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DESCRIPTION

FIELD OF THE INVENTION

[0001] The present invention relates generally to apparatus and methods for binaural signal processing in audio systems such
as hearing aids and, more specifically, to apparatus and methods for binaural signal enhancement in hearing aids.

DESCRIPTION OF PRIOR ART

[0002] A hearing impaired person by definition suffers from a loss of hearing sensitivity. Such a hearing loss generally depends
upon the frequency and/or the audible level of the sound in question. Thus, a hearing impaired person may be able to hear
certain frequencies (e.g., low frequencies) as well as a non-hearing impaired person, but unable to hear sounds with the same
sensitivity as the non-hearing impaired person at other frequencies (e.g., high frequencies). Similarly, the hearing impaired
person may be able to hear loud sounds as well as the non-hearing impaired person, but unable to hear soft sounds with the
same sensitivity as the non-hearing impaired person. Thus, in the latter situation, the hearing impaired person suffers from a loss
of dynamic range of the sounds.

[0003] A variety of analog and digital hearing aids have been designed to mitigate the above-identified hearing deficiencies. For
example, frequency-shaping techniques can be used to contour the amplification provided by a hearing aid, thus matching the
needs of an intended user who suffers from the frequency dependent hearing losses. With respect to the dynamic range loss, a
compressor is typically used to compress the dynamic frequency range of an input sound so that it more closely matches the
dynamic range of the intended user. The ratio of the input dynamic range to the output dynamic range by the compressor is
referred to as the compression ratio. Generally, the compression ratio required by a hearing aid user is not constant over the
entire input power range because the degree of hearing loss at different frequency bands of the user is different.

[0004] Dynamic range compressors are designed to perform differently in different frequency bands, thus accounting for the
frequency dependence (i.e., frequency resolution) of the intended user. Such a multi-channel or multi-band compressor divides
an input signal into two or more frequency bands and then compresses each frequency band separately. This design allows
greater flexibility in varying not only the compression ratio, but also time constants associated with each frequency band. The time
constants are referred to as the attack and release time constants. The attack time is the time required for a compressor to react
and lower the gain at the onset of a loud sound. Conversely, the release time is the time required for the compressor to react and
increase the gain after the cessation of the loud sound.

[0005] Moreover, many hearing-impaired individuals have hearing losses in both ears. As a result, each of these individuals
needs to be fitted with two hearing aids, one for each ear, to address the hearing losses of both ears. Both hearing aids may
contain dynamic-range compression circuits, noise suppression processing, and/or directional microphones. In general, the two
hearing aids contain signal processing circuits and algorithms, and operate independently. That is, the signal processing in each
of the hearing aids is adjusted separately and operates without any consideration for the presence of the other hearing aid.
Improved signal processing performance, specifically binaural signal processing, is possible if left and right ear inputs are
combined. Accordingly, some conventional hearing aid systems include left and right ear hearing aids that are capable of binaural
processing.

[0006] Typically, the inputs at both ears of a listener include a desired signal component and a noise and/or interference
component. In many listening situations, the inputs at the two ears of the listener will differ in a way that can be exploited to
emphasize the desired input signals and reject the noise and/or interference. Fig. 1 illustrates a scenario in which a desired signal
source comes directly from the front-center of the listener while various noise and/or directional interfering sources may come
from other directions. Since the signal source is located in front of the listener, it generates highly correlated input singles at the
two ears of the listener. Theoretically, if the signal source is directly in front-center of the listener, the input signals will be identical
at the two ears. The noise or interfering sources will, however, generally differ in time of arrival, relative amplitude, and/or phase
at the two ears. As such, if the signal source is not directly in front-center of the listener, or if there are noise or interfering
sources surrounding the listener, the resulting inputs at the two ears of the listener will be different in time of arrival, relative
amplitude, and/or phase, etc., leading to a reduced interaural correlation of the inputs at the two ears of the listener.

[0007] An object in binaural signal processing by a hearing aid system is therefore to design a pair of filters, one for each ear's
hearing aid that will pass the desired input signals and suppress unwanted interfering sources and noise. Prior to implementing
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the pair of filters in the hearing aid system, it must be determined whether or not to use the same processing scheme in each
filter.

[0008] If different filters are used for the left and right ear hearing aids, it is possible to compensate for the differences in
amplitude and phase of the various inputs (e.g., input signals, interference and/or noise). As a result, it is possible to cancel a
directional source of interference. Unfortunately, the output from this type of signal processing is usually monaural, causing the
same output signal to be provided to both ears. As a result, the binaural signal processing and noise suppression function that is
inherent in a healthy human auditory system will be supplanted by such an interference cancellation process. In situations in
which there is a single strong source of interference in an anechoic environment, the hearing aid system will offer an improvement
in speech intelligibility. If, however, the source of interference is diffuse rather than directional, the interference cancellation
process will not be very effective in improving speech intelligibility. Furthermore, since the processed output signal is monaural,
this hearing aid system will not provide a normal localization mechanism as performed by a healthy human auditory system.

[0009] The alternative approach is to have the left and right ear filters of the hearing aid system be the same. The left and right
ear filters filter the left and right ear inputs, respectively, to generate different left and right outputs. Forcing the two filters to be
the same precludes the cancellation of a broadband directional source of interference. This, however, allows for a reduction of
gain in frequency regions where the interference dominates. Thus, it is possible to increase a measured signal-to-noise ratio
(SNR) of a processed output using this type of filtering approach. Because the left and right outputs are generated using identical
signal processing filters, the interaural amplitude ratio and the phase difference of both inputs are preserved and the binaural
localization mechanism can continue to function nearly normally for the user. Many of the conventional hearing aid systems
include directional microphones under the assumption that a directional microphone built into a hearing aid at each ear of the
user will be effective in canceling a single directional source of interference. Accordingly, no additional interference cancellation
process is required for these conventional hearing aid systems. These conventional hearing aid systems are therefore built
based on forcing the left and right ear filters of each hearing aid system to be identical.

[0010] Several different strategies have been described by the prior art for binaural signal enhancement in a hearing aid system
utilizng the same signal processing filters for the left and right ear inputs. For instance, the interaural amplitude and phase
differences of both inputs have been exploited in hearing aid systems described in "Real-time multiband dynamic compression
and noise reduction for binaural hearing aids" by Kollmeier, Peissig, and Hohmann (1993), J. Rehab. and Devel., vol. 30, pp 82-
94; "Speech enhancement based on physiological and phychoacoustical models of modulation perception and binaural
interaction" by Kollmeier and Koch (1994), J. Acoust. Soc. Am., vol. 95, pp 1593-1602 ; AudioLogic system designs by Lindemann;
and "Development of digital hearing aids" by Schweitzer (1997), Trends in Amplification, vol. 2, pp 41-77. These hearing aid
systems generally pass the inputs in those frequency regions where the amplitudes and phases of the inputs tend to agree, and
reduce compression gains in those frequency regions where the amplitudes and phases differ.

[0011] Another strategy described in the prior art exploits the interaural signal correlation of the inputs at the left and right ears.
Such hearing aid systems are described in "Multimicrophone signal-processing technique to remove room reverberation from
speech signals” by Allen, Berkley, and Blauert (1977), J. Acoust. Soc. Am., vol. 62, pp 912-915; the above-mentioned 1993 article
by Kollmeier, Peissig, and Hohmann; "Two microphone nonlinear frequency domain beamformer for hearing aid noise reduction"
by Lindemann (1995), Proc. 1995 Workshop on Applications of Signal Processing to Audio and Acoustics, Mohonk Mountain
House, New Paltz, NY; and U.S. Patent No. 5,511,128, entitled "Dynamic intensity beamforming system for noise reduction in a
binaural hearing aid" and issued to Lindemann (1996). The hearing aid systems with such a cross-correlation technique pass the
inputs in those frequency regions where the interaural signal correlation is high, and attenuate the inputs in those regions where
the correlation is low. In addition, combinations of amplitude, phase, and correlation functions have also been suggested to
determine a preferred frequency response of the binaural filters, as described by the above-mentioned 1993 article by Kollmeier,
Peissig, and Hohmann and in "Two-channel noise reduction algorithm motivated by models of binaural interaction" by Wittkop
(2001), Ph.D. Thesis, Universitat Oldenburg, Germany. A further modification to the hearing aid system is suggested in U.S.
Patent No. 5,651,071, entitled "Noise reduction system for binaural hearing aid" and issued to Lindemann and Melanson (1997),
that combines an interaural correlation function with additional signal features such as voiced speech detection.

[0012] 5 Another approach in the prior art is to use a model of binaural localization in signal processing to design the binaural
enhancement filters of the hearing aid system. As has been suggested by the above-mentioned Wittkop's Ph.D. thesis, amplitude
and phase differences of the inputs can provide an implied localization model for signal processing since these are gross signal
cues used by the human auditory system to determine the direction of a source of sound. Yet another more explicit modeling
approach is taken in "Binaural signal processing system and method" by Feng et al. (2001), IEEE Trans. Acoust. Speech and Sig.
Proc., vol. ASSP-35, pp 1365-1376, which discloses a signal processing method based on a coincidence-detection model of
binaural localization to derive a binaural enhancement filter. In this system, the inputs are separated into frequency bands, and
the left and right ear signals in each band are sent through respective delay lines. Left and right signal delays that give the
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highest signal envelope correlation are then selected to design the binaural enhancement filters of the hearing aid system.

[0013] Experimental evaluations of these prior art hearing aid systems have shown in general that the processed binaural
signals do offer improved speech intelligibility when compared to a single hearing aid, but do not offer any noteworthy advantage
in speech intelligibility when compared to an amplified but otherwise unprocessed binaural signal presentation. Typically, the
enhancement filters of such conventional hearing aid systems pass those frequency regions that have a good SNR and attenuate
those frequency regions that have a poor SNR. Such a technique changes only the compression gain of a frequency band, not
the SNR of the signals within the frequency band, and thus has only a minimal effect on speech intelligibility.

[0014] Because the prior art binaural enhancement techniques do not improve speech intelligibility much beyond that already
provided by binaural hearing aid systems without it, such signal processing techniques must be justified on the basis of other
advantages. For example, modest amounts of spectral enhancement have been shown to improve subjective ratings of speech
quality and reduce reaction time for test subjects responding to test stimuli even when the speech recognition accuracy has not
really been improved. Experimental results have also suggested that a faster differentiation in listening corresponds to a greater
ease of listening even if speech intelligibility is not enhanced. The same rationale can be applied to binaural enhancement
algorithms where an expected user benefit would be increased listening comfort and reduced long-term listening effort.

Wiener Filter

[0015] A Wiener filter minimizes a mean-squared error between a noisy observed signal and a noise-free desired signal. In a
sampled frequency domain, the Wiener filter is defined as:

2
w(k) = ik)l__ , : 1)
Iseef +{Veef
where S(k) is a desired signal spectrum and N(k) is a noise spectrum for a frequency bin having the index k. To implement the
Wiener filter, both the desired signal power spectra and the noise power spectra of the frequency bins must be known. In practice,
however, these power spectra can only be estimated. Consequently, the accuracy of the power spectrum estimates determines
the effectiveness of the Wiener filter.

[0016] Typically, the Wiener filter adopted in a conventional hearing aid system for binaural signal enhancement is designed
using some simple approximations and/or assumptions. The first assumption is that the desired signal source is located in the
front-center of the listener. As mentioned, if the desired signal source is directly in the front-center of the listener, the resulting
input signals should be identical at the two ears of the listener. Moreover, it is assumed that the noise and/or interfering sources
are independent, i.e., with no correlation, at the two ears. Accordingly, the inputs at the left and right ears are then given by:

X, (k)= S(k)+ N, (k) @

X, (k)= S(k)+ Ny (k)

where S(k) is the desired input signal and N (k) and Nr(k) are the independent left and right ear noises/interferences,

respectively. A total signal plus noise power is then given by the sum of the left and right input powers:
2 2 2 2 ’
Iscef +iveef = (ool )+ {raef) | ©)
where the angle brackets denote a signal average. Because the desired input signal is assumed to be identical at the two ears,
the noise power can be estimated from the difference between the inputs:

wef = (.- X,6000) . @

The estimated input signal power is then given by a difference between Eq. (3) and Eq. (4), which results in:

Il = (.0 )+ (el )- (.0~ X0

, )]
= 2Re{(X, (K).X; (%))
where the asterisk denotes a complex conjugate. Accordingly, the Wiener filter of Eq. (1) can then be revised to become:
2Re[<X,_ ®X, (k))]

k)= ——— . ) ©)
(.of )+ (o) |
For a conventional binaural hearing aid system with Wiener filters at the left and right hearing aids thereof, identical filters w(k)
are applied to the left and right ear inputs to produce the processed pair of outputs.

[0017] The Wiener filter defined in Eq. (6) is identical with a two-microphone binaural beamformer described by the above-
mentioned Lindemarin's article in 1995 and covered by the U.S. Patent No. 5,511,128 assigned to GN ReSound.
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[0018] There are several problems with the prior art binaural hearing aid systems. One problem is the assumption that the noise
at the two ears of the listener is uncorrelated, i.e., independent. This assumption causes inaccuracies in binaural signal
processing, particular at the low frequency range. At low frequencies, a distance between the left and right ears of the listener is
relatively small, as compared to the wavelength of a sound wave. The noise at the listener's two ears will therefore be highly
correlated. Consequently, the Wiener filter and other similar prior art approaches will have only a minimal effect in improving
binaural signal processing at low frequencies.

[0019] A second problem is the assumption that the desired signal source is in front-center of the listener. The desired signal
source is often located to the side of the listener, an example being a conversation with a passenger while driving a car.
Accordingly, a hearing aid system with the Wiener filters based on the assumption of a front-center signal source would attenuate
the signal sources from the side.

[0020] A third problem is related to process artifacts, which produce audible signal distortion as the compression gain of the
binaural enhancement filter changes in response to the estimated signal and noise power levels. Specifically, a power-estimation
time constant that gives optimum performance at good signal-to-noise ratios (SNRs) will probably not provide enough smoothing
at poor SNRs for the hearing aid system. As a result, audible fluctuations in a perceived noise level can result.

SUMMARY OF THE INVENTION

[0021] A signal processing system, such as a hearing aid system, adapted to enhance binaural input signals is provided. The
signal processing system is essentially a system with a first signal channel having a first filter and a second signal channel having
a second filter for processing first and second channel inputs and producing first and second channel outputs, respectively. Filter
coefficients of at least one of the first and second filters are adjusted to minimize the difference between the first channel input
and the second channel input in producing the first and second channel outputs. The resultant signal match processing gives
broader regions of signal suppression than using the Wiener filters alone for frequency regions where the interaural correlation is
low, and may be more effective in reducing the effects of interference on the desired speech signal. Modifications to the
algorithms can be made to accommodate sound sources located to the sides as well as the front of the listener. Processing
artifacts can be reduced by using longer averaging time constants for estimating the signal power and cross-spectra as the
signal-to-noise ratio decreases. A stability constant can also be incorporated in the transfer functions of the filters to increase the
stability of the signal processing system.

[0022] Thus, in one aspect, the invention is a multi-channel signal processing system, such as used in a hearing aid system, that
is capable of processing signals binaurally. The signal processing system comprises a first signal channel with a first filter and a
second signal channel with a second filter. The first filter processes a first channel input to produce a first channel output, and the
second filter processes a second channel input to produce a second channel output. Transfer functions of the first and second
filters operate to minimize a difference between the first channel input and the second channel input when producing the first
channel output and the second channel output, respectively. In a preferred embodiment, the transfer functions of the first and
second filters are identical. In another embodiment, the transfer functions are different. In the preferred embodiment, the
difference minimized is a normalized difference between the first and second channel inputs and at least one of the filters adjusts
its filter coefficients to minimize the difference in producing the first or second channel output. According to the preferred
embodiment, the normalized difference is defined as

(rm-x.00)
(|X, (k)[’)+(|x, (k)|2) '

where X1(k) and Xo(k) are the first and second channel inputs for the frequency bin having an index. k, respectively, and angle

Pk) =

brackets denote averages of equation results inside the angle brackets. In another preferred embodiment, the normalized
difference is defined as

2
T L —
Iscey + [N
where S(k) and N(k) are a signal spectrum and a noise spectrum for the frequency bin having the index k, respectively. In yet
another preferred embodiment, the signal processing system further comprises a first cost function filter, a second cost function
filter, and an adder. The first cost function filter is coupled to an output of the first filter and the second cost function filter is
coupled to an output of the second filter. Outputs of the first and second cost function filters are received by the adder, which
then compares the outputs to produce an error output. The error output is provided to one of the filters, which adjusts its filter
coefficients in accordance with the error output in producing the first or the second channel output. According to this preferred
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embodiment, the error output is a mean square error of outputs from the first and second cost function filters. The transfer
functions of the filters then operate to minimize the mean square error in producing the first and second channel outputs. In yet
another preferred embodiment, a stability constant is incorporated in the transfer functions of the first and second filters to
improve stability of the signal processing system. In yet another preferred embodiment, filter coefficients of the first and second
filters are normalized by a maximum coefficient value, thereby reducing an overall filter gain when no frontal signal is present.

[0023] In another aspect, the present invention is a multi-channel signal processing system, such as used in a hearing aid
system, that is capable of processing signals coming from any angles to the signal processing system. The signal processing
system comprises a first filter receiving a first channel input and producing a first channel output and a second filter receiving a
second channel input and producing a second channel output. According to a preferred embodiment, the signal processing
system is adjusted to accommodate sound sources located to the sides as well as the front of a listener. The first and second
filters can be Wiener filters or they can be filters adopted to process an optimal signal match described in the above-mentioned
paragraphs. In yet another preferred embodiment, a directional factor is considered in determining the transfer functions of the
first and second filters. According to this preferred embodiment, the directional factor is an estimated interaural phase difference
of the first and second channel inputs. The first and second channel inputs X(k) and Xo(k) satisfy a condition defined as Xao(k) =

a(k)ekXx4(k), where

Re[( X, (k) X; (k)]

(x.tox;00) -
is the phase difference between the signals. The directional factor is used as a test statistic for detecting a front signal source
and the dominance thereof. If a statistic value of the directional factor is close to one, there is a dominant front signal source to
the signal processing system. If otherwise, no dominant front signal sources exists and a coherence-based signal processing is
applied by the signal processing system.

cosf(k) =

[0024] In yet another aspect of the present invention, the multi-channel signal processing system comprises filters having
adaptive time constants to reduce artifacts at poor SNRs. The signal processing system comprises a first filter receiving a first
channel input and producing a first channel output and a second filter receiving a second channel input and producing a second
channel output. According to a preferred embodiment, time constants respectively of the first and second filters are adjusted in
accordance with an estimated noise to signal-plus-noise ratio, thereby reducing artifacts at poor signal-to-noise-ratios (SNRs)
particularly for low-pass filters.

[0025] In yet another aspect, the invention is a method for multi-channel signal processing such as used in a binaural hearing
aid system, the method comprising the steps of receiving a first channel input by a first filter located in a first signal channel,
receiving a second channel input by a second filter located in a second signal channel, and generating a first channel output and
a second channel output by the first and second filters, respectively, by minimizng a difference between the first channel input
and the second channel input. In another preferred embodiment, the step of generating first and second channel outputs
comprises receiving by a first cost function filter an output from the first filter, receiving by a second cost function filter an output
from the second filter, generating by an adder an error output by comparing outputs from the first and second cost function filters,
and adjusting filter coefficients of at least one of the first and second filters in accordance with the error output to minimize the
difference between the first channel input and the second channel input. According to this preferred embodiment, the error output
is a mean square error of outputs from the first and second cost function filters. Transfer functions of the filters then operate to
minimize the mean square error in producing the first and second channel outputs. In these preferred embodiments, the transfer
functions of the first and second filters are identical. In another embodiment, the transfer functions are different. In the preferred
embodiments, the difference minimized is a normalized difference between the first and second channel inputs and at least one of
the filters adjusts its filter coefficients to minimize the difference in producing the first or second channel output. According to the
preferred embodiments, the normalized difference is defined as

- (CICRACHE
(b )+ (i)
where X1(k) and Xo(k) are the first and second channel inputs for the frequency bin having the index k, respectively, and angle

brackets denote averages of equation results inside the angle brackets, respectively. In another preferred embodiment, the
normalized difference is defined as

__ Iveof

Isgof +vee)
where S(k) and N(k) are a signal spectrum and a noise spectrum for the frequency bin having the index k, respectively. In yet
another preferred embodiment, a stability factor is incorporated in the transfer functions of the first and second filters to improve
stability of the signal processing system. In yet another preferred embodiment, filter coefficients of the first and second filters are

P(k)
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normalized by a maximum coefficient value, thereby reducing an overall filter gain when no frontal signal is present.

[0026] In yet another aspect, the invention is a method for multi-channel signal processing such as used in a binaural hearing
aid system, the method comprising the steps calculating an estimated interaural phase difference of a first channel input and a
second channel input to determine the dominance of a front signal source. According to a preferred embodiment, transfer
functions of filters in a multi-channel signal processing system are adjusted to accommodate sound sources located to the sides
as well as the front of a listener. The filters can be Wiener filters or they can be filters adopted to process an optimal signal match
described in the above-mentioned paragraphs. The estimated interaural phase difference is a directional factor used as a test
statistic for detecting a front signal source and the dominance thereof. The first and a second channel inputs X1(k) and Xo(k)

satisfy a condition defined as Xo(k)=a(k)e/®®)x4 (k), where

Rel(x,(0) X3 (k)]
kX 0x; )
is phase difference between the signals. The transfer functions of the filters are determined based on a value of the direction

cosf(k) =

factor. If a statistic value of the directional factor is close to one, there is a dominant front signal source to the signal processing
system. If otherwise, no dominant front signal sources exists and a coherence-based signal processing is applied by the signal
processing system.

[0027] In yet another aspect, the invention is a method for multi-channel signal processing such as used in a binaural hearing
aid system, the method comprising the steps of generating a first channel output and a second channel output by adaptively
adjusting a first time constant of a first filter and a second time constant of a second filter. According to a preferred embodiment,
time constants respectively of the first and second filters are adjusted in accordance with an estimated noise to signal-plus-noise
ratio, thereby reducing artifacts at poor signal-to-noise-ratios (SNRs) particularly for low-pass filters.

[0028] A further understanding of the nature and advantages of the present invention may be realized by reference to the
remaining portions of the specification and the drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0029]

Fig. 1 illustrates a centered front signal source and sources of interference relative to a listener;

Fig. 2 illustrates a block diagram for an adaptive signal matching system according to the present invention;
Fig. 3 illustrates the variation of a directional factor d with an estimated cosine of an angle of arrival J;

Fig. 4 illustrates the variation of the time constant with an estimated NJ(S+N) ratio given by p;

Fig. 5 illustrates simulation results for the conventional Wiener filter according to Eq. 6; and

Fig. 6 illustrates simulation results for the adaptive signal matching system according to the present invention.

DESCRIPTION OF THE PREFERRED EMBODIMENTS

Optimal Signal Match

[0030] To address the problems experienced by the conventional hearing aid systems, the present invention proposes an audio
system, such as a binaural hearing aid system, with an alternative approach to the prior art Wiener filters. The presently
described hearing aid system also incorporates a same binaural enhancement filter respectively in left and right ear hearing aids
of the hearing aid system. Thus, the left and right filters of the present hearing aid system respectively has a same filter transfer
function w(k) that minimizes a difference between inputs at the left and right ears of the user. More specifically, the present
hearing aid system adopts an optimal signal match technique that minimizes a mean square error E(k) between the left and right
signal filtered by the enhancement filters w(k) and an additional cost function given by filter c(k). Fig. 2 illustrates a simplified
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block diagram depicting such an inventive approach in the frequency domain implemented in the hearing aid system according to
a preferred embodiment of the present invention. The two assumptions used for the conventional Wiener filter apply to this
preferred embodiment as well, these being a direct front signal source with independent noise at each ear of the user. Thus, Eq.
(2) still holds in defining the left and right ear inputs for the present hearing aid system.

[0031] As shown in Fig. 2, the left and right inputs X; (k) and Xg(k) are respectively filtered by binaural enhancement filters 201

and 203, each with the transfer function wW(k), and then by additional cost function filters 205 and 207, each with a transfer
function c(k). The binaural enhancement filters 201 and 203 produce left and right output Y; (k) and Ygr(k), respectively. To
compare a difference between outputs of the cost function filters 205 and 207, an output for the frequency bin with index k from
the cost function filter 207 is subtracted from an output for the frequency bin with index k from the cost function filter 205 by adder
209. The adder 209 sends a comparing result, an error E(k), to one of the binaural enhancement filters, e.g., the filter 203, for
adjusting the binaural enhancement filter to minimize the difference between inputs at the left and right ears of the user.
Accordingly, an optimal signal match for the binaural hearing aid system is accomplished by minimizing a mean squared error
between the left and right inputs X (k) and Xgr(k) that are respectively filtered by the enhancement filters 201 and 203 and by the
additional cost function filters 205 and 207. In the preferred embodiment, the enhancement filters 201 and 203 are identical (i.e.,
with identical transfer functions) and the cost function filters 205 and 207 are identical for the left and right ear hearing aids of the
hearing aid system, respectively. In another embodiment, the enhancement filters 201 and 203 can be different, and the cost
function filters 205 and 207 can be different as well.

[0032] Minimizing the mean squared error between inputs of the two ears will minimize the filter gains of the left and right
enhancement filters in those frequency bands having small cross-correlation. Such a signal processing technique will, however,
tend to emphasize those frequency bands that have a high signal level even when the SNR in those bands is poor, and will tend
to suppress frequency bands having a low signal level even if the SNR in those bands is high. As such, a more useful criterion for
improving the speech intelligibility by the hearing aid system is provided in accordance with another preferred embodiment of the
present invention. Specifically, instead of minimizing the mean squared error between inputs of the two ears, the hearing aid
system according to this second preferred embodiment has its enhancement filters designed to minimize a normalized signal
difference P(k) that is defined by:

CAC AT
CACHRCXCH)

As shown in Eq. (7), the function P(k) is a power of the difference of the left and right inputs that are normalized by a total signal-
plus-noise power. The values of function P(k) thereby range between 0 and 1. A value of 0 in Eq. (7) indicates a perfect match
between the left and right inputs, and a value of 1 indicates that no input signal source is present. Given the assumptions of a
front-center signal source and independent noise at the two ears, one could also derive the function P(k) as:

k ' : '

P(k)= e )r . : i ®
[s@ + V) :

Accordingly, one of the signal processing objects of the present invention is therefore to minimize the P(k), i.e., the noise to

signal-plus-noise ratio summed over the frequency bands, as shown in Eq. (8).

Plk) = (U]

[0033] According to this preferred embodiment, a mean square error to be minimized is therefore given by
¢= le(k)l’k(k)l PR . _ . ®

NormaIIy, this minimization must be constrained to prevent a trivial solution of setting all filter coefficients of the enhancement
filters and the cost function filters to zero. A common constraint in the time domain is to set the first filter coefficients of the
enhancement fllters to be identically 1. A corresponding constraint in the frequency domain is to set

Ew(k) K . : (10)

A=0
The signal processing optimization for the present hearing aid system is then to minimize the summation of Eq. (9), subject to the

linear constraint given by Eq. (10). If a matrix D is defined as:
D= diagle(of PR)| , )
the signal processing optimization then is equivalent to minimizing WHDW, subject to a constraint wis = K,wheres=[1,1,1, ...,

1]T. The superscript T denotes a transpose of a matrix, and the superscript Hdenotes the conjugate transpose.

[0034] A solution for the vector of coefficients, such as the M)"Dw, is described in "Introduction to Adaptive Arrays" by Monzingo
and Miller (1980), John Wiley and Sons, pp 78-105. Applying the solution described in Monzingo and Miller, we have:
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-1

D s

-1
sHD s

w=K

(12)

[0035] Substituting the value of D from Eq. (11) yields a solution for individual coefficients as:
c(k)rp(k)}'

X . . )

Skirrn]

J=o

The solution given by Egs. (12) and (13) may become unstable if a frequency band contains the front-center signal with no noise.

Therefore, in accordance with yet another preferred embodiment, such a stability problem can be avoided by adding a small

wk) =K 13)

positive stability constant A to the diagonal of matrix D, thereby guaranteeing that the matrix is always invertible, as explained in
"Robust adaptive beamforming" by Cox et al. (1987), IEEE Trans. Acoust. Speech and Sig. Proc., vol. ASSP-35, pp 1365-1376 .
This modification leads to a weighted vector solution given as:
we K (D+an)'s - )

sfO+u)'s ' : .
where | is an identity matrix. The most general solution for Eq. (14) is to let the stability constant A depend on frequency, leading
to the enhancement filter coefficients defined by:

1
Jepray+a]
X 2 R R |
Skorror+an]
. jeo
The value of A can also be used to control a frequency spectral shape of the binaural enhancement filter because increasing the
value of A would reduce an amount of spectral contrast in the filter. For instance, setting A = 0 will give a maximum amount of

4

wk)=K (15)

signal enhancement in the frequency spectrum, while setting A >> 1 will yield a flat enhancement filter. In yet another preferred
embodiment, a value of A = 0.1 has proven effective in providing effective binaural signal enhancement with a minimum of
processing artifacts.

[0036] A potential difficulty with the optimal signal match solution is that the filter coefficients may exceed one. A second problem
is that the filter coefficients will all be the same when only diffuse noise and no front-center signal is present, resulting in relatively
high gains in all frequency bands and no noise suppression from the filter. Accordingly, in yet another preferred embodiment,
both of these problems can be corrected using ad-hoc fixes, as explained below.

Define B(k) as

B(K)=1-P(k). ‘ (16)

Substituting the P(k) in Eq. (16) with the P(k) in Eq. (7), the resulting B(k) is just a ratio of the front signal power to the total
signal-plus-noise power, as given by the Wiener filter solution of Eq. (8). Therefore, the modified filter coefficients according to
this preferred embodiment are given by

~ k .
vy =—"0 _\ulsm] . an
Maxlw(j)] = |
As can be seen from Eq. (17), normalization of the filter coefficients w(k) by a maximum coefficient value, i.e.,
Max[w(5)],
J

resets the maximum coefficient to be one, and the scaling by the maximum value of B(m) reduces the overall filter gain when no
front-center signal is present. In yet another preferred embodiment, the value of

Max[B(m)

m
can be raised to a power greater than one to increase the noise suppression by the binaural enhancement filter when the desired
signal is absent.

Off-Axis Signal Sources

[0037] Both the conventional Wiener filter and the optimum signal match algorithms of the present invention are based on the
assumption that the desired source of sound is directly in front-center of the listener. This assumption, however, will not be valid
in many situations such as talking in an automobile, walking with a companion, or following a conversation among several talkers.
As mentioned above, a binaural enhancement filter built according to such an assumption would attenuate the signal sources
from the side. Thus, there is a need for a more general solution to the binaural signal enhancement that can take into account an
apparent direction of a dominant source of sound. A more effective solution in improving speech intelligibility should therefore use
the frontal source assumption during signal processing only when there is a high probability that such assumption is valid, and
should use a more general directional assumption otherwise.
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[0038] Accordingly, in yet another preferred embodiment, for a directional signal source not in front-center of the listener, the left
and right ear inputs can be related as:

X, ()= ()X (k) (18)

where a(k) and 8(k) are given by a head-related transfer function (HRTF) for the listener. The signal phase of the HRTF can be
extracted by using

cos9(k)=w A . . (19)

(x.xm) T
For a signal source in front-center of the listener, the cos8(k) is equivalent to one at all frequencies. Thus, an estimated
interaural phase difference of the inputs at the two ears can be used as a test statistic for detecting a frontal signal source. The
proposed detection statistic, i.e., the estimated interaural phase difference of the inputs, according to this preferred embodiment
is then given by:

1 & :

5=ﬁ§wsa(k) . (29)
The value of & will be close to one if all frequency bands are dominated by a frontal signal source, and the value & will decrease

gradually as the signal source moves towards the side of the listener.

[0039] As such, if |6] = 1, the binaural signal enhancement processing should use forms based on the assumption of a front-
center source of sound. The signal enhancement filter built under such assumption can therefore be the Wiener filter given by
Eq. (6) or the presently described optimal signal match filter given by Eq. (15), etc. When |6] << 1, on the other hand, the signal
enhancement processing of the binaural enhancement filter should be based on the assumption that a desired source of sound is
not in front-center of the listener. A frequency domain solution using a coherence function analysis satisfies this non-front-center
requirement. An example of the coherence function is described in "Estimation of the magnitude-squared coherence function via
the overlapped fast Fourier transform” by Carter et al. (1973), IEEE Trans. Audio and Electroacoustics, vol. AU-21, pp 337-389 .
Accordingly, in accordance with yet another preferred embodiment, a coherence between the left and right ear inputs as defined
by Eq. (18) can be given by

MV CACLAC) P @1

[(xucor Ypewr)]”

As can be seen from Eq. (21), the magnitude of the coherence between the left and right ear inputs is one for any angle of the
signal source.

[0040] The binaural signal enhancement processing for the limiting cases of & is summarized in Table 1 below. The signal
processing by the Wiener filter uses the approach suggested in the present invention and given by Eq. (6) for [§] = 1, but is
replaced by the coherence-based processing according to the present invention for |6] = 0, as shown in Table 1. Furthermore,
Table 1 also shows the optimal signal match processing based on the preferred embodiments According to the present invention
for |6] = 1, and the optional signal match processing based on a preferred embodiment using the coherence for |§] = 0.

Table 1

Processing 5] = 1 [6] =0
Wiener Filter ) A2R~‘{<X ()X ;(k)>] )= (X, 0 x:(0) _
([XL (k)[’)+(|x,(k)[’) [(|Xt(k)|’)<|x.(k)l'>]
Optimal Signal Match o 2r (x, (06,00 .. (x.0x,m)
(EACHREXCY [(ecorXpracor)]
wi(k) o< [o(k)P1(K) + A(K)]” nekk)o< [e(k)Po(ky+AK)T

[0041] For incoming signals having an angle of arrival intermediate between the two limiting cases, i.e., |6 = 0 and |§] = 1, a
blend of the frontal and coherence processing approaches can be used. A gradual transition between the |§] = 1 and the |6] = 0
cases for intermediate values of & will minimize audible processing artifacts. Accordingly, in yet another preferred embodiment of

the present invention, the signal processing for the Wiener filter approach can be revised as:
w(k) =dw (k) + (1 - d)w,(k) , (22
where wq(k) and wy(k) are defined in Table 1. For the optimal signal match approach, the signal processing becomes
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P(k)=dR(k)+(1~d)F,(k)

wk) = (PR + A0}
where P1(k) and Py(k) are defined in Table 1. According to the preferred embodiments, for both the Wiener filter processing and

(23)

the optimal signal match processing to be effective, the values of d are to set as :
1,6 20.75

d=4{2x(5~025)025<5<0.75 . (24)

0,60.25 .
The directional factor d as a function of & is plotted in Fig. 3.

Adaptive Time Constant

[0042] The variance of the filter coefficients depends on the SNR of the front signal and the diffuse noise. At poor SNR values
the variance of the filter coefficients increases, and this increase in coefficient variance contributes to audible processing artifacts
such as the "pumping" of the background noise level with changes in the filter gain. The artifacts can be reduced in intensity by
using a longer time constant at poor SNRs when estimating the signal power and cross-spectra.

[0043] One approach to reducing artifacts is to make the low-pass filter time constant a function of the estimated noise to signal-
plus-noise-ratio given by P(k) in Eq (8). Define
1 ¢
p=—72 Pk ., (25)
K +1:§ . i
which gives the estimated noise to signal-plus-noise ratio averaged across frequency. The time constant for the low-pass filters is

then a function of p estimated for each processing segment. A function that appears to be effective in preliminary informal
listening tests is to set
50msec, p <0.3

7={50+667x(p-0.3)msec,0.3< p<0.6 . (26)

250msec, p2 0.6
Thus, a time constant of 50 msec is used at good SNRs to give a syllabic response to the incoming speech. As the SNR
decreases, the time constant increases to a maximum of 250 msec to reduce the artifacts in the processed signal. This approach
to adjusting the spectral estimation time constant can be used both for the Wiener filter and for the optimal signal match
processing. A plot of the variation of the time constant with p is presented in Fig 4.

Adaptive Stability Constant

[0044] The value of A selected in Egs (14) and (15) will affect the peak-to-valley ratio of the frequency-domain enhancement
filter. At poor SNRs, setting A greater than zero will reduce the processing effectiveness by reducing the depth of the valleys in the
gain vs. frequency function. Furthermore, A is not needed at poor SNRs because the high level of background noise guarantees
that the inverse of the matrix D will be stable because there will be no zero or near-zero matrix elements.

[0045] The processing effectiveness can be increased by decreasing the value of A as the noise level increases. The A, thus,
becomes a function of the estimated noise to signal-plus-noise for each block of data. One approach is to set

A=y~ Mjn[c(k)P(k)] , @n

where Agis a default value, such as Ag = 0.1, that defines the processing effects at good SNRs. An additional constraint that A > 0
is needed to prevent too much enhancement gain variation as the noise level increases. Since the adaptive value of A increases
the processing effects at high noise levels, it can lead to increased processing artifacts if a fast time constant is used for the
spectral estimation. The adaptive A should therefore be combined with the adaptive spectral estimation time constant discussed in
the section above to give an optimal signal match system that maximizes the processing effectiveness under all SNR conditions
while minimizing processing artifacts.

SIMULATION RESULTS
Procedure

10
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[0046] Two binaural enhancement systems based on the assumption of a sound source directly in front of the listener were
simulated in MATLAB using floating-point arithmetic. Simulation results illustrate the ability of the different systems to suppress an
off-axis sound source when the processing is implemented with the assumption that the desired source of sound is in front of the
listener. A test signal was speech-shaped noise generated by passing white noise through a bandpass filter comprising a 3-pole
high-pass filter with a cutoff at 200 Hz and a 3-pole low-pass filter with a cutoff at 5000 Hz to restrict the signal bandwidth, and a 1-
pole low-pass filter with a cutoff at 900 Hz to give a speech-shaped spectrum. The azimuth of the test signal was varied from 0 to
90 deg, and the hearing-aid microphone input signals were simulated using a spherical head model developed for binaural sound
synthesis. The head model provided realistic signal leakage from one side of the head to the other, and the left and right ear
signals were similar to those that would be obtained in the free-field testing of a binaural behind-the-ear (BTE) system in an
anechoic environment.

[0047] The signal processing was implemented using a compressor structure based on digital frequency warping. The sampling
rate was 16 kHz. The incoming signals for each ear were processed in blocks of 32 samples having an overlap of 16 samples. A
cascade of one-pole/one-zero all-pass filters were used to give the frequency warping, with a filter warping parameter of 0.56.
The all-pass filter outputs were weighted with a hanning (von Hann) window prior to computing a 32-point FFT used to give the
warped frequency analysis bands.

[0048] The simulation system provides 17 frequency bands from 0 to 8 kHz on a Bark frequency scale, with each band being
approximately 1.3 Bark wide. The band center frequencies are given below in Table 2. The short-term spectra of the signals at
the left and right ears were computed once every milisecond, and the power spectrum and cross-spectrum estimates were
updated every millisecond using a 1-pole low-pass filter having a 250-msec time constant. The time constant was chosen to give
a low-variance estimate of the steady-state enhancement gains after processing 1 sec of data, and is not necessarily the time
constant that would be chosen to process speech in a hearing aid. The binaural enhancement systems, as shown in Fig. 2, use a
pair of identical filter w to process the left and right input signals to give the enhanced outputs.

Wiener Filter Simulation Results

[0049] The results for the prior art Wiener filter of Eq (6) are shown in Fig. 5. For an input at zero deg azmuth there is no
attenuation, and therefore this curve is not plotted. For the source at 15 deg, there are two nulls at band 8 (1340 Hz) and band
14 (4761 Hz), and otherwise little attenuation. For the source at 30 deg, there are nulls at band 5 (728 Hz), band 10 (1952 Hz),
band 13 (3698 Hz), and then a gradual increases in attenuation to a maximum of 15 dB. For the source at 60 deg, there are nulls
at band 3 (415 Hz), band 8 (1340 Hz), band 10 (1952 Hz), and then a smooth increase in attenuation to a maximum of over 25 dB
at the highest frequencies. The source at 90 deg results in nulls at bands 3, 7, and 10 (415, 1108, and 1952 Hz, respectively)
with increased attenuation at higher frequencies.

[0050] At low frequencies, the signal difference between the left and right ears is primarily a time delay. If the signals are in
phase at the two ears, a correlation peak will result and there will be no attenuation. If the signals are 90 deg out of phase,
however, the cross-correlation will be nearly zero and maximum attenuation will occur. This correlation behavior produces a
periodic series of peaks and valleys in the enhancement gain as the interaural phase changes with frequency. The signal azmuth
of 15 deg produces the shortest interaural delay, and the first correlation null occurs in band 8 (1340 Hz). As the azmuth moves
towards 90 deg, the interaural time delay increases and the null moves lower in frequency, occurring in band 3 (415 Hz) for the 60
and 90 deg azimuths.

[0051] At higher frequencies, interaural amplitude differences will also occur. Interaural amplitude differences will reduce the
computed enhancement gain, and the amplitude differences increase as the azimuth increases from 0 towards 90 deg. The
increasing analysis filter bandwidths at high frequencies also mean that an increasing number of periods of phase and amplitude
perturbations will be included within each frequency band. The result of these high-frequency effects is a substantial increase in
the processing attenuation and smoother attenuation curves with increasing azimuth. The boundary between the low-frequency
and high-frequency regions is at approximately 1500 Hz (band 9), since the head is about a wavelength wide at this frequency.

Optimal Signal Match

[0052] Simulation results for the new optimum signal match processing according to the present invention are shown in Fig. 6.

11



DK/EP 1465456 T3

The processing filter is given by Eq. (17) with a value of A=0.1 used at all frequencies to ensure system stability. The scaling
function B(m) is the same as the Wiener filter given by Eq. (6).

[0053] As was the case for the Wiener filter, the signal match processing also provides no attenuation for a source at 0 deg. For
a source at 15 deg, the signal match processing gives nulls at bands 8 and 14, which are the same frequency bands where the
Wiener filter gave nulls. The gain peaks for the source at 15 deg for the signal match processing are at bands 0 (0 Hz) and 12
(2937 Hz), which also matches the Wiener filter results. The major difference between the Wiener filter and the presently
described signal match processing is in the shape of the gain curve with frequency. The Wiener filter gains, which are
proportional to the interaural signal similarity, have sharp nulls and broad peaks. The signal match processing gains, which are
instead inversely proportional to the lack of interaural signal of similarity, have broad nulls and sharp peaks. This difference in the
shapes of the nulls and peaks is an inherent distinction between the two processing approaches, and is similar to the difference
between a conventional FFT and high-resolution frequency analysis techniques such as the maximum likelihood technique.

[0054] For the source at 30 deg, the signal match processing has nulls at bands 5, 10, and 13, which agrees exactly with the null
locations for the Wiener filter. Similarly, the source at 60 deg has nulls at bands 2, 8, and 10, which disagrees with the Wiener
filter results only in the location of the lowest-frequency null, and the source at 90 deg has nulls at bands 2, 7, and 10. Thus, both
the Wiener filter and the signal match processing are governed by the same underlying acoustics. However, the difference in
signal processing results in the signal match system having broader regions of signal attenuation and substantially more
reduction of the interfering signal power than offered by the Wiener filter.

[0055] The depth of the notches in the signal match processing is controlled by the parameter A. Setting A=0.1, as was done for
the results of Fig 6, gives a maximum of about 20 dB of attenuation. Decreasing the value of A will increase the amount of
attenuation, and thus give deeper valleys and sharper peaks in the processing gain-versus-frequency curves. More attenuation is
not necessarily desirable, however, because deeper valleys will also cause more audible processing artifacts to occur. There is
thus an important trade-off between the averaging time constant used to estimate the power- and cross-spectra and the value of
A used to control the notch depth.
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PATENTKRAV

1. Et binauralt hgreapparatsystem, der omfatter et multikanalsignalbehandlingssystem (200), der

omfatter:

Et hgreapparat til venstre gre med en fgrste signalkanal, der omfatter et fgrste filter (201) med en
fgrste filteroverfgringsfunktion til at behandle et fgrste kanalindgangssignal X; (k) for at danne et
fgrste kanaludgangssignal Yi(k), og

et hgreapparat til hgjre gre med en anden signalkanal, der omfatter et andet filter (203) med en
anden filteroverfgringsfunktion til at behandle et andet kanalindgangssignal Xg(k) for at danne et

andet kanaludgangssignal Yg(k), hvor

det fgrste og det andet filter (201, 203) adapterer for at minimere en forskel mellem det fgrste
kanaludgangssignal Y; (k) og det andet kanaludgangssignal Yy(k) for at danne det fgrste
kanaludgangssignal Y (k) og det andet kanaludgangssignal Yr(k).

2. Det binaurale hgreapparatsystem ifglge krav 1, hvor forskellen er en middelkvadratfejl mellem

det fgrste kanaludgangssignal Y:(k) og det andet kanaludgangssignal Yg(k).

3. Det binaurale hgreapparatsystem ifglge krav 1, hvor forskellen er en normaliseret forskel P

mellem det fgrste kanaludgangssignal Y1 (k) and det andet kanaludgangssignal Yr(k).

4. Det binaurale hgreapparatsystem ifglge krav 3, hvor den normaliserede forskel P er defineret

som:

(- x.00)
(o )+ (rao)

hvor X;(k) er det forste kanaludgangssignal Y1 (k) for det frekvensinterval (frekvensbin), der har et
indeks k og X,(k) er det andet kanaludgangssignal Yr(k) for det frekvensinterval (frekvensbin), der
har indekset k.
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5. Det binaurale hgreapparatsystem ifglge krav 4, hvor den fgrste og den anden

filteroverfgringsfunktion er identiske og er normaliserede med en maksimumskoefficientvardi.

6. Det binaurale hgreapparatsystem ifglge krav 5, hvor den fgrste og den anden
filteroverfgringsfunktion er givet ved:
A w{k}

S R A ¥ ;3% 101 § .
Ry srey fapom]

hvor B(k) er defineret som B(k) =1 - P(k), og w(k) er en ikke-normaliseret

filteroverfgringsfunktion for det fgrste og det andet filter (201, 203) og er defineret som

2Re[{kj;('k}X O
(b j+ {2000}

s 08

w{k) er den normaliserede filteroverfgringsfunktion for det forste og det andet filter (201, 203) for

det frekvensinterval (frekvensbin), der har indekset %.

7. Det binaurale hgreapparatsystem ifglge krav 3, og som yderligere omfatter:

Et farste omkostningsfunktionsfilter (205), der er koblet til det fgrste filter (201) for at modtage
det fgrste kanaludgangssignal Yi(k),

en andet omkostningsfunktionsfilter (207), der er koblet til det andet filter (203) for at modtage
det andet kanaludgangssignal Yg(k), and

en additionsenhed (209), der er koblet til det fgrste og det andet omkostningsfunktionsfiler (205,
207), idet additionsenheden (209) modtager udgangssignaler fra det fgrste og det andet
omkostningsfunktionsfilter (205, 207) og genererer et fejludgangssignal til det andet filter (203),

hvor

det andet filter (203) justerer dets filterkoefficienter i overensstemmelse med fejludgangssignalet
for at minimere den normaliserede forskel P mellem det fgrste og det andet kanaludgangssignal

(Y(k), Yr(K)).
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8. Det binaurale hgreapparatsystem ifglge krav 7, hvor den fgrste filteroverfgringsfunkton for det
fgrste filter (201) og den anden filteroverfgringsfunktion for det andet filter (203) er identiske, og
overfgringsfunktionerne for det fgrste og det andet omkostningsfunktionsfilter (205, 207) er

identiske.

9. Det binaurale hgreapparatsystem ifglge krav 8, hvor den normaliserede forskel P er defineret

som:
o
Plk) = ———07,
NGEING)
hvor S(k) er et signalspektrum for det frekvensinterval (frekvensbin), der har et indeks &, og N(k) er

et stgjspektrum for det frekvensinterval (frekvensbin), der har indekset k og hvor

Iscof +veef = (. of b (g0} og
e = (0,00 - X )

10. Det binaurale hgreapparatsystem ifglge krav 9, hvor det fejludgangssignal, der frembringes af
additionsenheden (209), er en middelkvadratfejl £ for det fgrste og det andet kanaludgangssignal
(Y1.(k), Yxr(k)), idet det andet filter (203) justerer dets filterkoefficienter for at minimere

middelkvadratfejlen £.

11. Det binaurale hgreapparatsystem ifglge krav 10, hvor middelkvadratfejlen er defineret som:

&= ilwgk)f ?ic(a-:j,]’ P&y,

R

hvor w(k) er overfgringsfunktionen for det fgrste og det andet filter (201, 203) for det
frekvensinterval (frekvensbin), der har indekset k, og c(k) er overfgringsfunktionen for det fgrste og
det andet omkostningsfunktionsfilter (205, 207) for det frekvensinterval (frekvensbin), der har

indekset k.
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4

12. Det binaurale hgreapparatsystem ifglge krav 11, hvor, i tidsdomanet, fgrste filterkoefficienter

for det fgrste og det andet filter (201, 203) indstilles til at have vardien 1.

13. Det binaurale hgreapparatsystem ifglge krav 12, hvor overfgringsfunktionen w(k) i

middelkvadratfejlen opfylder en betingelse, der er defineret som:

‘iw(fc) =K.

&=t}

14. Det binaurale hgreapparatsystem ifglge krav 13, hvor overfgringsfunktionen w(k) er defineret

SOm:

&

ZE::U)? P(j)]\ |

]

15. Det binaurale hgreapparatsystem ifglge krav 13, hvor hver filterkoefficient for

overfgringsfunktionen w(k) er en vagtet vektor, der indbefatter en stabilitetsfaktor A.

16. Det binaurale hgreapparatsystem ifglge krav 15, hvor overfgringsfunktionen w(k) er defineret

SOm:

NI 20 O

Skorraan]

e

hvor A er en konstant verdi.

17. Det binaurale hgreapparatsystem ifglge krav 16, hvor 1 = 0.1.

18. Det binaurale hgreapparatsystem ifglge krav 15, hvor stabilitetsfaktoren 4 er adaptiv og en
funktion af et estimeret stgj til signal-plus-stgj forhold.
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19. Det binaurale hgreapparatsystem ifglge krav 18, hvor A opfylder en betingelse, der er defineret

som: . X
A = Ay - Minje(R)PCO], where 4, =0.1.

20. Det binaurale hgreapparatsystem ifglge krav 1, hvor

det fgrste og det andet filter (201, 203) yderligere adapterer for at behandle lydkilder med retning,

der kan komme fra en hvilken som helst vinkel til det binaurale hgreapparatsystem, og hvor

en estimeret interaural faseforskel o for det fgrste og det andet kanalindgangssignal (Xp(k),
Xgr(k)) beregnes statistisk for at bestemme dominansen af en frontal lydkilde, og den fgrste og
den anden overfgringsfunktion justeres baseret pa den estimerede interaurale faseforskel ¢ for
at minimere en forskel mellem det fgrste kanaludgangssignal Y (k) og det andet

kanaludgangssignal Yx(k).

21. Det binaurale hgreapparatsystem ifglge krav 20, hvor en dominerende frontal lydkilde er

til stede, hvis Ea‘] -

22. Det binaurale hgreapparatsystem ifglge krav 21, hvor den estimerede interaurale faseforskel o

er defineret som:

K
1] sté?{k}, hvor det fgrste og det andet kanalindgangssignal X;(k) and Xx(k)

&=

Rel( X, 00 X7(0))]
if

opfylder en betingelse, der er defineret som: X', (k) = a{k)ef® X, (k), and cos@(k) = e
\BAGERTY

for et frekvensinterval (frekvensbin), der har et indeks %.

23. Det binaurale hgreapparatsystem ifglge krav 22, hvor det fgrste og det andet filter (201,
203) er Wienerfiltre.

24. Det binaurale hgreapparatsystem ifglge krav 23, hvor den fgrste og den anden

overfgringsfunktion er identiske og er defineret ved w(k) = dw,(k) + (1-d)w (k), hvor
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__2Rel(x () X;(0))] __ (nmxw)
o () () ot (oY) ™
(L2075

i
i

d= i 2x {8 - 0.25)0.25 <& <075
§ ‘ for et frekvensinterval (frekvensbin), der har et

10,5 5025

indeks K.

25. Det binaurale hgreapparatsystem ifglge krav 22, hvor det fgrste og det andet filter (201, 203)
fungerer, sa en differens P(k) mellem det fgrste kanaludgangssignal Y;(k) og det andet

kanaludgangssignal Yg(k) minimeres for et frekvensinterval (frekvensbin), der har et indeks &.

26. Det binaurale hgreapparatsystem ifglge krav 25, hvor den forskel P(k), der minimeres, er en

normaliseret forskel mellem det fgrste og det andet kanaludgangssignal (Y.(k), Yr(k)).

27. Det binaurale hgreapparatsystem ifglge krav 26, og som yderligere omfatter:

Et forste omkostningsfunktionsfilter (205), der er koblet til det fgrste filter (201) for at modtage det
fgrste kanaludgangssignal Y1 (k),

et andet omkostningsfunktionsfilter (207), der er koblet til det andet filter (203) for at modtage det
andet kanaludgangssignal Yg(k), og

an additionsenhed (209), der er koblet til det fgrste og det andet omkostningsfunktionsfilter (205,
207), idet additionsenheden (209) modtager udgangssignaler fra det fgrste og det andet
omkostningsfunktionsfilter (205, 207) og genererer et fejludgangssignal til det andet filter (203),

hvor

det andet filter (203) justerer dets filterkoefficienter i overensstemmelse med fejludgangssignalet
for at minimere den normaliserede forskel P(k) mellem det forste og det andet kanaludgangssignal

(Yr(k), Yr(k)).
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28. Det binaurale hgreapparatsystem ifglge krav 27, hvor den fgrste og den anden
filteroverfgringsfunktion er identiske, og de respektive overfgringsfunktioner for det fgrste og det
andet omkostningsfunktionsfilter (205, 207) er identiske.

29. Det binaurale hgreapparatsystem ifglge krav 28, hvor overfgringsfunktionerne w(k) for det
fgrste og det andet filter (201,203) er w{k} o¢ fe(k}P(k} + A{k)]" hvor L er en stabilitetsfaktor

PUkY = dB (k) + (A= d)B{K)

2Ref X (k)X (k)
o= 12X
(e, e )
KX
P (i) = (XX
[gjx (s‘c)] lﬁ,(!u] \}]
(L2075
l
d= Js Fn (*; “5){),25 « & <{.75 for et frekvensinterval (frekvensbin), der har et indeks k.

0,5 5025

30. Det binaurale hgreapparatsystem ifglge krav 29, hvor 4 = 0.1.

31. Det binaurale hgreapparatsystem ifglge krav 29, hvor 4 opfylder en betingelse, der er defineret

SOm A = 4, ~ ..ici;in[c(k)ﬁik’)], where A, = 0.1,

32. Det binaurale hgreapparatsystem ifglge krav 1, hvor

det fgrste filter (201) har en adaptiv fgrste filtertidskonstant til behandling af det fgrste

kanalindgangssignal X; (k), og

det andet filter (203) har en adaptive anden filtertidskonstant til behandling af det andet
kanalindgangssignal Xz(k), idet den forste og den anden filtertidskonstant adapteres for at reducere
artefakts for multikanalsignalbehandlingssystemet (201) for at minimere forskellen mellem det

fgrste kanaludgangssignal Y1 (k) og det andet kanaludgangssignal Yr(k).
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33. Det binaurale hgreapparatsystem ifglge krav 32, hvor det fgrste og det andet filter (201, 203) er
lavpasfiltre, og den fgrste og den anden filtertidskonstant hver er en funktion af et estimeret stgj til

signal-plus-stgj forhold.

34. Det binaurale hgreapparatsystem ifglge krav 33, hvor den fgrste og den anden

filteroverfgringsfunktion er identiske.

35. Det binaurale hgreapparatsystem ifglge krav 34, hvor den adaptive fgrste og den adaptive

anden filtertidskonstant t er defineret som:

[Stmsee, £ 5 0.3
7= ~f 504667 2 {p—~ 0.3 msec,0.3 < p <06, , hvor et SNR indeks p er defineret som
E
E

{1 250msec, p 2 0.6

X
NUHEY, Pk =
K+183

, W Stky er et signalspektrum for det frekvensinterval

p

(frekvensbin), der har et indeks &, og N(k) er et stgjspektrum for det frekvensinterval (frekvensbin),
der har indekset £.

36. En fremgangsméde til behandling af signaler i et binauralt hgreapparatsystem, og som omfatter

trinnene, at

modtage et fgrste kanalindgangssignal X; (k) med et fgrste filter (201), der er anbragt i en fgrste

signalkanal i et hgreapparat til venstre gre,

modtage et andet kanalindgangssignal Xz(k) med et andet filter (203) der er anbragt i en anden
signalkanal i et hgreapparat til hgjre gre, og

generere et fgrste kanaludgangssignal Y (k) og et andet kanaludgangssignal Ygr(k) ved at minimere

en forskel mellem det forste kanaludgangssignal Y1(k) og det andet kanaludgangssignal Ygr(k).
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37. Fremgangsmaden ifglge krav 36, hvor forskellen normaliseres med en total signal-plus-stgj

effekt.

38. Fremgangsmaden ifglge krav 37, hvor den normaliserede forskel er P(k), som er defineret

som: .
WG

POy = e
= Sy - veer

hvor S(k) er et signalspektrum for det frekvensinterval (frekvensbin), der har indekset &, og N(k) er

et stgjspektrum for det frekvensinterval (frekvensbin), der har indekset .

39. Fremgangsmaden ifglge krav 38, hvor trinnet for at generere det fgrste og det andet

kanaludgangssignal (Y1(k), Yr(k)) omfatter, at

modtage med et fgrste omkostningsfunktionsfilter (205) et udgangssignal fra det farste filter
(201),

modtage med et andet omkostningsfunktionsfilter (207) et udgangssignal fra det andet filter
(203),

generere med en additionsenhed (209) et fejludgangssignal ved at sammenligne

udgangssignaler fra det fgrste og det andet omkostningsfunktionsfilter (205, 207), og

justere filterkoefficienter for det fgrste og/eller det andet filter (201, 203) 1 overensstemmelse
med fejludgangssignalet for at minimere den normaliserede forskel mellem det fgrste

kanaludgangssignal Y; (k) og det andet kanaludgangssignal Yg(k).

40. Fremgangsmaéden ifglge krav 39, hvor overfgringsfunktionerne for det fgrste og det andet
filter (201, 203) er identiske, og overfgringsfunktionerne for det fgrste og det andet
omkostningsfunktionsfilter (205, 207) er identiske.
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41. Fremgangsmaden ifglge krav 40, hvor trinnet for at justere filterkoefficienterne for det
forste og/eller det andet filter (201, 203) omfatter trinnet at minimere en middelkvadratfejl ¢ for

fejludgangssignalet.

42. Fremgangsmaden ifglge krav 41, hvor middelkvadratfejlen & er defineret som

£ Y 2 ' . . .
& mziw(’k:;i‘;g(k}{ Fi{x) , hvor w(k) er overfgringsfunktionen for det fgrste og det andet filter
FE

(201, 203) for det frekvensinterval (frekvensbin), der har et indeks &, og c(k) er
overfgringsfunktionen for det forste og det andet omkostningsfunktionsfilter(205, 207) for det

frekvensinterval (frekvensbin), der har indeks k.

43. Fremgangsmaden ifglge krav 42, hvor overfgringsfunktionen w(k) i middelkvadratfejlen &

opfylder en betingelse, der er defineret som:

ZK:w(k) -K.

44. Fremgangsmaden ifglge krav 43, hvor overfgringsfunktionen w(k) er defineret som:

A PUEY

Skofro]

=D

wiy=K

45. Fremgangsmaden fglge krav 43, hvor overfgringsfunktionen w(k) er defineret som:

Wik} = K gt L

:}:[1‘( ;)1 PEiy+ AGG 3]; ?

das

hvor A er en stabilitetsfaktor.
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46. Fremgangsméden ifglge krav 45, hvor 4 = 0.1.

47. Fremgangsmaden ifglge krav 45, hvor A opfylder en betingelse, der er defineret som

A= a_aif{;in[(:(k}l)(k}l, hvor A,=0.1.

48. Fremgangsmaden ifglge krav 36, hvor minimeringen af forskellen mellem det fgrste

kanaludgangssignal Y (k) og det andet kanaludgangssignal Yr(k) yderligere omfatter, at

generere det fgrste kanaludgangssignal Yi(k) og det andet kanaludgangssignal Yr(k) ved adaptivt at
justere en fgrste tidskonstant for det fgrste filter (201) og en anden tidskonstant for det andet filter
(203), hvor den fgrste og den anden tidskonstant hver er en funktion af et estimeret stgj til signal-

plus-stgj forhold.
49. Fremgangsmaden ifglge krav 48, hvor det fgrste og det andet filter (201, 203) er lavpasfiltre.

50. Fremgangsmaden ifplge krav 48, hvor den fgrste og den anden tidskonstant t er identiske og er

defineret som
50ms, p <0.3

=150+ 667 x (p — 0.3) ms, 0.3 < p <0.6,
250 ms, p > 0.6

hvor et SNR indeks p er defineret som

: 1ok . N
22 e P{k}\ P(k) = f,\ : ' [
? A«nxz; st +iv e

S(k) er et signalspektrum for det frekvensinterval, der har et indeks &, og N (k) er et stgjspektrum for

det frekvensinterval (frekvensbin), der har indekset K.
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51. Fremgangsmaden ifglge krav 36, hvor minimeringen af differensen mellem det farste

kanaludgangssignal Y; (k) og det andet kanaludgangssignal Yx(k) yderligere omfatter, at

beregne statistisk en estimerer interaural faseforskel ¢ for det fgrste og det andet

kanalindgangssignal for at bestemme dominansen for en frontal lydkilde, og at

justere overfgringsfunktionen for det fgrste filter (201) og overfgringsfunktionen for det andet filter

(203) baseret pa den estimerede interaurale faseforskel 0.
52. Fremgangsmaden ifglge krav 51, hvor en dominerende frontal lydkilde er til stede, hvis 3: ~ 1.

53. Fremgangsméden ifglge krav 51, hvor den estimerede interaurale faseforskel d er defineret

som

£
& ELYZ‘CQS&}(M , hvor det fgrste og det andet kanalindgangssignal X, (k) and X,(k)
w + LT

Rell X, (k)05 00}

opfylder en betingelse, der er defineret som X, {k} = a{k)e/ 0 X (), and cos(k) = ~—=
: X, ()X ()

for et frekvensinterval (frekvensbin), der har et indeks .
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