid(s) comprising an appropriate
wireless interface to the SmartPhone, e.g. based on Bluetooth or some other standardized or
proprietary scheme).

Use:

[0030] In an aspect, use of a binaural speech intelligibility system as described above, in the
'detailed description of embodiments' and in the claims, is moreover provided. In an
embodiment, use is provided for performing a listening test. In an embodiment, use is provided
in a system comprising one or more hearing instruments, headsets, ear phones, active ear
protection systems, etc. In an embodiment, use is provided for enhancing speech in a binaural
hearing aid system.

A method of providing a binaural speech intelligibility predictor value:
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[0031] In an aspect, a method of providing a binaural speech intelligibility predictor value is
provided. The method comprises

S1. receiving a target signal comprising speech in a) left and right essentially noise-free
versions x;, X, and in b) left and right noisy and/or processed versions y;, ¥, said signals being

received or being representative of acoustic signals as received at left and right ears of a
listener is furthermore provided by the present application.

S2. providing time-frequency representations x;(k,m) and y;(k,m) of said left noise-free version
x; and said noisy and/or processed version y; of the target signal, respectively, k being a

frequency bin index, k=1, 2, ..., K, and m being a time index;

S3. providing time-frequency representations x.(k,m) and y,(k,m) of said left noise-free version
xr and said noisy and/or processed version y, of the target signal, respectively, k being a

frequency bin index, k=1, 2, ..., K, and m being a time index;

S4. receiving and relatively time shifting and amplitude adjusting the left and right noise-free
versions xj(k,m) and x(k,m), respectively, and subsequently subtracting the time shifted and

amplitude adjusted left and right noise-free versions x;(k,m) and x(k,m) of the left and right

target signals from each other, and providing a resulting noise-free signal x(k,m);

S5. receiving and relatively time shifting and amplitude adjusting the left and right noisy and/or
processed versions yj(k,m) and y,(k,m), respectively, and subsequently subtracting the time

shifted and amplitude adjusted left and right noisy and/or processed versions y;(km) and
yr(tk,m) of the left and right target signals from each other, and providing a resulting noisy

and/or processed signal y(k,m); and

S6. providing a final binaural speech intelligibility predictor value S/ measure is indicative of the
listener's perception of said noisy and/or processed versions y;, y, of the target signal based on

said resulting noise-free signal x(k,m) and said resulting noisy and/or processed signal y(k,m);

S7. Repeating steps S4-S6 to optimize the final binaural speech intelligibility predictor value, S/
measure, to indicate a maximum intelligibility of said noisy and/or processed versions y;, y, of

the target signal by said listener.

[0032] It is intended that some or all of the structural features of the system described above,
in the ‘'detailed description of embodiments’ or in the claims can be combined with
embodiments of the method, when appropriately substituted by a corresponding process and
vice versa. Embodiments of the method have the same advantages as the corresponding
systems.

[0033] In an embodiment, steps S4 and S5 each comprises
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» providing that the relative time shift and amplitude adjustment is given by the factor:
A = 100 +2ar)/40 o jw(T+AT)/2
where 1 denoted time shift in seconds and y denotes amplitude adjustment in dB, and
where At and Ay are uncorrelated noise sources which model imperfections of the
human auditory system of a normally hearing person, and

+ where the resulting noise-free signal x(k,m) and the resulting noisy and/or processed
signal y(k,m) is given by:

O] _A—lx(r)

Xem = Axk,m km>

and

l —
Vem = /1)’;5,),1 -4 1)’]‘(;?317

respectively.

[0034] In an embodiment, the uncorrelated noise sources, At and Ay, are normally distributed
with zero mean and standard deviation

oay () =V2-15dB - (1 + (l)m) [dB]

13 dB

0ny(¥) =VZ- 651075+ (14— 5]
and where the values y and 1 are determined such as to maximize the intelligibility predictor

value.

[0035] In an embodiment, step S6 comprises

= providing a time-frequency sub-band representation of the resulting noise-free signal
x(tk,m) in the form of temporal envelopes, or functions thereof, of said resulting noise-
free signal providing time-frequency sub-band signals X{(q,m), q being a frequency sub-
band index, g=1, 2, ..., Q, and m being the time index;

« providing a time-frequency sub-band representation of the resulting noisy and/or
processed signal y(k,m) in the form of temporal envelopes, or functions thereof, of said
resulting noisy and/or processed signal providing time-frequency sub-band signals
Y(g,m), g being a frequency sub-band index, g=1, 2, ..., Q, and m being the time index;

« dividing said time-frequency sub-band representation X{(g,m) of the resulting noise-free
signal x(k,m) into time-frequency envelope segments x(g,m) corresponding to a number
N of successive samples of said sub-band signals;

« dividing said time-frequency sub-band representation Y(q,m) of the noisy and/or
processed signal y(k,m) into time-frequency envelope segments y(q,m) corresponding to
a number N of successive samples of said sub-band signals;

« computing a correlation coefficient p(g,m) between each time frequency envelope
segment of the noise-free signal and the corresponding envelope segment of the noisy
and/or processed signal;

« providing a final binaural speech intelligibility predictor value S/ measure as a weighted
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combination of the computed correlation coefficients across time frames and frequency
sub-bands.

[0036] In an embodiment, time-frequency signals X(q,m), X(q,m), q being a frequency sub-

band index, g=1, 2, ..., Q, representing temporal envelopes of the respective q" sub-band
signals are power envelopes determined as

ka2 ()

2

Xq,m = Z |yk,m|

k=kq(q)
and

f2(q)

Yq,m= z |yk,m|2

k=le1(q)
respectively, where ks(q) and kx(q) denote lower and upper DFT-bins for the ¢ band,
respectively. In an embodiment, the time-frequency-decomposition of time variant (noise-free
or noisy) input signals is based on Discrete Fourier Transformation (DFT), converting
corresponding time-domain signals to a time-frequency representation comprising (real or)
complex values of magnitude and/or phase of the respective signals in a number of DFT-bins.
In an embodiment, In the present application, a number Q of (non-uniform) frequency sub-
bands with sub-band indices g=1, 2, ..., J is defined, each sub-band comprising one or more

DFT-bins (cf. vertical Sub-band g-axis in FIG. 3B). The g sub-band comprises DFT-bins with
lower and upper indices k7(q) and k2(q), respectively, defining lower and upper cut-off

frequencies of the g sub-band, respectively. In an embodiment, the frequency sub-bands are
third octave bands. In an embodiment, the number of frequency sub-bands Q is 15.

[0037] In an embodiment, the power envelopes are arranged into vectors of N samples

Xq,m:[Xq,nrNH, Xq,m*N*Z, . AXq,m]T
and

yq,m:[Yq,mfNH, Yq,mﬂ‘v'ﬁ, veey Yq,m]T
where vectors x4, and

)’q,m c RNX:L.

In an embodiment, N=30 samples.

[0038] In an embodiment, the correlation coefficient between clean and noisy/processed
envelopes are determined as:
E|(Xgm—E[Xgm ) Vgm~E[Ygm ]|
JE[(Xq,m_E[Xq,m])Z]E[(Yq.m_E[Yq.m])z]’

where the expectation is taken across both input signals and the noise sources At and Ay.

[0039] In an embodiment, an N-sample estimate pg, of the correlation coefficient pg across

the input signals is then given by:

A EA[(xq,m_lﬂxq'm )T(yq,m_lﬂyq,m)]

Pam = 7 ©
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2 2
JEA[”xq,m-lﬂxq;m” ]EA[”yq’m—luyq'm” ]
where u(-) denotes the mean of the entries in the given vector, Ep is the expectation across

the noise applied in steps S4, S4 and 1 is the vector of all ones.

[0040] In an embodiment, the final binaural speech intelligibility predictor value is obtained by
estimating the correlation coefficients, pgm, for all frames, m, and frequency bands, g, in the

signal and averaging across these:
DBSTOI = QLMzgzlzgz:l Pams
where Q and M is the number of frequency sub-bands and the number of frames, respectively.

An intrusive binaural speech intelligibility unit configured to implement the method of
providing a binaural speech intelligibility predictor value:

[0041] In an aspect, an intrusive binaural speech intelligibility unit configured to implement the
method of providing a binaural speech intelligibility predictor value (as described above in the
detailed description of embodiments and in the claims) is furthermore provided by the present
disclosure.

A computer readable medium:

[0042] In an aspect, a tangible computer-readable medium storing a computer program
comprising program code means for causing a data processing system to perform at least
some (such as a majority or all) of the steps of the method described above, in the 'detailed
description of embodiments' and in the claims, when said computer program is executed on
the data processing system is furthermore provided by the present application.

[0043] By way of example, and not limitation, such computer-readable media can comprise
RAM, ROM, EEPROM, CD-ROM or other optical disk storage, magnetic disk storage or other
magnetic storage devices, or any other medium that can be used to carry or store desired
program code in the form of instructions or data structures and that can be accessed by a
computer. Disk and disc, as used herein, includes compact disc (CD), laser disc, optical disc,
digital versatile disc (DVD), floppy disk and Blu-ray disc where disks usually reproduce data
magnetically, while discs reproduce data optically with lasers. Combinations of the above
should also be included within the scope of computer-readable media. In addition to being
stored on a tangible medium, the computer program can also be transmitted via a transmission
medium such as a wired or wireless link or a network, e.g. the Internet, and loaded into a data
processing system for being executed at a location different from that of the tangible medium.

A data processing system:
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[0044] In an aspect, a data processing system comprising a processor and program code
means for causing the processor to perform at least some (such as a majority or all) of the
steps of the method described above, in the 'detailed description of embodiments' and in the
claims is furthermore provided by the present application.

A computer program:

[0045] A computer program (product) comprising instructions which, when the program is
executed by a computer, cause the computer to carry out (steps of) the method described
above, in the 'detailed description of embodiments' and in the claims is furthermore provided
by the present application.

Definitions:

[0046] In the present context, a 'hearing aid' refers to a device, such as e.g. a hearing
instrument or an active ear-protection device or other audio processing device, which is
adapted to improve, augment and/or protect the hearing capability of a user by receiving
acoustic signals from the user's surroundings, generating corresponding audio signals,
possibly modifying the audio signals and providing the possibly modified audio signals as
audible signals to at least one of the user's ears. A 'hearing aid' further refers to a device such
as an earphone or a headset adapted to receive audio signals electronically, possibly
modifying the audio signals and providing the possibly modified audio signals as audible
signals to at least one of the user's ears. Such audible signals may e.g. be provided in the form
of acoustic signals radiated into the user's outer ears, acoustic signals transferred as
mechanical vibrations to the user's inner ears through the bone structure of the user's head
and/or through parts of the middle ear as well as electric signals transferred directly or
indirectly to the cochlear nerve of the user.

[0047] The hearing aid may be configured to be worn in any known way, e.g. as a unit
arranged behind the ear with a tube leading radiated acoustic signals into the ear canal or with
a loudspeaker arranged close to or in the ear canal, as a unit entirely or partly arranged in the
pinna and/or in the ear canal, as a unit attached to a fixture implanted into the skull bone, as
an entirely or partly implanted unit, etc. The hearing aid may comprise a single unit or several
units communicating electronically with each other.

[0048] More generally, a hearing aid comprises an input transducer for receiving an acoustic
signal from a user's surroundings and providing a corresponding input audio signal and/or a
receiver for electronically (i.e. wired or wirelessly) receiving an input audio signal, a (typically
configurable) signal processing circuit for processing the input audio signal and an output
means for providing an audible signal to the user in dependence on the processed audio
signal. In some hearing aids, an amplifier may constitute the signal processing circuit. The
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signal processing circuit typically comprises one or more (integrated or separate) memory
elements for executing programs and/or for storing parameters used (or potentially used) in
the processing and/or for storing information relevant for the function of the hearing aid and/or
for storing information (e.g. processed information, e.g. provided by the signal processing
circuit), e.g. for use in connection with an interface to a user and/or an interface to a
programming device. In some hearing aids, the output means may comprise an output
transducer, such as e.g. a loudspeaker for providing an air-borne acoustic signal or a vibrator
for providing a structure-borne or liquid-borne acoustic signal. In some hearing aids, the output
means may comprise one or more output electrodes for providing electric signals.

[0049] In some hearing aids, the vibrator may be adapted to provide a structure-borne
acoustic signal transcutaneously or percutaneously to the skull bone. In some hearing aids, the
vibrator may be implanted in the middle ear and/or in the inner ear. In some hearing aids, the
vibrator may be adapted to provide a structure-borne acoustic signal to a middle-ear bone
and/or to the cochlea. In some hearing aids, the vibrator may be adapted to provide a liquid-
borne acoustic signal to the cochlear liquid, e.g. through the oval window. In some hearing
aids, the output electrodes may be implanted in the cochlea or on the inside of the skull bone
and may be adapted to provide the electric signals to the hair cells of the cochlea, to one or
more hearing nerves, to the auditory cortex and/or to other parts of the cerebral cortex.

[0050] A 'hearing system' refers to a system comprising one or two hearing aids, and a
'binaural hearing system' refers to a system comprising two hearing aids and being adapted to
cooperatively provide audible signals to both of the user's ears. Hearing systems or binaural
hearing systems may further comprise one or more 'auxiliary devices', which communicate with
the hearing aid(s) and affect and/or benefit from the function of the hearing aid(s). Auxiliary
devices may be e.g. remote controls, audio gateway devices, mobile phones (e.g.
SmartPhones), public-address systems, car audio systems or music players. Hearing aids,
hearing systems or binaural hearing systems may e.g. be used for compensating for a
hearing-impaired person's loss of hearing capability, augmenting or protecting a normal-
hearing person’s hearing capability and/or conveying electronic audio signals to a person.

[0051] Embodiments of the disclosure may e.g. be useful in applications such as hearing
instruments, headsets, ear phones, active ear protection systems, or combinations thereof or
in development systems for such devices.

[0052] A time frequency representation of time variant signal x(n) may in the present
disclosure be denoted x(k,m), or alternatively xy ,, or alternatively xx(m), without any intended

difference in meaning, where k denotes frequency and n and m denote time, respectively.

BRIEF DESCRIPTION OF DRAWINGS

[0053] The aspects of the disclosure may be best understood from the following detailed
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description taken in conjunction with the accompanying figures. The figures are schematic and
simplified for clarity, and they just show details to improve the understanding of the claims,
while other details are left out. Throughout, the same reference numerals are used for identical
or corresponding parts. The individual features of each aspect may each be combined with any
or all features of the other aspects. These and other aspects, features and/or technical effect
will be apparent from and elucidated with reference to the illustrations described hereinafter in
which:

FIG. 1A symbolically shows a binaural speech intelligibility prediction system in combination
with an evaluation unit,

FIG. 1B shows a binaural speech intelligibility prediction system in combination with a binaural
hearing loss model and an evaluation unit,

FIG. 1C shows a combination of a binaural speech intelligibility prediction system with a
binaural hearing loss model, a signal processing unit and an evaluation unit, and

FIG. 1D shows a block diagram of the proposed speech intelligibility prediction method,

FIG. 2A shows a general embodiment of a binaural speech intelligibility prediction unit
according to the present disclosure, and

FIG. 2B shows a block diagram of an embodiment of the method for providing the DBSTOI
speech intelligibility measure according to the present disclosure,

FIG. 3A schematically shows a time variant analogue signal (Amplitude vs time) and its
digitization in samples, the samples being arranged in a number of time frames, each
comprising a number Ng of samples, and

FIG. 3B illustrates a time-frequency map representation of the time variant electric signal of
FIG. 3A,

FIG. 4 shows a listening test scenario comprising a user, a target signal source and one or
more noise sources located around the user,

FIG. 5 shows a listening test system comprising a binaural speech intelligibility prediction unit
according to the present disclosure,

FIG. 6A shows a listening situation comprising a speaker in a noisy environment wearing a
microphone comprising a transmitter for transmitting the speakers voice to a user wearing a
binaural hearing system comprising left and right hearing aids according to the present
disclosure,

FIG. 6B shows the same listening situation as in FIG. 6A from another angle,

FIG. 6C illustrates the mixing of noise-free and noisy speech signals to provide a combined
signal in a binaural hearing system based on speech intelligibility prediction of the combined
signal as e.g. available in the listening situation of FIG. 6A and 6B, and
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FIG. 6D shows an embodiment of a hearing binaural hearing system implementing the scheme
illustrated in FIG. 6C,

FIG. 7A schematically shows an exemplary embodiment of a binaural hearing system
comprising left and right hearing aids according to the present disclosure, which can e.g. be
used in the listening situation of FIG. 6A, 6B and 6C, and

FIG. 8 shows an embodiment of a method of providing a binaural speech intelligibility predictor
value.

[0054] The figures are schematic and simplified for clarity, and they just show details which are
essential to the understanding of the disclosure, while other details are left out. Throughout,
the same reference signs are used for identical or corresponding parts.

[0055] Further scope of applicability of the present disclosure will become apparent from the
detailed description given hereinafter. However, it should be understood that the detailed
description and specific examples, while indicating preferred embodiments of the disclosure,
are given by way of illustration only. Other embodiments may become apparent to those skilled
in the art from the following detailed description.

DETAILED DESCRIPTION OF EMBODIMENTS

[0056] The detailed description set forth below in connection with the appended drawings is
intended as a description of various configurations. The detailed description includes specific
details for the purpose of providing a thorough understanding of various concepts. However, it
will be apparent to those skilled in the art that these concepts may be practised without these
specific details. Several aspects of the apparatus and methods are described by various
blocks, functional units, modules, components, circuits, steps, processes, algorithms, etc.
(collectively referred to as "elements"). Depending upon particular application, design
constraints or other reasons, these elements may be implemented using electronic hardware,
computer program, or any combination thereof.

[0057] The electronic hardware may include microprocessors, microcontrollers, digital signal
processors (DSPs), field programmable gate arrays (FPGAs), programmable logic devices
(PLDs), gated logic, discrete hardware circuits, and other suitable hardware configured to
perform the various functionality described throughout this disclosure. Computer program shall
be construed broadly to mean instructions, instruction sets, code, code segments, program
code, programs, subprograms, software modules, applications, software applications, software
packages, routines, subroutines, objects, executables, threads of execution, procedures,
functions, etc., whether referred to as software, firmware, middleware, microcode, hardware
description language, or otherwise.
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[0058] The present application relates to the field of hearing devices, e.g. hearing aids, in
particular to speech intelligibility prediction. The topic of Speech Intelligibility Prediction (SIP)
has been widely investigated since the introduction of the Articulation Index (Al) [French &
Steinberg; 1947], which was later refined and standardized as the Speech Intelligibility Index
(SII) [ANSI S3.5-1997]. While the research interest initially came from the telephone industry,
the possible application to hearing aids and cochlear implants has recently gained attention,
see e.g. [Taal et al.; 2012] and [Falk et al.; 2015].

[0059] The SII predicts monaural intelligibility in conditions with additive, stationary noise.
Another early and highly popular method is the Speech Transmission Index (STI), which
predicts the intelligibility of speech, which has been transmitted through a noisy and distorting
transmission system (e.g. a reverberant room). Many additional SIP methods have been
proposed, mainly with the purpose of extending the range of conditions under which
predictions can be made.

[0060] For SIP methods to be applicable in relation to binaural communication devices such as
hearing aids, the operating range of the classical methods must be expanded in two ways.
Firstly, they must be able to take into account the non-linear processing that typically happens
in such devices. This task is complicated by the fact that many SIP methods assume
knowledge of the clean speech and interferer in separation; an assumption which is not
meaningful when the combination of speech and noise has been processed non-linearly. One
example of a method which does not make this assumption, is the STOI measure [Taal et al ;
2011] which predicts intelligibility from a noisy/processed signal and a clean speech signal. The
STOl measure has been shown to predict well the influence on intelligibility of multiple
enhancement algorithms. Secondly, SIP methods must take into account the fact that signals
are commonly presented binaurally to the user. Binaural auditory perception provides the user
with different degrees of advantage, depending on the acoustical conditions and the applied
processing [Bronkhorst; 2000]. Several SIP methods have focused on predicting this
advantage. Existing binaural methods, however, can generally not provide predictions for non-
linearly processed signals.

[0061] A setup of a binaural intrusive speech intelligibility predictor unit BS/P in combination
with an evaluation unit EVAL is illustrated in FIG. 1A. The binaural intrusive speech intelligibility
predictor unit provides speech intelligibility measure (S/ measure in FIG. 1A) based on (at
least) four signals comprising noisy/processed signals (y;, y,) as presented to the left and right

ears of the listener and clean speech signals (x;, x,), also as presented to the left and right ears

of the listener. The clean speech signal should preferably be the same as the noisy/processed
one, but without noise and without processing (e.g. in a hearing aid)). The evaluation unit
(EVAL) is shown to receive and evaluate the binaural speech intelligibility predictor S/ measure.
The evaluation unit (EVAL) may e.g. further process the speech intelligibility predictor value S/
measure, to e.g. graphically and/or numerically display the current and/or recent historic
values, derive trends, etc. The evaluation unit may e.g. be implemented in a separate device,
e.g. acting as a user interface to the binaural speech intelligibility prediction unit (BSIP), e.g.
forming part of a test system (see e.g. FIG. 5) and/or to a hearing aid including such unit, e.g.
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implemented as a remote control device, e.g. as an APP of a smartphone.

[0062] The clean (target) speech signals (x;, x,) as presented to the left and right ears of the

listener from a given acoustic (target) source in the environment of the listener (at a given
location relative to the user) may be generated from an acoustic model of the setup including
measured or modelled head related transfer functions (HRTF) to provide appropriate
frequency and angle dependent interaural time (ITD) and level differences (ILD). The
contributions (n;;, n; ;) as presented to the left and right ears of the listener of individual noise

sources N;, =1, 2, ..., Ng, Ng being the number of noise sources considered (e.g. equal to one

or more), located at different positions around the listener may likewise be determined from an
acoustic model of the setup. Thereby, noisy (e.g. un-processed) signals (y;, y,) comprising the

target speech as presented to the left and right ears of the listener may be provided as the
sum of the respective clean (target) speech signals (x; x,) and the noise signals (n;;, n;, of

individual noise sources N, i=1, 2, ..., N, as presented to the left and right ears of the listener
(cf. e.g. FIG. 4). Alternatively, the clean (target) speech signals (x; x,) and noisy (e.g. un-
processed) signals (y;, yy) as presented to the left and right ears of a listener may be measured

in a specific geometric setup, e.g. using a dummy head model (e.g. performed in a sound
studio with a head-and-torso-simulator (HATS, Head and Torso Simulator 4128C from Bruel &
Kjeer Sound & Vibration Measurement A/S)) (cf. e.g. FIG. 4).

[0063] Hence, in an embodiment, the clean and noisy signals as presented to the left and right
ears of the listener and used as inputs to the binaural speech intelligibility predictor unit are
provided as artificially generated and/or measured signals.

[0064] FIG. 1B shows a binaural speech intelligibility prediction system in combination with a
binaural hearing loss model (BHLM) and an evaluation unit (EVAL). The hearing loss model
(Hearing loss model, BHLM) is e.g. configured to reflect a user's hearing loss (i.e. to distort
(modify) acoustic inputs, here noisy signals (y;, y,) as the use's auditory system would).

[0065] FIG. 1C shows a combination of a binaural speech intelligibility prediction system with a
binaural hearing loss model (BHLM), a signal processing unit (SPU) and an evaluation unit
(EVAL). The signal processing unit (SPU) may e.g. be configured to run one or more
processing algorithms of a hearing aid. Such configuration may thus be used to simulate a
listening test for trying out a particular signal processing algorithm, e.g. during development of
the algorithm, of to find appropriate settings of the algorithm for a given user.

[0066] FIG. 1D shows a block diagram of a binaural speech intelligibility prediction system
comprising a binaural speech intelligibility prediction unit (BS/P) and a binaural hearing loss
model (BHLM). The binaural speech intelligibility prediction unit shown in FIG. 1D comprises
the blocks Binaural advantage and Monaural intelligibility measure. The Binaural advantage
block comprises a model having one or more parameters, which determine how the left and
right ear signals are combined by the auditory system. The Monaural intelligibility measure
comprises a monaural speech intelligibility prediction unit, e.g. as described in [Taal et al;
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2011]

[0067] The exemplary measure as shown in FIG. 2A, 2B does NOT include the block Hearing
loss model in FIG. 1D.

[0068] FIG. 2A shows a general embodiment of a binaural speech intelligibility prediction unit
according to the present disclosure. FIG. 2A shows an intrusive binaural speech intelligibility
prediction system comprising a binaural speech intelligibility predictor unit (BS/P) adapted for
receiving a target signal comprising speech in a) left and right essentially noise-free versions
(x;, x) and in b) left and right noisy and/or processed versions (y;, yy). The clean (x;, x,) and

noisy/processed (y;, y,) signals are representative of acoustic signals as received at left and

right ears of a listener. The binaural speech intelligibility predictor unit (BSIP) is configured to
provide as an output a final binaural speech intelligibility predictor value S/ measure indicative
of the listener's perception of the noisy and/or processed versions y;, y, of the target signal.

The binaural speech intelligibility predictor unit (BS/P) comprises first and third input units (TF-
D1, TF-D3) for providing time-frequency representations x;(k,m) and x.(k,m) of said left and

right noise-free versions x;(n) and x,(n), respectively, of the target signal, k being a frequency

bin index, k=1, 2, ..., K, m and n being a time indices. The binaural speech intelligibility
predictor unit (BSIP) further comprises second and fourth input units (TF-D2, TF-D4) for
providing time-frequency representations y;(k,m) and y,(k,m) of said left and right noisy and/or

processed versions yi(n) and y.(n) of the target signal, respectively. The binaural speech

intelligibility predictor unit (BS/P) further comprises a first equalization-cancellation stage
(MOD-EC1) adapted to receive and relatively time shift and amplitude adjust the left and right
time-frequency representations of the noise-free versions x;(k,m) and x(k,m), respectively, and

to subsequently subtract the time shifted and amplitude adjusted left and right noise-free
versions x'i(k,m) and x'(k,m) of the left and right signals from each other, and to provide a

resulting noise-free signal x(k,m). The binaural speech intelligibility predictor unit (BS/P) further
comprises a second equalization-cancellation stage (MOD-EC2) adapted to receive and
relatively time shift and amplitude adjust the left and right time-frequency representations of
the noisy and/or processed versions y;(k,m) and y{k,m), respectively, and to subsequently

subtract the time shifted and amplitude adjusted left and right noisy and/or processed versions
y'i(tk,m) and y'((k,m) of the left and right signals from each other, and to provide a resulting

noisy and/or processed signal y(k,m). The binaural speech intelligibility predictor unit (BS/P)
further comprises a monaural speech intelligibility predictor unit (MS/P) for providing the final
binaural speech intelligibility predictor value S/ measure based on the resulting noise-free
signal x(k, m) and the resulting noisy and/or processed signal y(k,m). The first and second
equalization-cancellation stages (MOD-EC1, MOD-EC2) are adapted to optimize the final
binaural speech intelligibility predictor value S/ measure to provide a maximum (estimated)
intelligibility (of the listener) of the noisy and/or processed versions y;, y, of the target signal.

[0069] In the embodiment of an intrusive binaural speech intelligibility prediction system shown
in FIG. 2A, the monaural speech intelligibility predictor unit (MSIP) comprises a first envelope
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extraction unit (EEUT) for providing a time-frequency sub-band representation of the resulting
noise-free signal x(k,m) in the form of temporal envelopes, or functions thereof, of the resulting
noise-free signal providing time-frequency sub-band signals X{(q,m), where g is a frequency
sub-band index, g=7, 2, ..., Q, and m is the time index. The monaural speech intelligibility
predictor unit (MSIP) further comprises a second envelope extraction unit (EEU2) for providing
a time-frequency sub-band representation of the resulting noisy and/or processed signal
ytk,m) in the form of temporal envelopes, or functions thereof, of the resulting noisy and/or
processed signal providing time-frequency sub-band signals Y(g,m). The monaural speech
intelligibility predictor unit (MSIP) further comprises a first time-frequency segment division unit
(SDUT) for dividing the time-frequency sub-band representation X(q,m) of the resulting noise-
free signal x(k,m) into time-frequency envelope segments x(gq,m) corresponding to a number N
of successive samples of the sub-band signals. Likewise, the monaural speech intelligibility
predictor unit (MSIP) further comprises a second time-frequency segment division unit (SDU2)
for dividing the time-frequency sub-band representation Y(q,m) of the noisy and/or processed
signal y(k,m) into time-frequency envelope segments y(g,m) corresponding to a number N of
successive samples of the sub-band signals. The monaural speech intelligibility predictor unit
(MSIP) further comprises a correlation coefficient unit (CCU) adapted to compute a correlation
coefficient p{q,m) between each time frequency envelope segment of the noise-free signal and
the corresponding envelope segment of the noisy and/or processed signal. The monaural
speech intelligibility predictor unit (MSIP) further comprises a final speech intelligibility measure
unit (A-CU) providing a final binaural speech intelligibility predictor value S/ measure as a
weighted combination of the computed correlation coefficients across time frames and
frequency sub-bands. Optimization of the final binaural speech intelligibility predictor value S/
measure to provide a maximum (estimated) intelligibility (of the listener) of the noisy and/or
processed versions y, y, of the target signal is indicated by connections from the final speech

intelligibility measure unit (A-CU) to the first and second equalization-cancellation stages
(MOD-EC1, MOD-EC2), respectively. An example of such optimization process is described in
connection with section Step 2: EC Processing below.

[0070] FIG. 2B shows a block diagram of a method of/device for providing the DBSTOI
binaural speech intelligibility measure.

[0071] In [Andersen et al.; 2015], a binaural extension of the STOI measure - the Binaural
STOI (BSTOI) measure - was proposed. The BSTOI measure has been shown to predict well
the intelligibility (including binaural advantage) obtained in conditions with a frontal target and a
single point noise source in the horizontal plane. The BSTOI measure was also shown to
predict the intelligibility of diotic speech which had been processed by ITFS (Ideal Time
Frequency Segregation).

[0072] In the present application an improved version of the BSTOI measure is presented,
which is computationally less demanding and, unlike BSTOI, produces deterministic results.
The proposed measure has the advantage of being able to predict intelligibility in conditions
where both binaural advantage and non-linear processing simultaneously influence
intelligibility. To the knowledge of the present inventors, no other SIP method is capable of
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producing predictions in conditions where intelligibility is affected by both. We refer to the
improved binaural speech intelligibility measure as the Deterministic BSTOI (DBSTOI)
measure.

[0073] The DBSTOI measure scores intelligibility based on four signals: The noisy/processed
signal as presented to the left and right ears of the listener and a clean speech signal, also at
both ears. The clean (essentially noise-free) signal should be the same as the noisy/processed
one, but with neither noise nor processing. The DBSTOI measure produces a score in the
range 0 to 1. The aim is to have a monotonic correspondence between the DBSTOI measure
and measured intelligibility, such that a higher DBSTOI measure corresponds to a higher
intelligibility (e.g. percentage of words heard correctly).

[0074] The DBSTOI measure is based on combining a modified Equalization Cancellation (EC)
stage with the STOIl measure as proposed in [Andersen et al.; 2015]. Here, we introduce
further structural changes in the STOI measure to allow for better integration with the EC-
stage. This allows for computing the measure deterministically and in closed form, contrary to
the BSTOI measure [Andersen et al.; 2015], which is computed using Monte Carlo simulation.

[0075] The structure of the DBSTOI measure is shown in FIG. 2B. The procedure is separated
in three main steps: 1) a time-frequency-decomposition based on the Discrete Fourier
Transformation (DFT), 2) a modified EC stage which extracts binaural advantage and 3) a
modified version of the monaural STOl measure.

Specific example:

[0076] As a specific example of the proposed type of binaural intelligibility predictor, the
DBSTOI measure as described in the following. A block diagram of the binaural speech
intelligibility prediction unit providing this specific measure is shown in FIG. 2B. The
measure/unit corresponds to the blocks Binaural advantage and Monaural intelligibility
measure in FIG. 1D. The exemplary measure as shown in FIG. 2B does NOT include the block
Hearing loss model/ shown in FIG. 1B, 1C, and 1D.

[0077] An outline of the procedure of computing the DBSTOI measure is given by:

1. 1) The input signals are time-frequency decomposed by use of a short time Fourier
transformation. Subsequent steps are carried out in the short-time Fourier domain.

2.2) The left and right ear signals are combined by means of a modified equalization
stage. Specifically:

1. a. The left and right ear signals are time shifted and amplitude adjusted relative to
each other. This is done separately for a range of third octave bands. See
equations (1) and (2) below.

2. b. The time shifted and amplitude adjusted left and right signals are subtracted
from one-another. This difference is referred to as the combined signal. The same
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time shifts and amplitude adjustment factors are applied for the clean signals and
the noisy/processed signals. One combined clean signal and one combined
noisy/processed signal is obtained in this manner. See equations (1) and (2)
below.

3. 3) A power envelope is extracted from each third octave band for each signal (the clean
and the noisy/processed one). See equation (5) below.

4.4) The envelopes are arranged into short overlapping segments. See equation (8)
below.

5. 5) The correlation coefficient is computed between each envelope segment of the clean
signal and the corresponding envelope segment of the noisy/processed signal. See
equation (9) below.

6. 6) The final measure is obtained as an average of the computed correlation coefficients
across all time frames and third octave bands. See equation (15) below.

[0078] Advantageously, the time shift and amplitude adjustment factors in step 2 are
determined independently for each short envelope segment and are determined such as to
maximize the correlation between the envelopes. This corresponds to the assumption that the
human brain uses the information from both ears such as to make speech as intelligible as is
possible. The final number typically lies in the interval between 0 to 1, where 0 indicates that
the noisy/processed signal is much unlike the clean signal and should be expected to be
unintelligible, while numbers close to 1 indicate that the noisy/processed signal is close to the
clean signal and should be expected to be highly intelligible.

Step 1: TF Decomposition

[0079] The first step (cf. e.g. Step 1 in FIG. 2B) resamples the four input signals x;, x,, y;, v to

10 kHz, removes segments with no speech (via an ideal frame based voice activity detector)
and performs a short-time DFT-based Time Frequency (TF) decomposition (cf. blocks Short-
time DFT in FIG. 2B). This is done in exactly the same manner as for the STOI measure (cf.
e.g. [Taal et al.; 2011]). Let

xkf,)n € C
be the TF unit corresponding to the clean signal at the left ear in the m® time frame and the k"

frequency bin (cf. FIG. 3B). Similarly, let

(r)
xk,m’

(D
Y km

and

)
Y km

denote the right ear clean signal, and the left and right ear noisy/processed signal TF units,
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respectively.

Step 2: EC Processing

[0080] The second step (cf. e.g. Step 2 in FIG. 2B) of computing the measure combines the
left and right ear signals using a modified EC stage (EC=Equalization-Cancellation) to model
binaural advantage (cf. e.g. [Durlach; 1963], [Durlach; 1972]) (cf. blocks Modified (1/3 octave)
EC-stage in FIG. 2B).

[0081] A combined clean signal is obtained by relatively time shifting and amplitude adjusting
the left and right clean signals and thereafter subtracting one from the other. The same is done
for the noisy/processed signals to obtain a single noisy/processed signal. The relative time shift
of 1 (seconds) and amplitude adjustment of y (dB) is given by the factor:

1 = 100 +4r)/40, jo(T+AT)/2 (1)

where At and Ay are uncorrelated noise sources which model imperfections of the human
auditory system of a normally hearing person. The resulting combined clean signal is given by:

X = Arid =171 (2)

km m

[0082] A combined noisy/processed TF-unit, yx m,, is obtained in a similar manner (using the

same value of A).

[0083] The uncorrelated noise sources, At and Ay, are normally distributed with zero mean
and standard deviation:

o, () =V 15.dB- (1 + (2)™) [dB1 3)

Oay(y) = V2651076 s (1 + —19) [s] (4)

0.0016s

[0084] Following the principle introduced in [Andersen et al.; 2015], the values y and 1 are
determined such as to maximize the scoring of intelligibility. This is further described below.

Step 3: Intelligibility Prediction

[0085] At this point the four input signals have been condensed to two signals: a clean signal,
Xk,m, and a noisy/processed signal, yx ,,. VWe compute an intelligibility score for these signals by

use of a variation of the STOIl measure. For mathematical tractability, we use power envelopes
rather than magnitude envelopes as originally proposed in STOI [Taal et al.; 2011]. This is also
done in [Taal et al.; 2012] and appears not to have a significant effect on predictions.
Furthermore, we discard the clipping mechanism contained in the original STOI, as also done
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in [Taal et al.; 2012]. We have seen no indication that this negatively influences results.

[0086] The clean and processed signal power envelope is determined in Q=15 third octave

bands (cf. blocks Envelope extraction in FIG. 2B):
k2(q)

2
Xq,m - Z |xk,m|
ke=k1(q)
P Xéf‘l)n ‘|‘0(_1 Xé‘;; - 2Re[e_jwq(T+AT)Xc(1?n] (5)
where a = 10(Y*Av)/20 gng-

/) _ yka(a) W/OF &) _ vka(a) (@,
Xam' =Ll em | > Xam = Ltk q) XhmXem (6)

where superscript ¢ indicates the correlation between the left and right channels and where

k4(q) and k»(q) denote the lower and upper DFT bins for the ¢ third octave band, respectively,

and wyg is the center frequency of the g™ frequency band. The approximate equality is obtained

by inserting (1) and (2) and assuming that the energy in each third octave band is contained at
the center frequency. A similar procedure for the processed signal yields third octave power
envelopes, Yqm.

[0087] If we assume that the input signals are wide sense stationary stochastic processes, the
power envelopes, Xqm and ygm are also stochastic processes, due to the stochastic nature of

the input signals as well as the noise sources, At and Ay, in the EC stage. An underlying
assumption of STOI is that intelligibility is related to the correlation between clean and

noisy/processed envelopes (cf. e.g. [Taal et al.; 2011]):
E|(Xgm—E[Xgm])(Yqm—E[Ygm))]
pq= [q [Q] g [q]J ’(7)
\/ E[(Xgm—E[XqmD?E[(Ygm—E[Yqm])?]
where the expectation is taken across both input signals and the noise sources in the EC

stage.

[0088] To estimate pg the power envelopes are arranged into vectors of N=30 samples (cf.

e.g. [Taal et al.; 2011] and blocks Short-time segmentation in FIG. 2B):
)Cq.m:[Xq,m*NH, /\,q,m*NJrZ, oo Xq,m]T. (8)

[0089] Similar vectors,
yq‘m = Rle
are defined for the processed signal.

[0090] An N-sample estimate of pq across the input signals is then given by:

Ex [(xq,m _1ﬂxq'm )T (yq,m_lﬂyq,m )]

Pam =1 : —. (%)
[Falllram=tisqun|a[yam=1asg ]

where u(-) denotes the mean of the entries in the given vector, Ep is the expectation across

the noise in the EC stage and 1 is the vector of all ones (cf. block Correlation coefficient in FIG.
2B). A closed form expression for this expectation can be derived, and is given by:
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EA E(X‘q{'n 7‘“’Xq77n )T(yQ»T’Ziﬂer nz)] =
(ezﬁlT L, +e 2T )620—”

Ty e ~Ha,m Ly rre yq Y

T ¢ (7' /2 “UJ‘(Tf 1‘/2
_‘_rrq ,,,,lyq m +1:13q Try I‘yq m —2e a8 %¢ a X

T e By e
{ ( 1 Ty, rre +e I‘wq,'m‘)Re Iicyq,m € }
. T ; —
+R€%e jw‘rcﬁcq,yn} (eﬁly(bm +€ Bquﬂ”b)}

+2(R€[ Cry mCua, m} + g2 A RE[ S o me"jzm}) (10)
where
m *(5)

v ! k
L“"’cz,m - {“Xq,m-i’\f~{~,}w ‘Xé’»z‘?é § : 9 ; (1 ”
k=rm— N+

L)

Tag o =X ity oo XS MIZ (12)
ke — N+1
‘ 3
C:s::@ﬁm - {Xéiiz-N%—l s Aéf}n ]—Z N (}13)
éwvy?w?x’rri
. In(10) ,  (In(10)\* , |
/5: ;O Vs 6&;3:("755“ T A~ (14)

and similarly for the noisy/processed signal. An expression for Ea[lixgnm - pxqmllz] may be

obtained from (10) by replacing all instances of yg, by Xxqm and vice versa for Ep[llygm -

Uyq,m”z]-

[0091] The final DBSTOI measure is obtained by estimating the correlation coefficients, ogm,

for all frames, m, and frequency bands, q, in the signal and averaging across these [Taal et al.;
2011]:

1 <
DBSTOI = QT/IZ —1 Zm=1Pgm» (15)

where Q and M is the number of frequency bands and the number of frames, respectively (cf.
block Average in FIG. 2B).

[0092] It can be shown that whenever the left and right ear inputs are identical, the DBSTOI
measure produces scores which are identical those of the monaural STOI (that is, the modified
monaural STOIl measure based on (5) and without clipping).

Determination of yand T
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[0093] Finally, we consider the parameters y and 1. These parameters are determined
individually for each time unit, m, and third octave band, g, such as to maximize the final
DBSTOI measure (cf. feedback loop from output DBSTOI/ to blocks Modified (1/3 octave) EC-
stage in FIG. 2B). Thus, each correlation coefficient estimate is a function of its own set of
parameters, Ogm(y,7). The DBSTOI measure, (15), can therefore be maximized by maximizing

each of the estimated correlation coefficients individually:
Pym = nﬁ_x Pam(y, 7). (16)

[0094] In general, the optimization may be carried out by evaluating oy, for a discrete set of y

and 71 values and choosing the highest value.

[0095] FIG. 3A schematically shows a time variant analogue signal (Amplitude vs time) and its
digitization in samples, the samples being arranged in a number of time frames, each
comprising a number Ng of digital samples. FIG. 3A shows an analogue electric signal (solid

graph), e.g. representing an acoustic input signal, e.g. from a microphone, which is converted
to a digital audio signal in an analogue-to-digital (AD) conversion process, where the analogue
signal is sampled with a predefined sampling frequency or rate fg, f5 being e.g. in the range

from 8 kHz to 40 kHz (adapted to the particular needs of the application) to provide digital
samples x(n) at discrete points in time n, as indicated by the vertical lines extending from the
time axis with solid dots at its endpoint coinciding with the graph, and representing its digital
sample value at the corresponding distinct point in time n. Each (audio) sample x(n) represents
the value of the acoustic signal at n by a predefined number N, of bits, N, being e.g. in the

range from 1 to 16 bits. A digital sample x(n) has a length in time of 1/f5, e.g. 50 ps, for fg = 20
kHz. A number of (audio) samples Ng are arranged in a time frame, as schematically illustrated

in the lower part of FIG. 3A, where the individual (here uniformly spaced) samples are grouped
in time frames (1, 2, ..., Ng)). As also illustrated in the lower part of FIG. 3A, the time frames

may be arranged consecutively to be non-overlapping (time frames 1, 2, ..., m, ..., M) or
overlapping (here 50%, time frames 1, 2, ..., m, ..., M"), where m is time frame index. In an
embodiment, a time frame comprises 64 audio data samples. Other frame lengths may be
used depending on the practical application.

[0096] FIG. 3B schematically illustrates a time-frequency representation of the (digitized) time
variant electric signal x(n) of FIG. 3A. The time-frequency representation comprises an array
or map of corresponding complex or real values of the signal in a particular time and frequency
range. The time-frequency representation may e.g. be a result of a Fourier transformation
converting the time variant input signal x(n) to a (time variant) signal x(k,m) in the time-
frequency domain. In an embodiment, the Fourier transformation comprises a discrete Fourier
transform algorithm (DFT). The frequency range considered by a typical hearing aid (e.g. a
hearing aid) from a minimum frequency fq,i, to @ maximum frequency fy,5x comprises a part of

the typical human audible frequency range from 20 Hz to 20 kHz, e.g. a part of the range from
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20 Hz to 12 kHz. In FIG. 3B, the time-frequency representation x(k,m) of signal x(n) comprises
complex values of magnitude and/or phase of the signal in a number of DFT-bins defined by
indices (k,m), where k=1,...., Krepresents a number K of frequency values (cf. vertical k-axis in
FIG. 3B) and m=1, ...., M (M) represents a number M (M") of time frames (cf. horizontal m-axis
in FIG. 3B). A time frame is defined by a specific time index m and the corresponding K DFT-
bins (cf. indication of Time frame m in FIG. 3B). A time frame m represents a frequency
spectrum of signal x at time m. ADFT-bin (k,m) comprising a (real) or complex value x(k,m) of
the signal in question is illustrated in FIG. 3B by hatching of the corresponding field in the time-
frequency map. Each value of the frequency index k corresponds to a frequency range Af,, as

indicated in FIG. 3B by the vertical frequency axis f Each value of the time index m represents
a time frame. The time Af,, spanned by consecutive time indices depend on the length of a

time frame (e.g. 25 ms) and the degree of overlap between neighbouring time frames (cf.
horizontal t-axis in FIG. 3B).

[0097] In the present application, a number Q of (non-uniform) frequency sub-bands with sub-
band indices g=1, 2, ..., J is defined, each sub-band comprising one or more DFT-bins (cf.
vertical Sub-band g-axis in FIG. 3B). The ¢! sub-band (indicated by Sub-band g (Xg(m)) in the
right part of FIG. 3B) comprises DFT-bins with lower and upper indices k7(q) and k2(q),
respectively, defining lower and upper cut-off frequencies of the g" sub-band, respectively. A

specific time-frequency unit (g,m) is defined by a specific time index m and the DFT-bin indices
k1(q)-k2(q), as indicated in FIG. 3B by the bold framing around the corresponding DFT-bins. A

specific time-frequency unit (g,m) contains complex or real values of the g sub-band signal
Xg(m) at time m. In an embodiment, the frequency sub-bands are third octave bands. wg

denote a center frequency of the ¢ frequency band.

[0098] FIG. 4 shows a listening test scenario comprising a user, a target signal source and one
or more noise sources located around the user.

[0099] FIG. 4 illustrates a user (U) wearing a hearing system comprising left and right hearing
aids (HD;, HDg) located at left and right ears (Left ear, Right ear) of the user. A target signal

source (Target source, S) comprising noise free-speech and a number of noise sound sources
(Noise source i, V;, i=1, 2, ..., Nv, where Nv is the number of noise sound sources) located at

well-defined points in space around the user. The location of the target sound source (S)
relative to the user (the centre of the head of the user) is defined by vector dg. The location of

the noise sound source (V) relative to the user is defined by vector dy;. A direction (in a

horizontal plane perpendicular to a vertical direction VERT-DIR) from a user to a given sound
source is defined by an angle @ relative to a look direction (LOOK-DIR) of the user following the
nose of the user. The direction to the target sound source (S) and the noise sound source (V)

is defined by angle 8g and 8y, respectively.

[0100] A target signal from target source S comprising speech (e.g. from a person or a
loudspeaker) in left and right essentially noise-free (clean) target signals x;(n), x{(n), n being a
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time index, as received at the left and right hearing aids (HD;, HDg), respectively, when located

at the left and right ears of the user can e.g. be recorded in a recording session, where each of
the hearing aids comprise appropriate microphone and memory units. Likewise, a signal from
a noise sound source V; can be recorded as received at the left and right hearing aids (HD,,

HDg), respectively, providing noise signals vj(n), vj(n). This can be performed for each of the
sound sources V;, =1, 2, ..., Nv. Left and right noisy and/or processed versions y;, (n), y.{(n) of

the target signal can then be composed by mixing (addition) of the noise-free (clean) left and
right target signals x;(n), x(n), and the left and right noise signals vy(n), vi{(n), =1, 2, ..., Nv. In

other words left and right noisy and/or processed versions y;, (n), y/(n) of the target signal can
be determined as y;(n) = x(n)+vy(n), and y(n) = x(n)+vi{n), i=1, 2, ..., Nv, respectively. These
signals xy(n), x/(n), and yin), y{n) can be forwarded to the binaural speech intelligibility
predictor unit and a resulting speech intelligibility predictor dp;, (or respective left dp;n; and right
dpin,r predictors, cf. e.g. FIG. 7) determined. By including a binaural hearing loss model (BHLM
or respective left and right ear hearing loss models HLM,, HLM,, cf. e.g. FIG. 7), the effect of a

hearing impairment can be included in the speech intelligibility prediction (and/or an adaptive
system for modifying hearing aid processing to maximize the speech intelligibility predictor can
be provided).

[0101] Alternatively, the recorded (electric) noise-free (clean) left and right target signals x;(n),
x[{n), and a mixture yi(n), y{n) of the clean target source and noise sound sources as

(acoustically) received at the left and right hearing aids and picked up by microphones of the
respective hearing aids can be provided to the binaural speech intelligibility predictor unit and a
resulting binaural speech intelligibility predictor dp;, (alternatively denoted S/ measure or

DBSTO/) determined. Thereby the effect on the resulting binaural speech intelligibility predictor
dpin of changes in location, type and level of the noise sound sources V; can be evaluated (for

a fixed sound source S).

[0102] By including a processing algorithm of a hearing aid, the binaural speech intelligibility
prediction system can be used to test the effect of different algorithms on the resulting binaural
speech intelligibility predictor. Alternatively or additionally, such setup can be used to test the
effect of different parameter settings of a given algorithm (e.g. a noise reduction algorithm or a
directionality algorithm) on the resulting binaural speech intelligibility predictor.

[0103] The setup of FIG. 4 can e.g. be used to generate electric noise-free (clean) left and
right target signals x;(n), x(n) as received at left and right ears from a single noise free target

sound source (S in FIG. 4) subject to left and right head related transfer functions
corresponding to the chosen location of the sound source (e.g. given by angle 8g).

[0104] FIG. 5 shows a listening test system (TEST) comprising a binaural speech intelligibility
prediction unit (BSIP) according to the present disclosure. The test system may e.g. comprise
a fitting system for a adapting a hearing aid or a pair of hearing aids to a particular persons'
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hearing impairment. Alternatively or additionally, the test system may comprise or form part of
a development system for testing the impact of processing algorithms (or changes to
processing algorithms) on an estimated speech intelligibility of the user (or of an average user
having a specified, e.g. typical or special, hearing impairment).

[0105] The test system (TEST) comprises a user interface (U/) for initiating a test and/or for
displaying results of a test. The test system further comprises a processing part (PRO)
configured to provide predefined test signals, including a) left and right essentially noise-free
versions x;, x, of a target speech signal and b) left and right noisy and/or processed versions

Yier, Yrigne Of the target speech signal. The signals x;, X, Yies Yrigne are adapted to emulate

signals as received or being representative of acoustic signals as received at left and right ears
of a listener. The signals may e.g. be generated as described in connection with FIG. 4.

[0106] The test system (TEST) comprises a (binaural) signal processing unit (BSPU) that
applies one or more processing algorithms to the left and right noisy and/or processed
Versions Ve, Yright Of the target speech signal and provides resulting processed signals ujeg

and u right:

[0107] The test system (TEST) further comprises a binaural hearing loss model (BHLM) for
emulating the hearing loss (or deviation from normal hearing) of a user. The binaural hearing
loss model (BHLM) receives processed signals ujp and urgy from the binaural signal

processing unit (BSPU) and provides left and right modified processed signals y; and y,, which

are fed to the binaural speech intelligibility prediction unit (BS/P) as the left and right noisy
and/or processed versions of the target signal. Simultaneously, the clean versions of the target
speech signals x;, x, are provided from the processing part (PRO) of the test system to the

binaural speech intelligibility prediction unit (BS/P). The processed signals ujer and urign may

e.g. be fed to respective loudspeakers (indicated in dotted line) for acoustically presenting the
signals to a listener.

[0108] The processing part (PRO) of the test system is further be configured to receive the
resulting speech intelligibility predictor value S/ measure and to process and/or present the
result of the evaluation of the listeners' intelligibility of speech in the current noisy and
processed signals ujer and urgy via the user interface Ul Based thereon, the effect of the

current algorithm (or a setting of the algorithm) on speech intelligibility can be evaluated. In an
embodiment, a parameter setting of the algorithm is changed in dependence of the value of
the present resulting speech intelligibility predictor value S/ measure (e.g. manually or
automatically, e.g. according to a predefined scheme, e.g. via control signal cntr).

[0109] The test system (TEST) may e.g. be configured to apply a number of different (e.g.
stored) test stimuli comprising speech located at different positions relative to the listener, and
to mix it with one or more different noise sources, located at different positions relative to the
listener, and having configurable frequency content and amplitude shaping. The test stimuli are
preferably configurable and applied via the user interface (Ul).
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Intelligibility-based signal selection.

[0110] FIG. 6A and 6B illustrate various views of a listening situation comprising a speaker in a
noisy environment wearing a microphone comprising a transmitter for transmitting the
speakers voice to a user wearing a binaural hearing system comprising left and right hearing
aids according to the present disclosure. FIG. 6C illustrates the mixing of noise-free and noisy
speech signals to provide a combined signal in a binaural hearing system based on speech
intelligibility prediction of the combined signal as e.g. available in the listening situation of FIG.
6A and 6B. FIG. 6D shows an embodiment of a hearing binaural hearing system implementing
the scheme illustrated in FIG. 6C.

[0111] FIG. 6A and 6B shows a target talker (TLK) wearing a wireless microphone (M) able to
pick up his voice (signal x) at a high signal-to-noise ratio (SNR) (due to the short distance
between the mouth of the talker and the microphone). In an embodiment, the wireless
microphone comprises a voice detection unit allowing the microphone to identify time
segments where the a human voice is being picked up by the microphone. In an embodiment,
the wireless microphone comprises an own voice detection unit allowing the microphone to
identify time segments where the talker's voice is being picked up by the microphone. In an
embodiment, the own voice detection unit has been trained to allow the detection of the talker's
voice. The general idea is that the microphone signal (x) is wirelessly transmitted to the
hearing instrument user by a transmitting unit (7x), e.g integrated with the wireless microphone
(M). In an embodiment, the signal picked up by the microphone is only transmitted when the a
huna voice has been identified by a voice detection unit. In an embodiment, the signal picked
up by the microphone is only transmitted when the talker's voice has been identified by an own
voice detection unit. Therefore, the hearing impaired listener (U) wearing left and right hearing
aids (HD;, HDg) at left and right ears has two different versions of the target speech signal

available: a) the speech signal (y/ y,) picked up by the microphones of the left and right hearing

aids, respectively, and b) the speech signal (x) picked up by the target talker's body-worn
microphone and wirelessly transmitted to the left and right hearing aids of the user. Hereby we
have two main options for presenting the speech signal to the listener (U) who is wearing the
hearing instruments (HD;, HDR):

1. 1. The listener may listen to the speech signal (y; ,y) picked up by the hearing

instrument microphones.
2. 2. The listener may listen to the speech signal (x) picked up by the microphone placed
near the talker's mouth.

Option 1) has the advantage that the hearing instrument microphone signals (y,y,) are

recorded binaurally. Hereby the spatial perception of the speech signal is essentially correct,
and the spatial cues may assist the listener to better understand the target talker. Furthermore,
the (potential) acoustic noise present in the microphone signals of the hearing aid user may be
reduced using the external microphone signal as side information (see e.g. our co-pending
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European patent application EP15190783.9 filed at the European Patent Office on
20.10.2015). Even so, the SNR in this enhanced signal may still be very poor compared to the
SNR at the external microphone.

Option 2) has the advantage that the SNR of the signal (x) picked up at the external
microphone (M) close to the mouth of the target talker (TLK) most likely is much better than
the SNR at the microphones of hearing instruments (HD;, HDg). While this signal (x) can be

presented to the hearing aid user (U), the disadvantage is that we only have a mono version to
present, so that any binaural spatial cues have to be restored artificially (see e.g.
EP15190783.9 as referred to above).

[0112] For that reason, for high signal to noise ratio situations, where intelligibility degradation
is not a problem, it is better to present the processed signals originally recorded at the hearing
instrument microphones. On the other hand, if the SNR is very poor, it may be an advantage to
trade the spatial cues for a better signal to noise ratio.

[0113] In order to decide which signal is the best to present to the listener in a given situation,
a speech intelligibility model may be used. Most existing speech intelligibility models are
monaural, see e.g. the one described in [Taal et al., 2011], while a few existing ones work on
binaural signals, e.g. [Beutelmann&Brand; 2006]. For the idea presented in the present
application, better performance is expected with a binaural model, but the basic idea does not
require a binaural model. Most speech intelligibility models assume that a clean reference is
available. Based on this clean reference signal and the noisy (and potentially processed)
signal, it is possible to predict the speech intelligibility of the noisy/processed signal. With the
wireless microphone situation described above and depicted in FIG. 6A, 6B, and as shown in
FIG. 6C, the speech signal (x) recorded at the external microphone (M) is taken to be a 'clean
reference signal' (Reference signal in FIG. 6C). Based on this reference, we can estimate the
speech intelligibility at the hearing instrument microphones via a speech intelligibility model (cf.
binaural speech intelligibility prediction unit BS/IP in FIG. 6C). If the (estimated) speech
intelligibility (cf. signal S/ measure in FIG. 6C) at the hearing instrument microphones is
sufficiently high, there is no reason to present the external microphone signal to the listener. By
listening to the microphone signals (y; ,y) recorded (picked up) by the hearing instruments

(HDy, HDR), we maintain the correct spatial perception of the talker (TLK). On the other hand,

if the speech intelligibility (S/ measure) of the local hearing instrument microphones is very low,
it is better to present the external microphone signal (x) to the listener. In order to avoid
fluctuating shifts between hearing instrument microphones and external microphones, it may
be advantageous to implement hysteresis (and/or fading) into the signal selection. So far, a
binary choice between presenting 1) the speech signal picked up by the hearing instrument
microphones, and 2) the speech signal picked up by the wireless microphone has been
discussed. It may be useful to generalize this idea. Specifically, one could present an
appropriate combination of the two signals. In particular, for /inear combinations, the presented
signal ujgc4/ is given by

— v Ay I A R S



DK/EP 3220661 T3

Ulocal — YW ™ Viocal T \L+ 7 W) ™ Awireless»

where y|qcql IS the microphone signal of the hearing aid user (local=left or right), and Xyireless S

the signal (= signal x in FIG. 6A, 6B, 6C, 6D) picked up at the target talker (TLK) and wirelessly
transmitted to the hearing aid(s), and O<=a<=1 is a free parameter. The goal is now to find an
appropriate value of the constant a, which is optimal in terms of intelligibility. This could be
achieved by simply synthesizing different versions of u based on different pre-chosen values of
a, and evaluating the resulting intelligibility using the intelligibility model. The value of a that
leads to highest (predicted) intelligibility is then used.. In the embodiment of a binaural hearing
system shown in FIG. 6D, the above scheme may be implemented as a lookup table of
corresponding values of the constant a and the speech intelligibility predictor S/ measure, e.g.
stored in the binaural speech intelligibility prediction unit (BS/P) in FIG. 6D. In an embodiment,
a value of the S/ measure (e.9. dpjn, dpinrin FIG. 7) is determined for each of the left and right
hearing instruments (HD;, HDg) based on respective signal pairs (y;, x;) and (¥, ,x;). Noisy
target signals y; and y, are the electric input signals provided by input units /U/ and /Ur based
on signals yjer and g, respectively, (denoted Noisy speech at left ear and Noisy speech at
right ear, respectively, in FIG. 6D). Clean target signal x. is the electric input signal provided by
transceiver unit Rx/Tx, e.g. as received from microphone M in FIG. 6A. The electric input
signals y;, yr and x- are fed to the binaural signal prediction unit BSIP. The signal pairs (y;, x;)
and (yr,x;) are fed to left and right mixing units MIXI and MIXr, respectively. The mixing units

mix the respective input signals, e.g. as a weighted (linear) combination of the input signals,
and provide resulting left and right signals ujer and uygn, respectively (cf. below). The resulting

signals are e.g. further processed, and/or fed to respective output units (here loudspeakers)
SP,;, SP,, respectively, for presentation to the user of the binaural hearing system. The resulting

signals are optionally fed to the binaural speech intelligibility unit BSIP, e.g. to allow an adaptive
improvement of the mixing control signals mx;, mx,. The estimated best mixture (from a speech

intelligibility point of view) as defined by constant a may be determined as the separate values
of the constant a (e.g. a;(dpjn1), adpins)) in the lookup table corresponding to the present

values of the S/ measure (e.g. dpin; dpins) in the left and right hearing aids (HD,, HDg),
respectively. With reference to FIG. 6D, the resulting left and right signals ujer and upigny

provided by the mixing units MIXI and MIXr, respectively, of the left and right hearing
instruments may thus be determined as

Upepe = 4y * Yiepe + (1 — @) * xpp,

and

Uright = Qr * Yrighe T (1—a) * xp.

[0114] The left and right mixing units MIXI, MIXr are configured to apply mixing constants a;, a,
as indicated in the above equations via mixing control signals mx;, mx.

[0115] In an embodiment, the binaural hearing system is configured to provide that 0 < a;, a, <

1. In an embodiment, the binaural hearing system is configured to provide that0 < a;, a,< 1.
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[0116] In an embodiment, aF~a,=a and determined from a the binaural speech intelligibility

model, so that

Uepe = A * Yipe + (1 — @) % x4,
and

Upight = @ * Ypigne T (1-a)* x.

[0117] Thus the mixing control signals mx;, mx, (cf. FIG. 6D) may be identical.

[0118] In an embodiment, the binaural hearing system is configured to provide that 0 < a < 1.
In an embodiment, the binaural hearing system is configured to provide that0 <a <1.

[0119] In an embodiment, the mixing constant(s) is(are) adaptively determined based on an
estimate of the resulting left and right signals ujes and uygy based on an optimization of the

speech intelligibility predictor provided by the BS/P unit. An embodiment, of a binaural hearing
system implementing an adaptive optimization of the mixing ratio of clean and noisy versions of
the target signal is described in the following (FIG. 7).

[0120] FIG. 7 shows an exemplary embodiment of a binaural hearing system comprising left
and right hearing aids, e.g. hearing aids, (HD;, HDg) according to the present disclosure,

which can e.g. be used in the listening situation of FIG. 6A, 6B and 6C.

[0121] FIG. 7 shows an embodiment of a binaural hearing aid system according to the present
disclosure comprising a binaural speech intelligibility predictor system (BSIP) for estimating the
perceived intelligibility of the user when presented with the respective left and right output
signals ujer and urigne of the binaural hearing aid system (via left and right loudspeakers SP;

and SP, respectively) and using the resulting predictor to adapt the processing (in respective
processing units SPU of hearing aids HD;, HDg) of respective input signals yjes and yrign

comprising speech to maximize the binaural speech intelligibility predictor. This is done by
feeding the output signals ujer and upgy presented to the user via output respective units (here

loudspeakers) to a binaural hearing loss model (here comprising individual models HLM,;, HLM;,
of the left and right ears) that models the (impaired) auditory system of the user and presents
resulting left and right signals y; and y, to the binaural speech intelligibility prediction system
(BSIP). The configurable signal processing units (SPU) are adapted to (adaptively) control the
processing of the respective electric input signals (y1je Y21er) and (Y1 rigns Y2 right) based on
the final binaural speech intelligibility control signal dpi; and dpjn, (reflecting the current
binaural speech intelligibility measure) to maximize the users' intelligibility of the output sound
signals ujer and Urjght.

[0122] FIG. 7 illustrates an alternative to the scheme for determining the optimal mixture of the
noisy version of the target signal picked up by the microphones of the hearing aids and the
wirelessly received clean version of the target signal discussed in connection with FIG. 6D.
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[0123] FIG. 7 shows an embodiment of a binaural hearing system comprising left and right
hearing aids (HD;, HDg) according to the present disclosure. The left and right hearing aids

are adapted to be located at or in left and right ears (At left ear, At right ear in FIG. 7) of a user.
The signal processing of each of the left and right hearing aids is guided by an estimate of the
speech intelligibility of the signals presented at the ears of and thus as experienced by the
hearing aid user. The binaural speech intelligibility predictor unit (BS/P) is configured to take as
inputs the output signals ujes, Urignt Of left and hearing aids as modified by a hearing loss model

(HLMer, HLMyigrs, respectively, in FIG. 7) for the respective left and right ears of the user,

respectively (to model imperfections of an impaired auditory system of the user). At least one
of, such as both of (as shown in FIG. 7), the left and right hearing aids comprise a transceiver
unit Rx/Tx for (via a wireless link, RF-LINK in FIG. 7) receiving a signal comprising a clean
(essentially noise-free) version of the target signal x (e.g. from microphone M in the scenario of
FIG. 6A) and provides clean electric input signal x;. In the embodiment of FIG. 7, the same

version of the clean target signal x;, is received at both hearing aids. Alternatively individualized
versions x;, x, (e.g. reflecting spatial cues) of the clean target signal may be received by the

respective left and right hearing aids. The binaural speech intelligibility prediction unit (BS/P)
provides a binaural speech intelligibility predictor (e.g. in the form of left and right Sl-predictor
signals dpjn;, dpin; from the binaural speech intelligibility predictor (BS/P) to the respective

signal processing units (SPU) of the left and right hearing aids (HD;, HDR)).

[0124] In the embodiment of FIG. 7, the speech intelligibility estimation/prediction takes place
in the left-ear hearing aid (HD;). The output signal ugy of the right-ear hearing aid (HDg) is

transmitted to the left-ear hearing aid (HD;) via an interaural communication link /A-LINK. The

interaural communication link may be based on a wired or wireless connection (and on near-
field or far-field communication). The hearing aids (HD;,, HDg) are preferably wirelessly

connected.

[0125] Each of the hearing aids (HD;, HDgr) comprise two microphones, a signal processing
unit (SPU), a mixing unit (M/X), and a loudspeaker (SP;, SP,). Additionally, one or both of the

hearing aids comprise a binaural speech intelligibility unit (BS/P). The two microphones of each
of the left and right hearing aids each pick up a - potentially noisy (time varying) signal y(t) (cf.
Y1let Y2 lert @nd Y1 right, Y2 right in FIG. 7) - which generally consists of a target signal component

x(t) (cf. X1 e X206t @Nd X1 rignt, X2right In FIG. 7) and an undesired (noise) signal component
v(t) (cf. Vien Voser @and Vqrignt Varight in FIG. 7). In FIG. 7, the subscripts 1, 2 indicate a first

and second (e.g. front and rear) microphone, respectively, while the subscripts left, right or I, r,
indicate whether it relates to the left or right ear hearing aid (HD;, HDg), respectively).

[0126] Based on binaural speech intelligibility prediction system (BSIP), the signal processing
units (SPU) of each hearing aid may be (individually) adapted (cf. control signals dpn;, dpin,r).

Since, in the embodiment of FIG. 7, the binaural speech intelligibility prediction unit is located in
the left-ear hearing aid (HD;), adaptation of the processing in the right-ear hearing aid (HDg)
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requires control signal dp;,, to be transmitted from left to right-ear hearing aid via interaural
communication link (fA-LINK).

[0127] In FIG. 7, each of the left and right hearing aids comprise two microphones. In other
embodiments, each (or one) of the hearing aids may comprises three or more microphones.
Likewise, in FIG. 7, the binaural speech intelligibility predictor (BSIP) is located in the left
hearing aid (HD;). Alternatively, the binaural speech intelligibility predictor (BS/P) may be

located in the right hearing aid (HDg), or alternatively in both, preferably performing the same

function in each hearing aid. The latter embodiment consumes more power and requires a
two-way exchange of output audio signals (uje, Urign), Whereas the transfer of processing

control signal(s) (dpinr in FIG. 7) can be omitted. In still another embodiment, the binaural

speech intelligibility predictor unit (BS/P) is located in a separate auxiliary device, e.g. a remote
control (e.g. embodied in a SmartPhone), requiring that an audio link can be established
between the hearing aids and the auxiliary device for receiving output signals (uje, Urigh) from,

and transmitting processing control signals (dpin ) dpins) to, the respective hearing aids (HD,,
HDg).

[0128] FIG. 8 shows a flow diagram for an embodiment of a method of providing a binaural
speech intelligibility predictor value. The method comprises

S1. Providing or receiving a target signal comprising speech in a) left and right essentially
noise-free versions x;, x, and in b) left and right noisy and/or processed versions y;, y, said

signals being received or being representative of acoustic signals as received at left and right
ears of a listener;

S2. Providing time-frequency representations x;(k,m) and y;(k,m) of said left noise-free version
x; and said left noisy and/or processed version y; of the target signal, respectively, k being a
frequency bin index, k=1, 2, ..., K, and m being a time index; S3. Providing time-frequency
representations x.(k,m) and y.(k,m) of said right noise-free version x, and said right noisy
and/or processed version y, of the target signal, respectively, k being a frequency bin index,

k=1, 2, ..., K, and m being a time index; S4. Receiving and relatively time shifting and amplitude
adjusting the left and right noise-free versions x;(k,m) and x.(km), respectively, and

subsequently subtracting the time shifted and amplitude adjusted left and right noise-free
versions x;'(k,m) and x,'(k,m), respectively, of the target signals from each other, and providing

a resulting noise-free signal x(k,m);

S5. Receiving and relatively time shifting and amplitude adjusting the left and right noisy and/or
processed versions y;(k,m) and y,(k,m), respectively, and subsequently subtracting the time

shifted and amplitude adjusted left and right noisy and/or processed versions y'(k,m) and
y'r(k,m), respectively, of the target signals from each other, and providing a resulting noisy

and/or processed signal y(k,m);

S6. Providing a final binaural speech intelligibility predictor value S/ measure indicative of the
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listener's perception of said noisy and/or processed versions y,, y, of the target signal based on

said resulting noise-free signal x(k,m) and said resulting noisy and/or processed signal y(k,m);

S7. Repeating steps S4-S6 to optimize the final binaural speech intelligibility predictor value S/
measure to indicate a maximum intelligibility of said noisy and/or processed versions y;, y, of

the target signal by said listener.

[0129] It is intended that the structural features of the devices described above, either in the
detailed description and/or in the claims, may be combined with steps of the method, when
appropriately substituted by a corresponding process.

[0130] As used, the singular forms "a," "an," and "the" are intended to include the plural forms
as well (i.e. to have the meaning "at least one"), unless expressly stated otherwise. It will be
further understood that the terms "includes,” "comprises,” "including," and/or "comprising,”
when used in this specification, specify the presence of stated features, integers, steps,
operations, elements, and/or components, but do not preclude the presence or addition of one
or more other features, integers, steps, operations, elements, components, and/or groups
thereof. It will also be understood that when an element is referred to as being "connected" or
"coupled" to another element, it can be directly connected or coupled to the other element but
an intervening elements may also be present, unless expressly stated otherwise. Furthermore,
"connected"” or "coupled” as used herein may include wirelessly connected or coupled. As used
herein, the term "and/or" includes any and all combinations of one or more of the associated
listed items. The steps of any disclosed method is not limited to the exact order stated herein,

unless expressly stated otherwise.

[0131] It should be appreciated that reference throughout this specification to
embodiment” or "an embodiment” or "an aspect” or features included as "may"” means that a
particular feature, structure or characteristic described in connection with the embodiment is
included in at least one embodiment of the disclosure. Furthermore, the particular features,
structures or characteristics may be combined as suitable in one or more embodiments of the
disclosure. The previous description is provided to enable any person skilled in the art to
practice the various aspects described herein. Various modifications to these aspects will be
readily apparent to those skilled in the art, and the generic principles defined herein may be
applied to other aspects.

one

[0132] The claims are not intended to be limited to the aspects shown herein, but is to be
accorded the full scope consistent with the language of the claims, wherein reference to an
element in the singular is not intended to mean "one and only one" unless specifically so
stated, but rather "one or more." Unless specifically stated otherwise, the term "some" refers to
one or more.

[0133] Accordingly, the scope should be judged in terms of the claims that follow.
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Patentkrav

1. Intrusivt binauralt taleforstaelighedsforudsigelsessystem, der omfatter en
binaural taleforstaelighedsforudsigelsesenhed, der er indrettet til at modtage
et malsignal, som omfatter tale i a) venstre og hagjre i det vaesentlige stejfrie
versioner x;, xrog i b) venstre og hgjre stgjende og/eller behandlede
versioner y;, yr, hvor signalerne modtages eller er repraesentative for
akustiske signaler, der er modtaget ved en lytteres venstre og hgjre @rer,
hvor den binaurale taleforstaelighedsforudsigelsesenhed er konfigureret til at
tilvejebringe, som et output, en endelig
taleforstaelighedsforudsigelsesveerdi S/ maleveerdi, som er indikativ for
lytterens opfattelse af de st@jende og/eller behandlede versioner y;, yr af
malsignalet, hvor den binaurale taleforstaelighedsforudsigelsesenhed
omfatter
* En ferste og anden indgangsenhed til at tilvejebringe
tidsfrekvensrepraesentationer x,(k,m) og x.(k,m) af henholdsvis den
venstre x; og hajre x; stejfrie version af malsignalet, hvor k er et
frekvens-bin-indeks, k=1, 2, ..., K, og m er et tidsindeks;
* En tredje og fjerde indgangsenhed til at tilvejebringe
tidsfrekvensrepraesentationer yi(k,m) og y.(k,m) af henholdsvis de
venstre y; og hejre yr stgjende og/eller behandlede versioner af
malsignalet, hvor k er et frekvens-bin-indeks, k=7, 2, ..., K, og m er et
tidsindeks;
« Et farste udlignings-annulleringstrin, der er indrettet til at modtage og
relativt tidsforskyde og amplitudeindstille henholdsvis de venstre og
hajre stwjfrie versioner x,(k,m) og x,(k,m), og derefter fratreekke de
tidsforskudte og amplitudeindstillede venstre og hgjre stajfrie
versioner x'i(k,m) og x'\(k,m) af de venstre og hgjre malsignaler fra
hinanden, og til at tilvejebringe et resulterende st@jfrit signal x(k,m);
« Et andet udlignings-annulleringstrin, der er indrettet til at modtage og
relativt tidsforskyde og amplitudeindstille henholdsvis de venstre og
hgjre stajende og/eller behandlede versioner yi(k,m) og y.(k,m), og
derefter fratreekke de tidsforskudte og amplitudeindstillede venstre og
hgjre stajende og/eller behandlede versioner y'(k,m) og y'\(k,m) af de
venstre og hejre malsignaler fra hinanden, og til at tilvejebringe et
resulterende stejende og/eller behandlet signal y(k,m),; og
« En taleforstaelighedsforudsigelsesenhed til at tilvejebringe den
endelige taleforstaelighedsforudsigelsesvaerdi S| maleveerdi, der er
baseret pa det resulterende stajfrie signal x(k,m) og det resulterende
stejende og/eller behandlede signal y(k,m);
Hvor det intrusive binaurale taleforstaelighedsforudsigelsessystem er
konfigureret til at gentage beregningerne, der er udfert af det farste og andet
Udlignings-Annulleringstrin, og taleforstaelighedsforudsigelsesenheden til at
optimere den endelige taleforstaelighedsforudsigelsesveerdi S/ maleveerdi for
at indikere en maksimal forstaelighed af de stgjende og/eller behandlede
versioner y;, yr af malsignalet af lytteren.

2. Intrusivt binauralt taleforstaelighedsforudsigelsessystem ifelge krav 1, hvor
det farste og andet Udlignings-Annulleringstrin og
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taleforstaelighedsforudsigelsesenheden er konfigureret til at gentage
beregningerne, der er udfert af de respektive enheder for forskellige
tidsforskydninger og amplitudeindstillinger af henholdsvis de venstre og hgjre
stajfrie versioner xi(k,m) og x-(k,m), og af henholdsvis de venstre og hgjre
stejende og/eller behandlede versioner yi(k,m) og y:(k,m), for at optimere den
endelige taleforstaelighedsforudsigelsesvaerdi SI maleveerdi for at indikere en
maksimal forstaelighed af de stejende og/eller behandlede versioner y;, y: af
malsignalet af lytteren.

3. Intrusivt binauralt taleforstaelighedsforudsigelsessystem ifelge krav 1 eller

2, hvor taleforstaelighedsforudsigelsesenheden omfatter
* En ferste indhyllingsekstraktionsenhed til at tilvejebringe en
tidsfrekvens-underbandsrepraesentation af det resulterende stejfrie
signal x(k,m) i form af temporale indhyllinger, eller funktioner deraf, af
det resulterende stgjfrie signal, som tilvejebringer tidsfrekvens-
underbandssignaler X(q,m), hvor q er et frekvens-
underbandsindeks, g=17, 2, ..., Q, og m er tidsindekset;
» En anden indhyllingsekstraktionsenhed til at tilvejebringe en
tidsfrekvens-underbandsrepraesentation af det resulterende stejende
og/eller behandlede signal y(k,m) i form af temporale indhyllinger, eller
funktioner deraf, af det resulterende st@jende og/eller behandlede
signal som tilvejebringer tidsfrekvens-underbandssignaler Y(q,m), g er
et frekvens-underbandsindeks, g=17, 2, ..., Q, og m er tidsindekset;
* En farste tidsfrekvenssegmentdelingsenhed til at dele tidsfrekvens-
underbandsrepraesentationen X(q,m) af det resulterende stgjfrie
signal x(k,m) ind i tidsfrekvensindhyllingssegmenter x(q,m), der svarer
til et antal N af pa hinanden falgende aftastninger af
underbandssignalerne;
* En anden tidsfrekvenssegmentdelingsenhed til at dele tidsfrekvens-
underbandsrepraesentationen Y(q,m) af det stejende og/eller
behandlede signal y(k,m) ind i
tidsfrekvensindhyllingssegmenter y(q,m), der svarer til et antal N af pa
hinanden felgende aftastninger af underbandssignalerne;
 En korrelationskoefficientenhed, der er indrettet til at beregne en
korrelationskoefficient p{g,m) mellem hvert
tidsfrekvensindhyllingssegment af det stgjfrie signal og det tilsvarende
indhyllingssegment af det stgjende og/eller behandlede signal;
 En endelig taleforstaelighedsmaleenhed, der tilvejebringer en
endelig taleforstaelighedsforudsigelsesveerdi S| maleveerdi som en
veegtet kombination af de beregnede korrelationskoefficienter pa
tveers af tidsrammer og frekvensunderband.

4. Intrusivt binauralt taleforstaelighedsforudsigelsessystem ifalge et hvilket
som helst af kravene 1-3, der omfatter en binaural haretabsmodel.

5. Binauralt hgresystem, der omfatter venstre og hgjre hereapparater, der er
indrettet til at blive placeret ved en brugers venstre og hgjre @rer, og et
intrusivt binauralt taleforstaelighedsforudsigelsessystem ifalge et hvilket som
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helst af kravene 1-4.

6. Binauralt hgresystem ifalge krav 5, hvor de venstre og hajre

h@reapparater omfatter
« venstre og hgjre konfigurerbare signalbehandlingsenheder, der er
konfigureret til at behandle henholdsvis de venstre og hgjre stgjende
ogl/eller behandlede versioner y;, y,, af malsignalet, og tilvejebringe
henholdsvis venstre og hejre behandlede signaler uvenstre, Ungjre, 0Q
« venstre og hgjre udgangsenheder til at skabe udgangsstimuli, der er
konfigureret til at kunne opfattes af brugeren som lyd baseret pa
venstre og hgjre elektriske udgangssignaler, enten i form af
henholdsvis de venstre og hajre behandlede signaler uvenstre, Unajre,
eller signaler afledt derfra.

hvor det binaurale heresystem omfatter
a) en binaural hgretabsmodelenhed, der er operativt forbundet til den
intrusive binaurale taleforstaelighedsforudsigelsesenhed og
konfigureret til at anvende en frekvensafhaengig modifikation, der
afspejler en hgrenedseettelse af de tilsvarende venstre og hagjre erer
af brugeren til de elektriske udgangssignaler for at tilvejebringe
respektive modificerede elektriske udgangssignaler til den intrusive
binaurale taleforstaelighedsforudsigelsesenhed.

7. Binauralt heresystem ifglge krav 5 eller 6, hvor de venstre og hgjre
h@reapparater omfatter antenne- og modtagerkredslab til at etablere en
interaural forbindelse mellem dem, der muligger udveksling af data mellem
dem, som indbefatter audio- og/eller styredatasignaler.

8. Fremgangsmade til tilvejebringelse af en binaural
taleforstaelighedsforudsigelsesveaerdi, hvor fremgangsmaden omfatter
S1. at modtage et malsignal, som omfatter tale i a) venstre og hgjre i
det veesentlige stajfrie versioner x;, x, 0g i b) venstre og hgjre stgjende
og/eller behandlede versioner y;, yr, hvor signalerne modtages eller er
repreesentative for akustiske signaler, der er modtaget ved en lytteres
venstre og hejre grer, hvor fremgangsmaden yderligere omfatter
S2. at tilvejebringe tidsfrekvensrepraesentationer x;(k,m) og yi(k,m) af
henholdsvis den venstre stgjfrie version x; og den venstre stgjende
og/eller behandlede version y; af malsignalet, hvor k er et frekvens-
bin-indeks, k=17, 2, ..., K, og m er et tidsindeks;
S3. at tilvejebringe tidsfrekvensrepraesentationer x,(k,m) og y.(k,m) og
den hgjre stajfrie version x- og henholdsvis den hgjre stgjende og/eller
behandlede version y, af malsignalet, hvor k er et frekvens-bin-
indeks, k=1, 2, ..., K, og m er et tidsindeks;
S4. at modtage og relativt tidsforskyde og amplitudeindstille
henholdsvis de venstre og hagjre stejfrie versioner x;(k,m) og x/(k,m),
og derefter fratreekke henholdsvis de tidsforskudte og
amplitudeindstillede venstre og hgjre stgjfrie
versioner x;'(k,m) og x,(k,m) af malsignalerne fra hinanden og
tilvejebringe et resulterende stgijfrit signal x(k,m);
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S5. at modtage og relativt tidsforskyde og amplitudeindstille
henholdsvis de venstre og hgjre stejende og/eller behandlede
versioner yi(k,m) og yr(k,m), og derefter fratreekke henholdsvis de
tidsforskudte og amplitudeindstillede venstre og hgjre stajende
og/eller behandlede versioner y'i(k,m) og y'(k,m) af malsignalerne fra
hinanden og tilvejebringe et resulterende stajende og/eller behandlet
signal y(k,m); og

S6. at tilvejebringe en endelig taleforstaelighedsforudsigelsesveerdi S/
maleveerdi, som er indikativ for lytterens opfattelse af de st@jende
og/eller behandlede versioner y;, y, af malsignalet, der er baseret pa
det resulterende stgjfrie signal x(k,m) og det resulterende st@jende
og/eller behandlede signal y(k,m);

S7. at gentage trinene S4-S6 for at optimere den endelige
taleforstaelighedsforudsigelsesveerdi S/ maleveerdi for at indikere en
maksimal forstaelighed af de stejende og/eller behandlede

versioner y;, yr af malsignalet af lytteren.

9. Fremgangsmade ifelge krav 8, hvor trinene S4 og S5 hver omfatter
« at tilvejebringe at den relativt tidsforskydningen og
amplitudeindstillingen er givet ved fglgende faktor:
1 = 100 +ay)/40 5 jw(t+AT)/2
hvor 1 angiver tidsforskydning i sekunder, og y angiver
amplitudeindstilling i dB, og hvor At og Ay er ukorrelerede stgjkilder,
der modellerer ufuldkommenheder i det menneskelige auditive system
hos en normalt herende person, og
* hvor det resulterende stgjfrie signal x(k,m) og det resulterende
stejende ogl/eller behandlede signal y(k,m) er givet ved:

! _
Xpm = Axl(m)n -4 1x/(:r)rv
og

1 _
Yiem = /1)’15,371 -1 1)’15,:;)1’
henholdsvis.

10. Fremgangsmade ifalge krav 9, hvor de ukorrelerede stejkilder, AT og Ay,
er normalt fordelt med nul-middelveerdi og standardafvigelse

oy (¥) =V2-15dB- (1 + (%)1'6) [dB]

_ Iz|
oa,(¥) =V2-65-107%s- (1 +m) [s]
og hvor veerdierne y og 1 bestemmes saledes, at de maksimerer
forstaelsesforudsigelsesveerdien.

11. Fremgangsmade ifglge et hvilket som helst af kravene 8-10, hvor trin S6
omfatter
- at tilvejebringe en tidsfrekvens-underbandsrepraesentation af det
resulterende stgjfrie signal x(k,m) i form af temporale indhyllinger, eller
funktioner deraf, af det resulterende stgjfrie signal, som tilvejebringer
tidsfrekvens-underbandssignaler X(g,m), hvor g er et frekvens-
underbandsindeks, g=17, 2, ..., Q, og m er tidsindekset;
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- at tilvejebringe en tidsfrekvens-underbandsrepraesentation af det
resulterende stejende og/eller behandlede signal y(k,m) i form af
temporale indhyllinger, eller funktioner deraf, af det resulterende
stejende og/eller behandlede signal, som tilvejebringer tidsfrekvens-
underbandssignaler Y(g,m), hvor q er et frekvens-

underbandsindeks, g=17, 2, ..., Q, og m er tidsindekset;

« at dele tidsfrekvens-underbandsrepraesentationen X{(q,m) af det
resulterende stgjfrie signal x(k,m) ind i
tidsfrekvensindhyllingssegmenter x(q,m), der svarer til et antal N af pa
hinanden felgende aftastninger af underbandssignalerne;

« at dele tidsfrekvens-underbandsrepraesentationen Y(q,m) af det
stejende og/eller behandlede signal y(k,m) ind i
tidsfrekvensindhyllingssegmenter y(q,m), der svarer til et antal N af pa
hinanden felgende aftastninger af underbandssignalerne;

« at beregne en korrelationskoefficient p(q,m) mellem hvert
tidsfrekvensindhyllingssegment af det stgjfrie signal og det tilsvarende
indhyllingssegment af det stgjende og/eller behandlede signal;

- at tilvejebringe en endelig taleforstaelighedsforudsigelsesveerdi S/
maleveerdi som en vaegtet kombination af de beregnede
korrelationskoefficienter pa tveers af tidsrammer og
frekvensunderband.

12. Fremgangsmade ifalge krav 11, hvor tidsfrekvenssignalerne X(q,m),
X(g,m), hvor q er et frekvens-underbandsindeks, g=17, 2, ..., Q, der
repreesenterer temporale indhyllinger af de respektive

gt® underbandssignaler, er effekt-indhyllinger, der bestemmes som

henholdsvis
o (q)

Xq,m= Z |yk,m|2

k=k1(q)
og
lez(q)
Yq,m= Z |yk,m|2
k=k1(q)

hvor k1(q) og ko(q) angiver henholdsvis nedre og @vre DFT-bins for
det g’ band.

13. Fremgangsmade ifalge krav 12, hvor effekt-indhyllingerne er arrangeret i
vektorer af N aftastninger

Xq,m:[Xq,nh’VH, Xq,mﬁVﬁ, ooy Xq,m]T

og

yq,m:[Yq,nh’VH, Yq,m*NJrZ, ey Yq,m]T

hvor vektorerne xqm 0g

yq‘m [= RNXl .

14. Fremgangsmade ifalge krav 13, hvor korrelationskoefficienten mellem
ren og stejende/behandlede indhyllinger bestemmes som:
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— E[(Xgm—E[Xqm D Fqm—E[Yqm])]
[ElCam=ElqmD? 5[0 m=51m ]

hvor forventningen tages fra bade indgangssignalerne og stajkilderne At og
Ay.

15. Fremgangsmade ifelge krav 14, hvor et N-aftastningsestimat pgm af
korrelationskoefficienten pq pa tvaers af indgangssignalerne derefter gives
ved:

~ _ EA[(xq,m_1#xq_m)T(yq,m_1#yq_m)]

Pam = 2 2
[ A ——

hvor u(-) angiver middelveerdien af registreringerne i den givne vektor, Ea er
forventningen over den stgj, der er anvendt i trinene S4, S4, og 1 er vektoren
for dem alle.

. (9)

16. Fremgangsmade ifalge krav 15, hvor den endelige
taleforstaelighedsforudsigelsesvaerdi opnas ved at estimere
korrelationskoefficienterne, pgm, for alle rammer m og frekvensband q i
signalet og gennemsnit pa tvaers af disse:

DBSTOI = = X0 _, Xhie1 Agms

hvor Q og M er antallet af henholdsvis frekvensunderband og antallet af
rammer.

17. Anvendelse af et intrusivt binauralt taleforstaelighedsforudsigelsessystem
ifalge et hvilket som helst af kravene 1-4 i en haretest for at evaluere en
persons forstaelse af et stajende og/eller behandlet malsignal, der omfatter
tale.

18. Databehandlingssystem, der omfatter en processor og
programkodemiddel til at fa processoren til at udfere trinene for
fremgangsmaden ifglge et hvilket som helst af kravene 8-16.

19. Handgribeligt computerleesbart medium, der lagrer et computerprogram,
som omfatter programkodemiddel til at fa et databehandlingssystem til at
udfere trinene for fremgangsmaden ifalge et hvilket som helst af kravene 8-
16.
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Providing time variant signals comprising clean
target speech signals (v, x,) and noisy/processed
versions of the same signals (v, y,) as presented
S1 to the left and right ears of the listener

¥
Providing time-frequency representations (x0k,m), x.(k,m)) and (vi(k,m), yv.(k,m))
of said Icft and right noisc-free version (x; , x,) and said Icft and right noisy and/

or processed version (y;, y.), respectively, of the target signal, & being a
S2,S3 frequency bin index, k=17, 2, ..., K, and m being a time index

¥
Receiving and relatively time shifting and amplitude adjusting the left and right
noise-free versions x;(k,m) and x,(k,m), respectively, and subsequently
subtracting the time shifted and amplitude adjusted left and right noise-free
versions x; ‘(k,m) and x, (k,m), respectively, of the target signals from each
S4 other, and providing a resulting noise-free signal x(k,m)

I\

k4
Receiving and relatively time shifting and amplitude adjusting the left and right noisy
and/or proccssed versions y,(k,m) and y.(k,m), respectively, and subsequently subtracting
the time shifted and amplitude adjusted left and right noisy and/or processed versions
vi'(km) and v, '(k,m), respectively, of the target signals from cach other, and providing a
S5 resulting noisy and/or processed signal y(k,m)

v
Providing a final binaural speech intelligibility predictor value, ST measure,
indicative of the listener’s perception of said noisy and/or processed versions
(3, y,) of the target signal based on said resulting noise-free signal x(k,m) and

S6 said resulting noisy and/or processed signal y(k,m)

A4

Repeating steps S4-S6 to optimize the final binaural speech intelligibility
predictor value SI measure to indicate a maximum intelligibility of said noisy
S7 and/or processed versions (v, v,) of the target signal by said listener.

FIG. &



