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METHOD OF OPERATING A HEARING AID SYSTEM AND A HEARING AID
SYSTEM

The present invention relates to a method of operating a hearing aid system. The

present invention also relates to a hearing aid system adapted to carry out said method.
BACKGROUND OF THE INVENTION

Generally a hearing aid system according to the invention is understood as meaning any
device which provides an output signal that can be perceived as an acoustic signal by a
user or contributes to providing such an output signal, and which has means which are
customized to compensate for an individual hearing loss of the user or contribute to
compensating for the hearing loss of the user. They are, in particular, hearing aids
which can be worn on the body or by the ear, in particular on or in the ear, and which
can be fully or partially implanted. However, some devices whose main aim is not to
compensate for a hearing loss, may also be regarded as hearing aid systems, for
example consumer electronic devices (televisions, hi-fi systems, mobile phones, MP3
players etc.) provided they have, however, measures for compensating for an individual

hearing loss.

Within the present context a traditional hearing aid can be understood as a small,
battery-powered, microelectronic device designed to be worn behind or in the human
ear by a hearing-impaired user. Prior to use, the hearing aid is adjusted by a hearing aid
fitter according to a prescription. The prescription is based on a hearing test, resulting
in a so-called audiogram, of the performance of the hearing-impaired user’s unaided
hearing. The prescription is developed to reach a setting where the hearing aid will
alleviate a hearing loss by amplifying sound at frequencies in those parts of the audible
frequency range where the user suffers a hearing deficit. A hearing aid comprises one
or more microphones, a battery, a microelectronic circuit comprising a signal
processor, and an acoustic output transducer. The signal processor is preferably a
digital signal processor. The hearing aid is enclosed in a casing suitable for fitting

behind or in a human ear.

Within the present context a hearing aid system may comprise a single hearing aid (a so

called monaural hearing aid system) or comprise two hearing aids, one for each ear of
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the hearing aid user (a so called binaural hearing aid system). Furthermore, the hearing
aid system may comprise an external device, such as a smart phone having software
applications adapted to interact with other devices of the hearing aid system. Thus
within the present context the term “hearing aid system device” may denote a hearing

aid or an external device.

The mechanical design has developed into a number of general categories. As the name
suggests, Behind-The-Ear (BTE) hearing aids are worn behind the ear. To be more
precise, an electronics unit comprising a housing containing the major electronics parts
thereof is worn behind the ear. An earpiece for emitting sound to the hearing aid user is
worn in the ear, e.g. in the concha or the ear canal. In a traditional BTE hearing aid, a
sound tube is used to convey sound from the output transducer, which in hearing aid
terminology is normally referred to as the receiver, located in the housing of the
electronics unit and to the ear canal. In some modern types of hearing aids, a
conducting member comprising electrical conductors conveys an electric signal from
the housing and to a receiver placed in the earpiece in the ear. Such hearing aids are
commonly referred to as Receiver-In-The-Ear (RITE) hearing aids. In a specific type of
RITE hearing aids the receiver is placed inside the ear canal. This category is

sometimes referred to as Receiver-In-Canal (RIC) hearing aids.

In-The-Ear (ITE) hearing aids are designed for arrangement in the ear, normally in the
funnel-shaped outer part of the ear canal. In a specific type of ITE hearing aids the
hearing aid is placed substantially inside the ear canal. This category is sometimes
referred to as Completely-In-Canal (CIC) hearing aids. This type of hearing aid
requires an especially compact design in order to allow it to be arranged in the ear

canal, while accommodating the components necessary for operation of the hearing aid.

Hearing loss of a hearing impaired person is quite often frequency-dependent. This
means that the hearing loss of the person varies depending on the frequency. Therefore,
when compensating for hearing losses, it can be advantageous to utilize frequency-
dependent amplification. Hearing aids therefore often provide to split an input sound
signal received by an input transducer of the hearing aid, into various frequency

intervals, also called frequency bands, which are independently processed. In this way,
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it is possible to adjust the input sound signal of each frequency band individually to

account for the hearing loss in respective frequency bands.

A number of hearing aid features such as beamforming, noise reduction schemes and
compressor settings are not universally beneficial and preferred by all hearing aid users.
Therefore detailed knowledge about a present acoustic situation is required to obtain
maximum benefit for the individual user. Especially, knowledge about the number of
talkers (or other target sources) present and their position relative to the hearing aid
user and knowledge about the diffuse noise are relevant. Having access to this
knowledge in real-time can be used to classify the general sound environment but can
also be used to classify specific parts of the sound environment, both of which can be
used to effectively help the user by improving performance of at least the above

mentioned hearing aid features.

It is therefore a feature of the present invention to provide a method of operating a

hearing aid system that provides improved sound classification.

It is another feature of the present invention to provide a hearing aid system adapted to

provide such a method of operating a hearing aid system.
SUMMARY OF THE INVENTION

The invention, in a first aspect, provides a method of operating a hearing aid system
comprising the steps of:

- providing a first and a second input signal, wherein the first and second input signal
represent the output from a first and a second microphone respectively;

- determining at least one of an unbiased mean phase and a resultant length from
samples of inter-microphone phase differences between said first and second
microphone;

- using at least one of the unbiased mean phase and the resultant length to classify a

sound environment.

This provides an improved method of operating a hearing aid system with respect to

sound classification.

The invention, in a second aspect, provides a hearing aid comprising a first and a

second microphone, a digital signal processor and an electrical-acoustical output
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transducer;

wherein the digital signal processor is configured to apply a frequency dependent gain
that is adapted to at least one of suppressing noise and alleviating a hearing deficit of an
individual wearing the hearing aid system, and;

wherein the digital signal processor is adapted to determine a multitude of samples of
the inter-microphone phase difference between the first and the second acoustical-
electrical input transducers, and;

wherein the digital signal processor is adapted to determine at least one of an unbiased
mean phase and a resultant length from the multitude of samples of the inter-
microphone phase difference, and;

wherein the digital signal processor is further adapted to use at least one of the unbiased

mean phase and the resultant length to classify a sound environment.

This provides a hearing aid system with improved means for operating a hearing aid

system with respect to sound classification.

The invention, in a third aspect, provides a non-transitory computer readable medium
carrying instructions which, when executed by a computer, cause the following method
to be performed:

- providing a first and a second input signal, wherein the first and second input signal
represent the output from a first and a second microphone respectively;

- determining at least one of an unbiased mean phase and a resultant length from
samples of inter-microphone phase differences between said first and second
microphone;

- using at least one of the unbiased mean phase and the resultant length to classify a

sound environment.

The invention in a fourth aspect provides an internet server comprising a downloadable
application that may be executed by a personal communication device, wherein the
downloadable application is adapted to cause the following method to be performed:

- providing a first and a second input signal that are at least derived from the output
signals from a first and a second microphone respectively;

- using said first and second input signal to determine an unbiased mean phase of an

inter-microphone transfer function between said first and second microphones, wherein
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the inter-microphone transfer function represents sound from a particular angular
direction;

- using the unbiased mean phase to control a directional system.
Further advantageous features appear from the dependent claims.

Still other features of the present invention will become apparent to those skilled in the
art from the following description wherein the invention will be explained in greater

detail.
BRIEF DESCRIPTION OF THE DRAWINGS

By way of example, there is shown and described a preferred embodiment of this
invention. As will be realized, the invention is capable of other embodiments, and its
several details are capable of modification in various, obvious aspects all without
departing from the invention. Accordingly, the drawings and descriptions will be

regarded as illustrative in nature and not as restrictive. In the drawings:

Fig. 1  illustrates highly schematically a directional system according to an

embodiment of the invention;

Fig. 2  illustrates highly schematically a hearing aid system according to an

embodiment of the invention; and

Fig. 3  illustrates highly schematically a phase versus frequency plot.

DETAILED DESCRIPTION

In the present context the term signal processing is to be understood as any type of
hearing aid system related signal processing that includes at least: beam forming, noise

reduction, speech enhancement and hearing compensation.

In the present context the terms beam former and directional system may be used

interchangeably.

Reference is first made to Fig. 1, which illustrates highly schematically a directional
system 100 suitable for implementation in a hearing aid system according to an

embodiment of the invention.
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The directional system 100 takes as input, the digital output signals, at least, derived

from the two acoustical-electrical input transducers 101a-b.

According to the embodiment of Fig. 1, the acoustical-electrical input transducers
101a-b, which in the following may also be denoted microphones, provide analog
output signals that are converted into digital output signals by analog-digital converters
(ADC) and subsequently provided to a filter bank 102 adapted to transform the signals
into the time-frequency domain. One specific advantage of transforming the input
signals into the time-frequency domain is that both the amplitude and phase of the
signals become directly available in the provided individual time-frequency bins.
According to an embodiment a Fast Fourier Transform (FFT) may be used for the
transformation and in variations other time-frequency domain transformations can be
used such as a Discrete Fourier Transform (DTF), a polyphase filterbank or a Discrete

Cosine Transformation.

However, for reasons of clarity the ADCs are not illustrated in Fig. 1. Furthermore, in
the following, the output signals from the filter bank 102 will primarily be denoted
input signals because these signals represent the primary input signals to the directional
system 100. Additionally the term digital input signal may be used interchangeably
with the term input signal. In a similar manner all other signals referred to in the
present disclosure may or may not be specifically denoted as digital signals. Finally, at
least the terms input signal, digital input signal, frequency band input signal, sub-band
signal and frequency band signal may be used interchangeably in the following and
unless otherwise noted the input signals can generally be assumed to be frequency band
signals independent on whether the filter bank 102 provide frequency band signals in
the time domain or in the time-frequency domain. Furthermore, it is generally assumed,
here and in the following, that the microphones 101a-b are omni-directional unless

otherwise mentioned.

In a variation the input signals are not transformed into the time-frequency domain.
Instead the input signals are first transformed into a number of frequency band signals
by a time-domain filter bank comprising a multitude of time-domain bandpass filters,
such as Finite Impulse Response bandpass filters and subsequently the frequency band

signals are compared using correlation analysis wherefrom the phase is derived.
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Both the digital input signals are branched, whereby the input signals, in a first branch,
is provided to a Fixed Beam Former (FBF) unit 103, and, in a second branch, is

provided to a blocking matrix 104.

In the second branch the digital input signals are provided to the blocking matrix 104
wherein an assumed or estimated target signal is removed and whereby an estimated
noise signal that in the following will be denoted U may be determined from the

equation:
U= BfX (equation 1)

Wherein the vector X7 = [Ml,MZ] holds the two (microphone) input signals and

wherein the vector B represents the blocking matrix 104. The blocking matrix may be

given by:
B= [_1D ] (eq. 2)

Wherein D is the Inter-Microphone Transfer Function (which in the following may be
abbreviated IMTF) that represents the transfer function between the two microphones
with respect to a specific source. In the following the IMTF may interchangeably also

be denoted the steering vector.

In the first branch, which in the following also may be denoted the omni branch, the
digital input signals are provided to the FBF unit 103 that provides an omni signal Q

given by the equation:
_H —
Q=W, X (cq.3)

Wherein the vector W, represents the FBF unit 103 that may be given by:
— e[ 1
W= (1+DD") [D*] (eq. 4)

It can be shown that the presented choice of the Blocking Matrix 104 and the FBF unit

103 is optimal using a least mean square (LMS) approach.

The estimated noise signal U provided by the blocking matrix 104 is filtered by the
adaptive filter 105 and the resulting filtered estimated noise signal is subtracted, using
the subtraction unit 106, from the omni-signal Q provided in the first branch in order to

remove the noise, and the resulting beam formed signal E is provided to further
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processing in the hearing aid system, wherein the further processing may comprise
application of a frequency dependent gain in order to alleviate a hearing loss of a
specific hearing aid system user and/or processing directed at reducing noise or

improving speech intelligibility.
The resulting beam formed signal E may therefore be expressed using the equation:
E=W, X—HB"X (eq. 5)

Wherein H represents the adaptive filter 105, which in the following may also

interchangeably be denoted the active noise cancellation filter.

The input signal vector X and the output signal E of the directional system 100 may be

expressed as:

_ [xMn XMll 1 [XMi
X=10 1+ 1=%x| | +|" eq. 6
lXtMZl [Xffz | Xn® a0
and:
xM14pxz M sy M
E=Xt+W—H(Xn2—DXn1 (eq. 7)

Wherein the subscript n represents noise and subscript t represents the target signal.

It follows that the second branch perfectly cancels the target signal and consequently
the target signal is, under ideal conditions, fully preserved in the output signal E of the

directional system 100.

It can also be shown that the directional system 100, under ideal conditions, in the LMS
sense will cancel all the noise without compromising the target signal. However, it is,
under realistic conditions, practically impossible to control the blocking matrix such
that the target signal is completely cancelled. This results in the target signal bleeding
into the estimated noise signal U, which means that the adaptive filter 105 will start to
cancel the target signal. Furthermore, in a realistic environment, the blocking matrix
104 needs to also take into account not only the direct sound from a target source but
also the early reflections from the target source, in order to ensure optimum
performance because these early reflections may contribute to speech intelligibility.

Thus if the early reflections are not suppressed by the blocking matrix 104, then these
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carly reflections will be considered noise and the adaptive filter 105 will attempt to

cancel them.

It has therefore been suggested in the art to accept that it is not possible to remove the
target signal completely and a constraint is therefore put on the adaptive filter 105.
However, this type of strategy for making the directional system robust against

cancelling of the target signal comes at the price of a reduction in performance.

Thus, in addition to improving the accuracy of the blocking matrix with respect to
suppressing a target signal, it is desirable to be able to estimate the accuracy of the
blocking matrix 104 and also the nature of the spatial sound in order to be able to make

a conscious trade-off between beam forming performance and robustness.

According to the present invention this may be achieved by considering the IMTF for a
given target sound source. For the estimation of the IMTF the properties of periodic
variables need to be considered. In the following, periodic variables will due to
mathematically convenience be described as complex numbers. An estimate of the
IMTF for a given target sound source may therefore be given as a complex number that
in polar representation has an amplitude A and a phase 6. The average of a multitude of

IMTF estimates may be given by:
(Ae~0) = %Z?ﬂAie‘wi =R, e 04 (eq. 8)

Wherein ( ) is the average operator, n represents the number of IMTF estimates used
for the averaging, Ra is an averaged amplitude that depends on the phase and that may
assume values in the interval [0, (4)], and 8, is the weighted mean phase. It can be seen
that the amplitude Ai of each individual sample weight each corresponding phase 6; in
the averaging. Therefore both the averaged amplitude Ra and the weighted mean phase

8, are biased (i.e. dependent on the other).

It is noted that the present invention is independent of the specific choice of statistical
operator used to determine an average, and consequently within the present context the
terms expectation operator, average or sample mean may be used to represent the result
of statistical functions or operators selected from a group comprising the Boxcar

function. In the following these terms may therefore be used interchangeably.
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The amplitude weighting providing the weighted mean phase 8, will generally result in

the weighted mean phase 8, being different from the unbiased mean phase 8 that is

defined by:
(e_ie) = % ?=1 e i = Re"ia (eq 9)

As in equation (8) () is the average operator and n represents the number of inter-
microphone phase difference samples used for the averaging. It follows that the
unbiased mean phase 8 can be estimated by averaging a multitude of inter-microphone
phase difference samples. R is denoted the resultant length and the resultant length R
provides information on how closely the individual phase estimates 6; are grouped

together and the circular variance V and the resultant length R are related by:
V=1-R (eq. 10)

The inventors have found that the information regarding the amplitude relation, which
is lost in the determination of the unbiased mean phase 8, the resultant length R and the
circular variance V turns out to be advantageous because more direct access to the

underlying phase probability distribution is provided.

Considering again the directional system 100 described above the optimum steering

vector D" may be given by:

d(E ((Mo(F) = DM M3(F) = D (ML)
dD* B

_ E0nmi) |
TG DR (ca-11)

Wherein E is the expectation operator.
It is noted that the optimal estimate of the IMTF in the LMS sense is closely related to

the coherence C(f) that may be given as:

_ ol M)
CO) = St = Eam i (OF) (eq- 12)
E(IM1()1?)

It is noted that the derived expression for the optimal IMTF, using the least mean
square approach, is subject to bias problems both in the estimation of the phase and

amplitude relation because the averaged amplitude is phase dependent and the weighted
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mean phase is amplitude dependent, both of which is undesirable. This however is the

strategy for estimating the IMTF commonly taken.

The present invention provides an alternative method of estimating the phase of the
steering vector which is optimal in the LMS sense, when the normalized input signals
are considered as opposed to the input signals considered alone. In the following this

optimal steering vector based on normalized input signals will be denoted Dn(f):

My (f) MO V(M) ooy MiCE)
d(]E(<IMz(f)I Du ) o) (e ~ 24 ) |M1<f>|)>>
dD;,

_ e MOM) N p-iB
v () = EGa i = Re (cq-13)

It follows that by using this LMS optimization according to an embodiment of the
present invention, then access to the “correct” phase, in the form of the unbiased mean
phase 8 and to the variance V (derivable directly from the resultant length R using
equation 10), is obtained at the cost of losing the information concerning the amplitude

part of the IMTF.

However, according to an embodiment the amplitude part is estimated simply by
selecting at least one set of input signals that has contributed to providing a high value
of the resultant length, wherefrom it may be assumed that the input signals are not
primarily noise and that therefore the biased mean amplitude corresponding to said set
of input signals is relatively accurate. Furthermore the value of unbiased mean phase

can be used to select between different target sources.

According to yet another, and less advantageous variation the biased mean amplitude is
used to control the directional system without considering the corresponding resultant

length.

According to another variation the amplitude part is determined by transforming the
unbiased mean phase using a transformation selected from a group comprising the

Hilbert transformation.

Thus having improved estimations of the amplitude and phase of the IMTF a
directional system with improved performance is obtained. The method has been

disclosed in connection with a Generalized Sidelobe Canceller (GSC) design, but may
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in variations also be applied to improve performance of other types of directional
systems such as a multi-channel Wiener filter, a Minimum Mean Squared Error
(MMSE) system and a Linearly Constrained Minimum Variance (LCMV) system.
However, the method may also be applied for directional system that is not based on

energy minimization.

Generally, it is worth appreciating that the determination of the amplitude and phase of
the IMTF according to the present invention can be determined purely based on input
signals and as such is highly flexible with respect to its use in various different

directional systems.

It is noted that the approach of the present invention, despite being based on LMS
optimization of normalized input signals, is not the same as the well known Normalized
Least Mean Square (NLMS) algorithm, which is directed at improving the convergence

properties.

For the IMTF estimation strategy to be robust in realistic dynamic sound environments
it is generally preferred that the input signals (i.e. the sound environment) can be
considered quasi stationary. The two main sources of dynamics are the temporal and
spatial dynamics of the sound environment. For speech the duration of a short
consonant may be as short as only 5 milliseconds, while long vowels may have a
duration of up to 200 milliseconds depending on the specific sound. The spatial
dynamics is a consequence of relative movement between the hearing aid user and
surrounding sound sources. As a rule of thumb speech is considered quasi stationary for
a duration in the range between say 20 and 40 milliseconds and this includes the impact

from spatial dynamics.

For estimation accuracy, it is generally preferable that the duration of the involved time
windows are as long as possible, but it is, on the other hand, detrimental if the duration
is so long that it covers natural speech variations or spatial variations and therefore

cannot be considered quasi-stationary.

According to an embodiment of the present invention a first time window is defined by
the transformation of the digital input signals into the time-frequency domain and the
longer the duration of the first time window the higher the frequency resolution in the

time-frequency domain, which obviously is advantageous. Additionally, the present
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invention requires that the determination of an unbiased mean phase or the resultant
length of the IMTF for a particular angular direction or the final estimate of an inter-
microphone phase difference is based on a calculation of an expectation value and it
has been found that the number of individual samples used for calculation of the

expectation value preferably exceeds at least 5.

According to a specific embodiment the combined effect of the first time window and
the calculation of the expectation value provides an effective time window that is
shorter than 40 milliseconds or in the range between 5 and 200 milliseconds such that

the sound environment in most cases can be considered quasi-stationary.

According to a variation improved accuracy of the unbiased mean phase or the resultant
length may be provided by obtaining a multitude of successive samples of the unbiased
mean phase and the resultant length, in the form of a complex number using the
methods according to the present invention and subsequently adding these successive
estimates (i.c. the complex numbers) and normalizing the result of the addition with the
number of added estimates. This embodiment is particularly advantageous in that the
resultant length effectively weights the samples that have a high probability of
comprising a target source, while estimates with a high probability of mainly
comprising noise will have a negligible impact on the final value of the unbiased mean
phase of the IMTF or inter-microphone phase difference because the samples are
characterized by having a low value of the resultant length. Using this method it
therefore becomes possible to achieve pseudo time windows with a duration up to say
several seconds or even longer and the improvements that follows therefrom, despite
the fact that neither the temporal nor the spatial variations can be considered quasi-

stationary.

In a variation at least one or at least not all of the successive complex numbers
representing the unbiased mean phase and the resultant length are used for improving
the estimation of the unbiased mean phase of the IMTF or inter-microphone phase
difference, wherein the selection of the complex numbers to be used are based on an
evaluation of the corresponding resultant length (i.e. the variance) such that only

complex numbers representing a high resultant length are considered.
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According to another variation the estimation of the unbiased mean phase of the IMTF
or inter-microphone phase difference is additionally based on an evaluation of the value
of the individual samples of the unbiased mean phase such that only samples

representing the same target source are combined.

According to yet another variation speech detection may be used as input to determine
a preferred unbiased mean phase for controlling a directional system, e.g. by giving
preference to target sources positioned at least approximately in front of the hearing aid
system user, when speech is detected. In this way it may be avoided that a directional

system enhances the direct sound from from an undesired source.

According to still another embodiment monitoring of the unbiased mean phase and the
corresponding variance may be used for speech detection either alone or in
combination with traditional speech detection methods, such as the methods disclosed
in WO-A1-2012076045. The basic principle of this specific embodiment being that an
unbiased mean phase estimate with a low variance is very likely to represent a sound
environment with a single primary sound source. However, since a single primary
sound source may be single speaker or something else such as a person playing music it
will be advantageous to combine the basic principle of this specific embodiment with
traditional speech detection methods based on e.g. the temporal or level variations or

the spectral distribution.

According to an embodiment the angular direction of a target source, which may also
be denoted the direction of arrival (DOA) is derived from the unbiased mean phase and

used for various types of signal processing.

As one specific example, the resultant length can be used to determine how to weight
information, such as a determined DOA of a target source, from each hearing aid of a

binaural hearing aid system.

More generally the resultant length can be used to compare or weight information
obtained from a multitude of microphone pairs, such as the multitude of microphone
pairs that are available in e.g. a binaural hearing aid system comprising two hearing

aids each having two microphones.
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According to a specific embodiment the determination of a an angular direction of a
target source is provided by combining a monaurally determined unbiased mean phase
with a binaurally determined unbiased mean phase, whereby the symmetry ambiguity

that results when translating an estimated phase to a target direction may be resolved.

Reference is now made to Fig. 2, which illustrates highly schematically a hearing aid
system 200 according to an embodiment of the invention. The components that have
already been described with reference to Fig. 1 are given the same numbering as in Fig.

1.

The hearing aid system 200 comprises a first and a second acoustical-electrical input
transducers 101a-b, a filter bank 102, a digital signal processor 201, an electrical-
acoustical output transducer 202 and a sound classifier 203.

According to the embodiment of Fig. 2, the acoustical-electrical input transducers
101a-b, which in the following may also be denoted microphones, provide analog
output signals that are converted into digital output signals by analog-digital converters
(ADC) and subsequently provided to a filter bank 102 adapted to transform the signals
into the time-frequency domain. One specific advantage of transforming the input
signals into the time-frequency domain is that both the amplitude and phase of the

signals become directly available in the provided individual time-frequency bins.

In the following the first and second input signals and the transformed first and second
input signals may both be denoted input signals. The input signals 101-a and 101-b are
branched and provided both to the digital signal processor 201 and to a sound classifier
203. The digital signal processor 201 may be adapted to provide various forms of signal
processing including at least: beam forming, noise reduction, speech enhancement and
hearing compensation.

The sound classifier 203 is configured to classify the current sound environment of the
hearing aid system 200 and provide sound classification information to the digital
signal processor such that the digital signal processor can operate dependent on the

current sound environment.

Reference is now made to Fig. 3, which illustrates highly schematically a map of values
of the unbiased mean phase as a function of frequency in order to provide a phase

versus frequency plot.
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According to an embodiment of the present invention the phase versus frequency plot
can be used to identify a direct sound if said mapping provides a straight line or at least

a continuous curve in the phase versus frequency plot.

It is noted that the term "identifying" above and in the following is used

interchangeably with the term "classifying".

Assuming free field a direct sound will provide a straight line in the plot, but in the real
world conditions a non-straight curve will result, which will primarily be determined by
the head related transfer function of the user wearing the hearing aid system and the
mechanical design of the hearing aid system itself. Assuming free field the curve 301-A
represents direct sound from a target positioned directly in front of the hearing aid
system user assuming a contemporary standard hearing aid having two microphones
positioned along the direction of the hearing aid system users nose. Correspondingly
the curve 301-B represents direct sound from a target directly behind the hearing aid
System user.

Generally, the angular direction of the direct sound from a given target source may be
determined from the fact that the slope of the interpolated straight line representing the

direct sound is given as:

a0 2md
E = T (eq. 14)

Wherein d represent the distance between the microphone, ¢ is the speed of sound.

According to an embodiment of the present invention the phase versus frequency plot
can be used to identify a diffuse noise field if said mapping provides a uniform
distribution, for a given frequency, within a coherent region, wherein the coherent
region 303 is defined as the area in the phase versus frequency plot that is bounded by
the at least continuous curves defining direct sounds coming directly from the front and
the back direction respectively and the curves defining a constant phase of +x and -n

respectively.

According to another embodiment of the present invention the phase versus frequency
plot can be used to identify a random or incoherent noise field if said mapping provides
a uniform distribution, for a given frequency, within a full phase region defined as the

area in the phase versus frequency plot that is bounded by the two straight lines
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defining a constant phase of +n and -m respectively. Thus any data points outside the
coherent region, i.¢. inside the incoherent regions 302-a and 302-b will represent a

random or incoherent noise field.

According to a variation a diffuse noise can be identified by in a first step transforming
a value of the resultant length to reflect a transformation of the unbiased mean phase
from inside the coherent region and onto the full phase region, and in a second step
identifying a diffuse noise field if the transformed value of the resultant length, for at
least one frequency range, is below a transformed resultant length diffuse noise trigger
level. More specifically the step of transforming the values of the resultant length to
reflect a transformation of the unbiased mean phase from inside the coherent region and

onto the full phase region comprises the step of determining the values in accordance

E ( My (F)M;(f) )C/de
TAGIIAG)]

wherein Mi(f) and Mx(f) represent the frequency dependent first and second input

with the formula;:

Rtransformed

signals respectively.

According to other embodiments identification of a diffuse, random or incoherent noise
field can be made if a value of the resultant length, for at least one frequency range, is

below a resultant length noise trigger level.

Similarly identification of a direct sound can be made if a value of the resultant length,

for at least one frequency range, is above a resultant length direct sound trigger level.

According to still further embodiments the resultant length may be used to:
estimate the variance of a correspondingly determined unbiased mean phase from
samples of inter-microphone phase differences, and

evaluate the validity of a determined unbiased mean phase based on the estimated

variance for the determined unbiased mean phase.

In variations the trigger levels are replaced by a continuous function, which maps the
resultant length or the unwrapped resultant length to a signal-to-noise-ratio, wherein the

noise may be diffuse or incoherent.
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In another variation improved accuracy of the determined unbiased mean phase is
achieved by at least one of averaging and fitting a multitude of determined unbiased
mean phases across at least one of time and frequency by weighting the determined

unbiased mean phases with the correspondingly determined resultant length.

In yet another variation the resultant length may be used to perform hypothesis testing

of probability distributions for a correspondingly determined unbiased mean phase.

According to another advantageous embodiment corresponding values, in time and
frequency, of the unbiased mean phase and the resultant length can be used to identify
and distinguish between at least two target sources, based on identification of direct

sound comprising at least two different values of the unbiased mean phase.

According to yet another advantageous embodiment corresponding values, in time and
frequency, of the unbiased mean phase and the resultant length can be used to estimate
whether a distance to a target source is increasing or decreasing based on whether the
value of the resultant length is decreasing or increasing respectively. This can be done
because the reflections, at least while being indoors in say some sort of room will tend
to dominate the direct sound, when the target source moves away from the hearing aid
system user. This can be very advantageous in the context of beam former control
because speech intelligibility can be improved by allowing at least the early reflections

to pass through the beam former.

In further variations the methods and selected parts of the hearing aid according to the
disclosed embodiments may also be implemented in systems and devices that are not
hearing aid systems (i.c. they do not comprise means for compensating a hearing loss),
but nevertheless comprise both acoustical-electrical input transducers and electro-
acoustical output transducers. Such systems and devices are at present often referred to

as hearables. However, a headset is another example of such a system.

According to yet other variations, the hearing aid system needs not comprise a
traditional loudspeaker as output transducer. Examples of hearing aid systems that do
not comprise a traditional loudspeaker are cochlear implants, implantable middle ear
hearing devices (IMEHD), bone-anchored hearing aids (BAHA) and various other
electro-mechanical transducer based solutions including ¢.g. systems based on using a

laser diode for directly inducing vibration of the eardrum.
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Generally the various embodiments of the present embodiment may be combined
unless it is explicitly stated that they cannot be combined. Especially it may be worth
pointing to the possibilities of impacting various hearing aid system signal processing

features, including directional systems, based on sound environment classification.

In still other variations a non-transitory computer readable medium carrying
instructions which, when executed by a computer, cause the methods of the disclosed

embodiments to be performed.

Other modifications and variations of the structures and procedures will be evident to

those skilled in the art.
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CLAIMS

1.

A method of operating a hearing aid system comprising the steps of:

- providing a first and a second input signal, wherein the first and second input
signal represent the output from a first and a second microphone respectively;
- determining at least one of an unbiased mean phase and a resultant length
from samples of inter-microphone phase differences between said first and
second microphone;

- using at least one of the unbiased mean phase and the resultant length to

classify a sound environment.

The method according to claim 1, wherein the step of providing a first and a
second input signal comprises the steps of:

- transforming the input signals from a time domain representation and into a
time-frequency domain representation;

- providing the individual values of the input signals, in the time-frequency
domain, as complex numbers representing the amplitude and the phase of

individual time-frequency bins.

The method according to claim 1 or 2, wherein the step of determining at least
one of an unbiased mean phase and a resultant length from samples of inter-
microphone phase differences between said first and second microphone
comprises the steps of:

- determining the product of a first amplitude normalized time-frequency bin of
the first input signal and a second amplitude normalized time-frequency bin of
the second input signal, wherein the same point in time and frequency is
considered for the first and second time-frequency bins;

- determining the average of the product;

- determining the unbiased mean phase as the argument of the average of the
product: and

- determining the resultant length as the amplitude of the average of the product.



10

15

20

25

30

WO 2019/086433 PCT/EP2018/079674

21

The method according to claim 1, wherein the step of determining at least one
of an unbiased mean phase and a resultant length from samples of inter-
microphone phase differences between said first and second microphone
comprises the steps of:

- determining the unbiased mean phase as the argument of a complex number
representing a sample mean of inter-microphone phase differences between said
first and second microphone, and;

- determining the resultant length as the amplitude of a complex number
representing a sample mean of inter-microphone phase differences between said

first and second microphone.

The method according to claim 1, wherein the step determining at least one of
an unbiased mean phase and a resultant length from samples of inter-
microphone phase differences between said first and second microphone

comprises the steps of:

- determining a complex value Reié, given by:

n

Rei® — lz 06
n

i=1
wherein n represents the number of inter-microphone phase differences used for
the averaging, wherein e'®i represents samples of inter-microphone phase
differences, wherein R represents the resultant length and wherein 8 represents

the unbiased mean phase.

The method according to any one of the preceding claims, wherein the step of
using at least one of the unbiased mean phase and the resultant length to classify
a sound environment comprises the steps of:

- mapping a multitude of successive values of the unbiased mean phase as a
function of frequency in order to provide a phase versus frequency plot;

- identifying at least one of:

a direct sound if said mapping provides a straight line or at least a continuous

curve in the phase versus frequency plot, and
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a diffuse noise field if said mapping provides a uniform distribution, for a given
frequency, within a coherent region, wherein the coherent region is defined as
the area in the phase versus frequency plot that is bounded by the at least
continuous curves defining direct sounds coming respectively from the front
and back direction and also bounded by the upper and lower limits given by the
two straight lines defining a constant phase of +m and -t respectively, and

a random or incoherent noise field if said mapping provides a uniform
distribution, for a given frequency, within a full phase region defined as the area
in the phase versus frequency plot that is bounded by the two straight lines

defining a constant phase of +m and -7 respectively.

The method according to claim 6, comprising the steps of:

- transforming the values of the unbiased mean phase from inside the coherent
region and onto the full phase region;

- identifying a diffuse noise field if mapping of the transformed values of the
unbiased mean phase provides a uniform distribution, for a given frequency,

within the full phase region.

The method according to claim 6, comprising the steps of:

- transforming a value of the resultant length to reflect a transformation of the
unbiased mean phase from inside the coherent region and onto the full phase
region;

- identifying a diffuse noise field if the transformed value of the resultant
length, for at least one frequency range, is below a transformed resultant length

diffuse noise trigger level.

The method according to claim 8, wherein the step of transforming the values of
the resultant length to reflect a transformation of the unbiased mean phase from
inside the coherent region and onto the full phase region comprises the step of

determining the values in accordance with the formula:
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( My (F)M;(f) )C/de
TAGIIAG)]

wherein Mi(f) and Mz(f) represent the frequency dependent first and second

oy

Rtransformed =

input signals respectively.

The method according to claim 1, wherein the step of using at least one of the
unbiased mean phase and the resultant length to classify a sound environment
comprises the steps of:

- identifying at least one of:

a diffuse, random or incoherent noise field if a value of the resultant length, for
at least one frequency range, is below a resultant length noise trigger level, and;
a direct sound if a value of the resultant length, for at least one frequency range,

is above a resultant length direct sound trigger level.

. The method according to any one of the preceding claims comprising the

further steps of using the resultant length to at least one of:

estimating the variance of a determined unbiased mean phase from samples of
inter-microphone phase differences between said first and second microphone,
and;

evaluating the validity of a determined unbiased mean phase based on the
estimated variance for the determined unbiased mean phase, and;

averaging or fitting a multitude of determined unbiased mean phases across at
least one of time and frequency by weighting the determined unbiased mean
phases with the correspondingly determined resultant length, and;.

performing hypothesis testing of probability distributions for a correspondingly

determined unbiased mean phase.

The method according to any one of the preceding claims comprising the
further step of:
- using corresponding values, in time and frequency, of the unbiased mean

phase and the resultant length to identify and distinguish between at least two



10

15

20

25

30

WO 2019/086433 PCT/EP2018/079674

13.

14.

15.

24

target sources, based on identification of direct sound comprising at least two

different values of the unbiased mean phase.

The method according to any one of the preceding claims comprising the
further step of:

- using corresponding values, in time and frequency, of the unbiased mean
phase and the resultant length to estimate whether a distance to a target source
is increasing or decreasing based on whether the value of the resultant length is

decreasing or increasing respectively.

A hearing aid system comprising a first and a second microphone, a digital
signal processor and an electrical-acoustical output transducer;

wherein the digital signal processor is configured to apply a frequency
dependent gain that is adapted to at least one of suppressing noise and
alleviating a hearing deficit of an individual wearing the hearing aid system,
and;

wherein the digital signal processor is adapted to determine a multitude of
samples of the inter-microphone phase difference between the first and the
second acoustical-electrical input transducers, and;

wherein the digital signal processor is adapted to determine at least one of an
unbiased mean phase and a resultant length from the multitude of samples of the
inter-microphone phase difference, and;

wherein the digital signal processor is further adapted to use at least one of the

unbiased mean phase and the resultant length to classify a sound environment.

The hearing aid system according to claim 14, comprising a filter bank
configured to provide frequency dependent input signals from the output of the
first and the second acoustical-electrical input transducers whereby frequency
dependent inter-microphone phase differences can be provided based on the

frequency dependent input signals.
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16. A non-transitory computer readable medium carrying instructions which, when
executed by a computer, cause the following method to be performed:
- providing a first and a second input signal, wherein the first and second input
signal represent the output from a first and a second microphone respectively;
- determining at least one of an unbiased mean phase and a resultant length
from samples of inter-microphone phase differences between said first and
second microphone;
- using at least one of the unbiased mean phase and the resultant length to

classify a sound environment.

17. An internet server comprising a downloadable application that may be executed
by a personal communication device, wherein the downloadable application is
adapted to cause the following method to be performed:

- providing a first and a second input signal, wherein the first and second input
signal represent the output from a first and a second microphone respectively;
- determining at least one of an unbiased mean phase and a resultant length
from samples of inter-microphone phase differences between said first and
second microphone;

- using at least one of the unbiased mean phase and the resultant length to

classify a sound environment.
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