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(54) A hearing aid with adaptive matching of input transducers

(57)  The present invention relates to a hearing aid
with a directional characteristic, comprising at least two
spaced apart input transducers and wherein transducer
signaltype, such as transducer noise, wind noise, sound
emitted from a sound source located in the surroundings
of the hearing aid, distorted signals, such as clipped sig-
nals, slew rate limited signals, etc, etc, is determined,
and wherein signal processing in the hearing aid, such
as transducer matching, filtering, signal combination,
etc, is adapted according to the determined signal type.
For example, the directional characteristic may be
switched to an omnidirectional characteristic when at
least one of the input transducer signals is dominated
by noise or distortion, and/or adaptive matching of input
transducers may be put on hold while at least one of the
input transducer signals is dominated by noise or dis-
tortion.
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Description

[0001] The presentinvention relates to a hearing aid with a directional characteristic, comprising at least two spaced
apart input transducers.

[0002] Hearing aids comprising two input transducers and having a directional characteristic are well known in the
art. A sound wave that impinges on a hearing aid of this type at a specific angle is received by the two input transducers
with an arrival time difference defined by the distance between the input transducers, the velocity of sound, and the
impinging angle. The output signals of the two input transducers are combined to form the directional characteristic of
the hearing aid. When the output signal of the input transducer receiving the sound wave first is delayed by an amount
that is equal to the arrival time difference of the corresponding sound wave and subtracted from the output signal of
the other input transducer, the two output signals will cancel each other. Thus, a notch is created in the directional
characteristic of the hearing aid at the receiving angle in question. By adjusting the delay of the input transducer signal
before subtraction, the angular position of the notch in the directional characteristic may be adjusted correspondingly.
[0003] Itis also well known that the frequency response of subtracted signals originating from a sound source in the
surroundings of the hearing aid, i.e. the transducer signals are correlated signals, has a 6 dB/octave positive slope.
Thus, low frequencies are attenuated for correlated signals while this is not the case for non-correlated signals, i.e.
neither transducer noise nor wind noise is attenuated. Therefore, the signal to noise ratio is reduced in a prior art
directional hearing aid compared to an omnidirectional hearing aid.

[0004] Notch formation requires that the two input transducers are identical, i.e. they have identical parameters, such
as sensitivities and phase responses. Typically, identically manufactured input transducers exhibit sensitivity differenc-
es of the order of 6 dB and phase differences of the order of 10°. Directional characteristics can not be formed with
input transducers with phase and sensitivity differences of this magnitude. Selection of paired input transducers may
reduce the sensitivity differences to 0.5 dB and phase differences to 2° which may still not lead to notch formation in
the directional characteristic. Further, ageing may increase these differences over time.

[0005] In WO 01/10169, a hearing aid with adaptive matching of input transducers is disclosed. According to the
disclosure, differences in sensitivity and phase response are compensated utilising specific circuitry continuously de-
termining the differences and compensating for them.

[0006] The differences are determined based on the sound signals received by the input transducers. No additional
signals are needed. Selection of input transducers is eliminated and differences between circuitry processing each of
the respective input transducer signals and differences created by ageing or other influences are automatically com-
pensated.

[0007] In a hearing aid with a plurality of input transducers, the output signals from the respective input transducers
may not be generated from the same sound source. For example, when the hearing aid is operated in a silent envi-
ronment, each of the input transducer signals contains only noise generated by the respective input transducer itself.
Thus, in this case, the output signals are generated by independent and thus, non-correlated signal sources, namely
the individual input transducers. Likewise, signals generated by the two input transducers in response to wind, i.e. wind
noise, are not correlated since air flow at the hearing aid is turbulent. Thus, also in this case, the output signals are
generated by independent signal sources. Further, the input transducer signals are clipped at high input levels by the
A/D converters converting the input transducer signals to digital signals. Typically, signals are clipped at different signal
levels because of different input transducer sensitivities and, thus, clipped signals may also be non-correlated and
appear to have been generated by independent signal sources.

[0008] When the input transducer signals are generated by independent signal sources, the above-mentioned prior
art input transducer matching technique falls apart since, typically, the determined phase and sensitivity differences
will be dominated by differences in the generated signals and will not be related to differences in input transducer
parameters.

[0009] Itis an object of the present invention to provide a hearing aid with a directional characteristic that overcomes
the above-mentioned disadvantages of the prior art.

[0010] This object is fulfilled by a hearing aid with a directional characteristic wherein transducer signal type, such
as transducer noise, wind noise, sound emitted from a sound source located in the surroundings of the hearing aid,
distorted signals, such as clipped signals, slew rate limited signals, etc, etc, is determined, and wherein signal process-
ing in the hearing aid, such as transducer matching, filtering, signal combination, etc, is adapted according to the
determined signal type. For example, the directional characteristic may be switched to an omnidirectional characteristic
when at least one of the input transducer signals is dominated by noise or distortion, and/or adaptive matching of input
transducers may be put on hold while at least one of the input transducer signals is dominated by noise or distortion.
[0011] Thus, the above-mentioned and other objects are fulfilled by a hearing aid comprising a first and a second
input transducer for transforming an acoustic input signal into respective first and second input transducer signals, a
first signal processor having a first input that is connected to the first input transducer signal and a second input that
is connected to the second input transducer signal for generation of a third electrical signal by processing and combining
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the input signals, an output transducer for transforming the third electrical signal into an acoustic output signal, a
correlation detector for detection of non-correlated first and second processor input signals and for generation of one
or more control signals including a first control signal in response to the detection so that transducer signal processing
can be adapted according to the detection.

[0012] The hearing aid may further comprise an adaptive matching circuit with first and second inputs that are con-
nected with the respective first and second input transducer signals and first and second outputs that are connected
to the respective first and second processor inputs for modification of amplitude and phase responses of the first and
second output signals in response to determinations of difference in the amplitude and phase responses so that the
resulting amplitude and phase responses of the first and second output signals are adjusted to be substantially identical,
and wherein the correlation detector generates a second control signal that is connected to the adaptive matching
circuit for inhibition of adaptive matching upon detection of non-correlated signals.

[0013] The first and second control signals may be identical signals.

[0014] In a hearing aid according to this embodiment of the present invention, transducer differences, such as dif-
ferences in sensitivities, phase responses, etc, are continuously determined when the transducer signals are correlated,
e.g. when the transducer signals are generated in response to a sound source located in the surroundings of the
hearing aid so that in this case the hearing aid continuously adapts to changes in transducer parameters. When non-
correlated signals are detected, e.g. when the transducer signals are dominated by non-correlated signals, such as
when at least one transducer signal is dominated by, e.g. transducer noise, wind noise, signal clipping, etc, updating
of determined values of differences in transducer parameters is not performed rather, for example, the transducer
parameter compensating circuitry remains set according to the latest updated values of the differences.

[0015] The correlation detector may comprise one or more signal level detectors for detection of respective input
transducer signal levels. For example, the first and the second control outputs may be set to a logic "1" when the
detected signal level is greater than a predetermined threshold level such as 2 dB below the saturation level of the A/
D converters for converting the input transducer signals to digital signals. The first and the second control outputs may
be reset to a logic "0" when the detected signal levels return to values below the predetermined thresholds. The level
detector may further have hysteresis so that the control outputs may be set when the detected signal level is above a
first predetermined threshold level and reset when the detected signal level returns to a value below a second prede-
termined threshold level that is lower than the first threshold level.

[0016] The signal level may be an amplitude level, a root mean square level, a power level, etc, or the ratio between
such levels and a corresponding reference quantity, e.g. in dB. Further, the level may be determined within a specific
frequency range.

[0017] The signal level detectors may further comprise slew rate detectors for detection of rapid signal changes since
slew rate limitations of circuitry that processes input transducer signals may distort these signals. The signal level
detector may for example comprise a slew rate threshold so that the first control output is set e.g. to logic "1" if an
increase in absolute value of the difference between one sample and the next is greater than or equal to the slew rate
threshold.

[0018] Typically, wind noise generates transducer signals at very high levels even at low wind speeds thus, wind
noise will typically be detected utilising a signal level detector as described above.

[0019] The hearing aid may further comprise a frequency analyser for determination of the frequency content of input
transducer signals, e.g. for discrimination between signal type. For example, wind noise and clipped signals may be
distinguished based on their frequency content, and signal processing may be adapted accordingly.

[0020] Further, the signal level detectors may be used for detection of the level of a noise signal whereby wind noise
may be distinguished from transducer noise since, typically, transducer noise is a low level signal while wind noise is
a high level signal.

[0021] Thus, according to the present invention, at least three types of signals may be identified, i.e. transducer noise
signals, wind noise signals, and signals from sound sources located in the surroundings of the hearing aid. Further,
distorted signal types, such as clipped signals, slew rate limited signals, etc, may be identified.

[0022] As already mentioned, transducer signals dominated by transducer noise, wind noise, and/or signal distortion
are not correlated since the signal sources are substantially independent of each other. The opposite is true for trans-
ducer signals generated in response to a specific sound source located in the surroundings of the hearing aid. Such
signals differ only by the arrival time difference caused by the distance between the transducers and by differences
caused by transducer differences, i.e. such signals are highly correlated. Thus, signals of this type may be distinguished
by calculation of cross-correlation values of input transducer signals.

[0023] According to an embodiment of the present invention, the correlation detector comprises a second signal
processor that is adapted to calculate a cross-correlation value of signals derived from the transducer signals. Output
transducer signals with a cross-correlation value within a predetermined range of cross-correlation values are treated
as correlated signals.

[0024] For example, a cross-correlation value ry may be calculated as an approximation to or an estimate of a value
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r defined by the following equation:

N
wa%
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wherein X is a sampled signal derived from the first signal, Y is a sampled signal derived from the second signal, and
N is the number of samples.

[0025] Itis noted that r ranges from -1 to 1 and that r = 1 for identical signals X and Y and r = -1 for inverted signals
X and Y and r = 0 for signals with no mutual correlation.

[0026] It is also noted that the equation is simplified for signals having DC-values equal to zero, i.e. £X = 0 and XY
= 0 in the equation.

[0027] In a preferred embodiment of the present invention, the correlation value ry is calculated from a particularly
simple approximation to the equation wherein the signals X and Y are digitised in one bit words, i.e. the sign of the
signals X and Y are inserted in the equation.

[0028] Itis even more preferred to calculate the correlation value ry as a running mean value wherein a predetermined
value A, is added to the sum when sign(X) = sign (Y) and wherein a predetermined value A, is added to the sum when
sign(X) = sign (Y). If, for example, A; = 1, and A, = 0, r increases towards the value 1 when X and Y have identical
signs, and r decreases towards % when X and Y have opposite signs. Since non-correlated signals, such as transducer
noise or wind noise, change sign independently of each other and thus, will have identical signs half the time while
signals generated in response to a specific sound source are highly correlated and have the same sign substantially
all the time.

[0029] In an embodiment of the invention, the first signal processor is adapted to process the first and second elec-
trical signals for formation of an omnidirectional characteristic upon detection of non-correlated signals, e.g. by signal
level detection, by cross-correlation calculation, etc. The omnidirectional characteristic may be formed by selecting the
first or the second electrical signal as the third electrical signal whereby signal to noise ration is improved compared
to a directional characteristic, or, the omnidirectional characteristic may be formed by averaging the first and second
electrical signals whereby signal to noise ratio may be further improved and clipping or slew rate distortion reduced if,
for example, only one of the signals is clipped or slew rate limited.

[0030] Still other objects 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. By way of example, there is shown and described
a preferred embodiment of this invention. As will be realised, the invention is capable of other different 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 drawing:

Fig. 1  shows a blocked schematic of a hearing aid according to the present invention,

Fig. 2 shows a blocked schematic of a second signal processor according to the present invention,
Fig. 3  shows a blocked schematic of a level detector, and

Fig. 4  shows a blocked schematic of input circuitry of the first signal processor.

[0031] It will be obvious for the person skilled in the art that the circuits shown in the drawing may be realised using
digital or analogue circuitry or any combination hereof. In the present embodiment, digital signal processing is employed
and thus, the signal processing circuits comprise digital signal processing circuits. For simplicity, the A/D and D/A
converters are not shown in the drawing. In the present embodiment, all the digital circuitry of the hearing aid may be
provided on a single digital signal processing chip or, the circuitry may be distributed on a plurality of integrated circuit
chips in any appropriate way.

[0032] Fig. 1 shows a blocked schematic of a hearing aid 10 comprising a first input transducer 12 and a second
input transducer 14 for transforming an acoustic input signal into respective first and second input transducer signals
16, 18. The input transducer signals 16, 18 are converted to digital signals by A/D converters (not shown). A first signal
processor 20 has a first input 22 that is connected to the first input transducer signal 16 and a second input 24 that is
connected to the second input transducer signal 18 via an adaptive matching circuit 26. The processor 20 processes
and combines the processor input signals 28, 30 for generation of a third electrical signal 32. An output transducer 34
transforms the third electrical signal 32 into an acoustic output signal.
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[0033] The adaptive matching circuit 26 has first and second inputs 36, 38 that are connected with the respective
first and second input transducer signals 16, 18 and first and second outputs 40, 42 that are connected to the respective
firstand second processor inputs 22, 24. The circuit 26 modifies amplitude and phase responses of the first and second
output signals 28, 30 in response to determinations of differences in the amplitude and phase responses so that the
amplitude and phase responses of the first and second output signals 28, 30 are adjusted to be substantially identical.
[0034] A correlation detector 44 is connected to the input transducer signals 16, 18 and detects presence of non-
correlated signals and generates first and second control signals 46, 48 in response to the detection so that signal
processing in the hearing aid can be adapted according to the detection.

[0035] The first control signal 46 is connected to the first signal processor 20 for controlling the way in which the first
signal processor combines the first and second processor input signals 28, 30, e.g. by combining the first and second
processor input signals 28, 30 for omnidirectional sound reception upon detection of non-correlated transducer signals.
[0036] The second control signal 48 is connected to the adaptive matching circuit 26 for inhibition of adaptive match-
ing upon detection of non-correlated signals.

[0037] The adaptive matching circuit 26 has an inverter 50 connected in series with an adjustable gain amplifier 52
that is connected in series with an adjustable delay 54. The nominal delay of adjustable delay 54 equals the distance
between the first and second input transducer 12, 14 divided by the velocity of sound so that, nominally, the directional
characteristic of the hearing aid contains a notch in the direction of a line extending from the first input transducer 12
to the second input transducer 14. A matching controller 37 determines differences in amplitude and phase of the input
transducer signals 16, 18 and adjusts the amplifier 52 and the delay 54 in response to the determinations so that the
amplitude and phase responses of the first and second output signals 28, 30 are adjusted to be substantially identical.
[0038] Fig. 2 shows a blocked schematic of a second signal processor 100 according to the present invention and
included in the correlation detector 44 wherein the correlation value r is calculated as a running mean value. The signals
X, Y may be the input transducer signals 16, 18 or band pass filtered versions of the signals 16, 18. The signals X, Y
are input to sign blocks 110, 120 that output sign (X) and sign (Y), respectively, to the comparator 130 and if sign(X)
= sign (Y) a predetermined value A, = 1 is added to the sum in adder 160 and if sign(X) # sign (Y), A, = 0 is added to
the sum in adder 160. The low pass filter 170 averages the sum output from the adder 160 in an appropriate time
interval, such as 10 ms. If A; = 1 and A, = -1, a closer approximation to r is obtained by the running mean value.
[0039] Fig. 3 shows a blocked schematic of a signal level detector 200 included in the correlation detector 44, com-
prising a first signal level detector 202 that is connected to the first input transducer signal 16 and a second signal level
detector 204 that is connected to the second input transducer signal 18. The level detector 200 sets a control output
46 to a logic "1" if one of the processor input signals 28, 30 is more than approximately 2.5 dB from the saturation level
(clipping level) of the A/D converters (not shown). In the present embodiment, the A/D converters are sigma delta
converters having a slew rate of 0.5 for successive samples (theoretical limit: £1). Therefore, the control output 46 is
also set to a logic "1" if the increase in absolute value of the difference between one sample and the next is 0.375 or
higher.

[0040] Fig. 4 shows an input circuit 400 of the first signal processor 20. When the control signal 46 is a logic "1", the
counter 402 is incremented from 0 to one in 32 clock cycles, i.e. in 1 ms, and when the control signal 46 goes low, the
counter 402 is decremented form one to 0 in 512 clock cycles, i.e. in 16 ms. The person skilled in the art will appreciate
that the modified signals 28', 30' are identical to the respective processor input signals 28, 30 when the counter output
signal 404 is logic "0", and in general that:

signal 28' = signal 28 + counter output 404 (Y(signal 28 + signal 30) - signal 28),

and

signal 30' = signal 30 + counter output 404 (%(signal 28 + signal 30) 2" signal 30),

whereby a smooth transition from a directional characteristic to an omnidirectional characteristic and vice versa is
obtained. In the first signal processor 20, the signals 28', 30' are summed into the third electrical signal 32. It will be
appreciated that when the counter output 404 is equal to 1, the circuitry 406 simulates that an acoustic signal corre-
sponding to the average of signals 28, 30 impinges on the hearing aid from a frontal direction whereby an omnidirec-
tional characteristic is obtained.

[0041] In an alternative embodiment, the directional characteristic of the hearing aid is controlled by adjustment of
an attenuation control parameter as disclosed in WO 01/01731.
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Claims

1.

10.

11.

A hearing aid comprising

a first and a second input transducer for transforming an acoustic input signal into respective first and second
input transducer signals,

a first signal processor having a first input that is connected to the first input transducer signal and a second
input that is connected to the second input transducer signal for generation of a third electrical signal by
processing and combining the input signals,

an output transducer for transforming the third electrical signal into an acoustic output signal,

a correlation detector for detection of non-correlated first and second processor input signals and for generation
of afirst control signal in response to the detection so that signal processing in the hearing aid can be adapted
according to the detection.

A hearing aid according to claim 1, wherein the correlation detector comprises a first signal level detector for
detection of first signal levels.

A hearing aid according to claim 1, wherein the correlation detector further comprises a second signal level detector
for detection of second signal levels.

A hearing aid according to any of the preceding claims, wherein the correlation detector comprises a second signal
processor that is adapted to calculate a cross-correlation value of signals derived from the first and second signals.

A hearing aid according to any of the preceding claims, wherein the first control signal is connected to the first
signal processor for controlling the way in which the first signal processor combines the first and second processor
input signals.

A hearing aid according to claim 5, wherein the first signal processor combines the first and second processor
input signals for omnidirectional sound reception.

A hearing aid according to any of claims 4-6, wherein the second processor is adapted to calculate the cross-
correlation value ry as an approximation to or an estimate of a value r defined by the following equation:

r=

2 2
J(zx2 SR PACR CL

wherein X is a sampled signal derived from the first signal, Y is a sampled signal derived from the second signal,
and N is the number of samples.

A hearing aid according to claim 7, wherein the signals X and Y are digitised in one bit words.

Ahearing aid according to any of claims 4-8, wherein the correlation value ry is calculated as a running sum wherein
a predetermined value A, is added to the sum when sign(X) = sign (Y) and wherein a predetermined value A; is
added to the sum when sign(X) = sign (Y).

A hearing aid according to claim 9, wherein A is equal to one and A, is equal to zero.

A hearing aid according to any of the preceding claims, further comprising an adaptive matching circuit with first
and second inputs that are connected with the respective first and second input transducer signals and first and
second outputs that are connected to the respective first and second processor inputs for modification of amplitude
and phase responses of the first and second output signals in response to determinations of difference in the
amplitude and phase responses so that the amplitude and phase responses of the first and second output signals
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are substantially identical, and wherein the correlation detector generates a second control signal that is connected
to the adaptive matching circuit for inhibition of adaptive matching upon detection of non-correlated signals.
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