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DESCRIPTION

[0001] A binaural hearing aid system is provided with binaural compression that preserves
directional cues of received sound signals.

[0002] A hearing impaired person typically suffers from a loss of hearing sensitivity that is
frequency dependent and dependent upon the sound level. Thus, a hearing impaired person
may be able to hear certain frequencies, e.g., low frequencies, as well as a person with normal
hearing, but unable to hear sounds with the same sensitivity as the person with normal hearing
at other frequencies, e.g. high frequencies. At frequencies with reduced sensitivity, the hearing
impaired person may be able to hear loud sounds as well as the person with normal hearing,
but unable to hear soft sounds with the same sensitivity as the person with normal hearing.
Thus, the hearing impaired person suffers from a loss of dynamic range.

[0003] Typically, a compressor in a hearing aid is used to compress the dynamic range of
sound arriving at the hearing aid user in order to compensate the dynamic range loss of the
user by matching the dynamic range of sound output by the hearing aid to the dynamic range
of the hearing of that user. The slope of the input-output compressor transfer function (Al/AQO)
is referred to as the compression ratio. Generally the compression ratio required by a user is
not constant over the entire input power range, i.e. typically the compressor characteristic has
one or more knee-points.

[0004] Typically, the degree of dynamic hearing loss of a hearing impaired user is different in
different frequency channels. Thus, compressors may be provided to perform differently in
different frequency channels, thereby accounting for the frequency dependence of the hearing
loss of the intended user. Such a multi-channel or multi-band compressor divides an input
signal into two or more frequency channels or frequency bands and then compresses each
channel or band separately. The parameters of the compressor, such as compression ratio,
positions of knee-points, attack time constant, release time constant, etc. may be different for
each frequency channel.

[0005] Efficient hearing of a person with normal hearing is binaural in nature and thus, utilizes
two input signals, i.e. the binaural input signal, namely the sound pressure levels as detected
at the eardrums in the right and left ear, respectively.

[0006] For example, human beings detect and localize sound sources in three-dimensional
space by means of the binaural input signal. It is not fully known how the hearing extracts
information about distance and direction to a sound source, but it is known that the hearing
uses a number of cues for the determination. Among the cues are coloration, interaural time
difference, interaural phase difference and interaural level difference.

[0007] A user listening to a sound source positioned at an angle to the right of the forward
looking direction of the user will receive sound with a sound pressure level at the right ear that
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is higher than the sound pressure level received at the left ear. The sound will also arrive at the
right ear prior to arrival at the left ear. Interaural level difference and interaural time difference
are considered to be the most important directional cues used by the binaural hearing to
determine the direction to the sound source.

[0008] The interaural level difference is highly frequency dependent. At low frequencies,
where the wavelength of the sound is long relative to the head diameter, there is hardly any
difference in sound pressure at the two ears. However, at high frequencies, where the
wavelength is short, there may well be a 20-dB or greater difference due to the so-called head-
shadow effect, where the far ear is in the sound shadow of the head.

[0009] For the determination of the azimuth direction to a sound source, it is believed that the
interaural level difference ILD and the interaural time difference ITD are complementary. At low
frequencies (below about 1.5 kHz), there is little ILD information, but the ITD shifts the
waveform a fraction of a cycle, which is easily detected. At high frequencies (above about 1.5
kHz), there is ambiguity in the ITD, since there are several cycles of shift, but the ILD resolves
this directional ambiguity.

[0010] Another aspect of binaural hearing is explained in US 7,630,507 disclosing that loud
sounds received at one ear of a person with normal hearing has a masking effect to sounds
received at the other ear of the human, i.e. the sensitivity to sounds is reduced at the other
ear. Binaural compression algorithms are disclosed in US 7,630,507 for use in a binaural
hearing aid system for restoring the binaural masking of normal hearing.

[0011] WO 99/43185 discloses a binaural digital hearing aid system with first and second
hearing aid units. Each of the hearing aid units processes both the input signal from its own
transducer (microphone) and the input signal from the transducer of the other hearing aid
leading to double processing of input signals.

[0012] New binaural hearing aid systems and methods are disclosed below in which co-
ordinated binaural processing of input sound is performed in order to preserve directional cues
in received sound signals.

[0013] A new method of binaural compression is provided in a binaural hearing aid system
with a first hearing aid and a second hearing aid, in which the method comprises the steps of:

in each of the first and second hearing aids
converting received sound into an input signal,

processing the input signal in accordance with a selected signal processing algorithm into a
processed output signal, including compression for compensation of dynamic range hearing
loss based on the signal level, and

converting the processed output signal to an acoustic output signal,
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characterized in the steps of:
in at least one frequency channel,

controlling the gain of the compressor of the first hearing aid with a signal having a value that is
substantially identical to the value of the signal controlling the gain of the compressor of the
second hearing aid, whereby sense of direction is maintained.

[0014] A new binaural hearing aid system is also provided. The new binaural hearing aid
system has a first hearing aid and a second hearing aid, each of which comprises a first
hearing aid and a second hearing aid, each of which comprises a microphone and an A/D
converter for provision of a digital input signal in response to sound signals received at the
respective microphone,

a processor that is configured to process the digital input signal in accordance with a selected
signal processing algorithm into a processed digital output signal, including a compressor for
compensation of dynamic range hearing loss based on the signal level,

a D/A converter and an output transducer for conversion of the processed sound signal to an
acoustic output signal,

a transceiver for data communication with the other hearing aid, and

characterized in that

the gain of the compressor of the first hearing aid is controlled by a signal with a value that is
substantially identical to the value of the signal controlling the gain of the compressor of the
second hearing aid, whereby sense of direction is maintained.

[0015] The binaural hearing aid system may further comprise

a signal level detector for determining and outputting a signal level that is a first function of the
digital input signal, and

a signal parameter detector for determining and outputting a signal parameter that is a second
function of a signal in the hearing aid.

[0016] In at least one frequency channel of the compressor of at least one of the first and
second hearing aids, the gain of the compressor may be controlled by a compressor control
signal that is a function of the signal level and signal parameter of the respective hearing aid,
and the signal parameter received from the other hearing aid.

[0017] The compressor may be a single-channel compressor, but preferably the compressor
is a multi-channel compressor.

[0018] The input to the signal level detector is preferably the digital input signal. The digital
input signal may originate from a single microphone or from a combination of output signals of
a plurality of microphones. For example, the digital input signal may be a directional
microphone signal output from a beam-forming algorithm operating on two inputs from two
omni-directional microphones.
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[0019] The signal level detector preferably calculates an average value of the digital input
signal, such as an rms-value, a mean amplitude value, a peak value, an envelope value, e.g.
as determined by a peak detector, etc. In the event that the output of the signal level detector
is used directly as the compressor control signal, the time constants of the output of the signal
level detector define the attack and release times of the compressor.

[0020] The signal level detector may calculate running average values of the digital input
signal; or operate on block of samples. Preferably, the signal level detector operates on block
of samples whereby required processor power is lowered.

[0021] The input to the signal parameter detector may also be the digital input signal, and the
signal parameter detector may calculate the same type of parameters as the signal level
detector; with the same or with different time constants.

[0022] In some binaural compressors, the signal level detector and the signal parameter
detector are identical and form a single signal processing unit preferably with the digital input
signal as the input and an output signal that is used as both the signal level and the signal
parameter.

[0023] However, the input to the signal parameter detector may be another signal different
from the digital input signal, for example the output signal from the compressor, and the signal
parameter detector may calculate other types of parameters than the types of parameters
calculated by the signal level detector, for example spectral parameters, such as long-term
average spectral parameters, peak spectral parameters, minimum spectral parameters,
cepstral parameters, etc., or other temporal parameters, such as Linear Predictive Coding
parameters, statistical parameters, such as amplitude distributions statistics etc., of the input
signal to the signal parameter detector.

[0024] The signal parameter detector may calculate running average values of the digital
input signal; or operate on block of samples. Preferably, the signal parameter detector
operates on block of samples whereby required processor power is lowered.

[0025] When the user wears a conventional binaural hearing aid system, the compressors of
the hearing aids typically do not change, or substantially do not change, the interaural time
difference. However, since the sound pressure levels received at the two ears are different for
most directions of sound sources, the received sounds at the left and right ear, respectively,
may be subjected to different gains leading to a change in interaural level difference which in
turn leads to loss of sense of direction for the user.

[0026] In order to avoid loss of sense of direction, the new binaural hearing aid system
performs compression at the two ears of the user in a co-ordinated way such that sense of
direction is maintained, or substantially maintained, after compression.
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[0027] Thus, at least one of the hearing aids of the binaural hearing aid system may be
configured to acquire a signal containing information on sound received by the other hearing
aid of the binaural hearing aid system and use the information to modify the resulting
compression of the digital input signal of the hearing aid in question in such a way that the
value of the gain control signals is the same, or substantially the same, for both the first and
second hearing aids.

[0028] Information may be communicated between the hearing aids using wired
communication or wireless communication.

[0029] In the event that a hearing impaired person has a symmetric hearing loss, i.e. the
hearing impaired person has the same hearing loss in both ears, the compressors in hearing
aids will have identical characteristics; and therefore, if the compressor control signals have
identical values, or substantially identical values, the compressor gains will also be identical, or
substantially identical, and the interaural level difference before and after compression will
remain unchanged, or substantially unchanged.

[0030] In the event that a hearing impaired person has an asymmetric hearing loss, i.e. the
hearing impaired person has a different hearing loss in the left and right ear; surprisingly,
sense of direction is nevertheless maintained after compression by adjusting the compressor
control signals to have identical, or substantially identical, values as explained above for a
hearing aid person with symmetric hearing loss. Sense of direction is maintained even though,
in this case, the interaural level difference is not maintained at the output of the hearing aids,
since the hearing aids perform different hearing loss compensation in the left and right ear.
However, typically, the hearing impaired person has not lost sense of direction without hearing
aids, so the brain seems to be able to adjust determination of direction to the changed
interaural level difference provided by the hearing impaired ears. Adjustment of the
compressor control signals to have identical, or substantially identical, values, as explained
above for a hearing aid person with symmetric hearing loss, seems to maintain the changed
interaural level difference provided by the hearing impaired ears so that sense of direction is
also maintained in this way for hearing impaired persons with asymmetric hearing loss.

[0031] Thus, the new binaural hearing aid system is configured to adjust the compressor
control signals to be of the same value, or substantially the same value, in order to maintain
sense of direction of the hearing impaired person.

[0032] The interaural level difference may for example be determined based on the signal
parameter that in this case is a function of the sound pressure level of sound received by the
microphone, such as an rms-value, a mean amplitude value, a peak value, an envelope value,
e.g. as determined by a peak detector, etc. The interaural level difference may for example be
determined every time the signal parameter value is received from the other hearing aid.
Simultaneous, or substantially simultaneous, with the determination of the signal parameter
value in the transmitting hearing aid, the signal parameter value of the hearing aid in question
is stored in the hearing aid. When the corresponding signal parameter value is received from



DK/EP 2544463 T3

the other hearing aid, the two simultaneously determined signal parameter values are
subtracted to determine the interaural level difference.

[0033] Preferably, in the hearing aid in which the interaural level difference is positive, i.e. the
signal parameter value corresponding to the sound pressure level of the hearing aid in
question is largest; the signal level is used as the compressor control signal, and in the hearing
aid in which the interaural level difference is negative, i.e. the signal parameter value
corresponding to the sound pressure level of the hearing aid that received the signal
parameter value from the other hearing aid is smallest, the interaural level difference is added
to the signal level, and the sum is used as the compressor control signal, whereby the
compressor control signals of the two hearing aids are adjusted in correspondence to be of the
same, or substantially the same, value, whereby sense of direction is maintained. In the event
that the interaural level difference is substantially equal to zero, the signal level is used as the
compressor control signal in both hearing aids, whereby the compressor control signal of the
two hearing aids are of the same, or substantially the same, value, whereby sense of direction
is maintained.

[0034] Alternatively, in the hearing aid in which the interaural level difference is negative, i.e.
the signal parameter value corresponding to the sound pressure level of the hearing aid in
question is smallest; the signal level is used as the compressor control signal. In the hearing
aid in which the interaural level difference is positive, i.e. the signal parameter value
corresponding to the sound pressure level of the hearing aid in question is largest, the
interaural level difference is subtracted from the signal level, and the difference is used as the
compressor control signal, whereby the compressor control signals of the two hearing aids are
adjusted in correspondence to be of the same, or substantially the same, value, whereby
sense of direction is maintained.

[0035] According to yet another compressor control scheme, in one of the first and second
hearing aids, the signal level is used as the compressor control signal independent of the
interaural level difference, and in the other hearing aid, in the event that the interaural level
difference is positive for that hearing aid, i.e. the signal parameter value corresponding to the
sound pressure level of that hearing aid is largest, the interaural level difference is subtracted
from the signal level, and the difference is used as the compressor control signal, and in the
event that the interaural level difference is negative for that hearing aid, i.e. the signal
parameter value corresponding to the sound pressure level of that hearing aid is smallest, the
interaural level difference is added to the signal level, and the sum is used as the compressor
control signal, whereby the compressor control signals of the two hearing aids are adjusted in
correspondence to be of the same, or substantially the same, value, whereby sense of
direction is maintained.

[0036] According to yet still another compressor control scheme, a fraction of the interaural
level difference may be added to the signal level to form the compressor control signal in the
one of the first and second hearing aids with a negative interaural level difference while a
fraction of the interaural level difference is subtracted from the signal level to form the
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compressor control signal of the other hearing aid having a positive interaural level difference,
whereby the compressor control signals of the two hearing aids are adjusted in
correspondence to be of the same, or substantially the same, value, whereby sense of
direction is maintained.

[0037] In a single-channel compressor, the compressor control signal is simply adjusted as
disclosed above.

[0038] In a multi-channel compressor, the compressor has individual compressor control
signals in each of the frequency channels of the compressor, and each of the individual
compressor control signal may be adjusted as disclosed above; or, alternatively, only some of
the individual compressor control signals, such as compressor control signals in high frequency
channels with significant interaural level differences, are adjusted as disclosed above, while
other compressor control signals, such as compressor control signals in low frequency
channels in which interaural level differences are insignificant, remain monaural, i.e. the
compressor control signal is a function only of the sound pressure level of the input signal of
the hearing aid accommodating the compressor as in a conventional monaural compressor.
For example, in one binaural hearing aid system, only one of the individual compressor control
signals, such as a compressor control signal in a high frequency channel, is adjusted as
disclosed above, while the remaining compressor control signals, such as compressor control
signals in low frequency channels, remain monaural. In this way processing power and thereby
power consumption may be saved.

[0039] In general, binaural compression gain Gr, G| at time t in each hearing aid of the

binaural hearing aid system is a function of sound pressure levels at the right ear and the left
ear:

Grr = [ (% %ue):

[0040] Wherein xRt is the sound pressure level received at the hearing aid at the right ear at

time t, and x|_t is the sound pressure level received at the hearing aid at the left ear at time t.

[0041] Location of sound sources depends on the interaural level difference ILD as a function
of time t:

ILDt == XRI _XL,I
wherein XRt is a function of the sound pressure level xg , for example representing an rms-

value, a mean amplitude value, a peak value, an envelope value, e.g. as determined by a peak
detector, etc., and

Xt is a function of the sound pressure level x; , for example representing an rms-value, a

mean amplitude value, a peak value, an envelope value, e.g. as determined by a peak
detector, etc.
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[0042] Since the interaural level difference is a slow varying function of time, a possible time
difference between determination of respective values of the signal parameter in both hearing
aids and the current value of the signal level does not influence performance of the binaural

hearing aid system, since the following approximation may be made:

dILD
7 =~ (0= ILDL» B ILDtO

wherein tg is the time of determining the signal parameter X in both hearing aids; and further:
Xpp =~ Xpp = ILDy

XR,t Az XL,t + ILDtO

[0043] The signal levels X'rt and X'|1; determined in the hearing aids at the left and right ears,
respectively, are also functions of the respective sound pressure levels at the right and left
hearing aids, for example representing rms-values, mean amplitude values, peak values,
envelope values, e.g. as determined by peak detectors, etc., of the respective sound pressure
level. In many cases, the signal levels X'rt and X'|; respectively, have the attack and release
time constants of the respective compressors. The above approximation is also valid for the

signal levels:
! 7
X Lt ~ X Rt~ [LDtO

X,R,t 5] X,L,t + ILDtU

[0044] Binaural compression may be performed in such a way that if the interaural level
difference is positive, i.e. the sound pressure level is largest at the right ear, the compressor
control signal in the hearing aid at the right ear is set to be equal to signal level X'r 1, while the

compressor control signal in the hearing aid at the left ear is set to the sum of the signal level
X'Ltand ILDy, i.e. the compressor control signal is shifted to:

X=X +I1LD,,

so that

XL,t ~ X,R,t

and vice versa if the interaural level difference in the right ear is negative.

[0045] As a result, the gain of the compressor of each of the hearing aids of the binaural
hearing aid system is a function of three signals as shown below for the hearing aid at the right
ear:

GR,t = f(X’R,t: ILDtO) = f(X'R,uXR,tU;XL,tU)

[0046] In this way, the compressor control signal of one hearing aid will always have the same
value, or substantially the same value, as the compressor control signal of the other hearing
aid, whereby sense of direction is maintained irrespective of the type of hearing loss, i.e.
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symmetric or asymmetric hearing loss, of the user. It is noted that the values of the signal
parameter X at time tg are old as compared to the current value at time t of the signal level X'

input to the second binaural unit. However, since the signal parameters are used to form a
slowly varying parameter, such as the interaural level difference, a possible difference in time
of determination of the signal level X' and the respective signal parameters X does not affect
the performance of the new binaural hearing aid system.

[0047] As already mentioned, sense of direction may be maintained with compressor control
signals different from the control signals explained above; however still of substantially identical
values. In the example given above, the hearing aid receiving sound with the largest sound
pressure level is controlled monaurally so that optimum hearing loss compensation is also
performed by the hearing aid in question. In the other hearing aid, the compressor control
signal is larger than when controlled monaurally whereby hearing loss compensation for the
respective ear may not be optimal, and thus another compressor control scheme may be
selected that offers a better compromise between maintaining sense of direction and
performing individual hearing loss compensation in both ears.

[0048] When the same gain is applied in both hearing aids there is a deviation between the
applied gain G and the gain L, Lr that would have been applied monaurally:
AL = G — LL

AR=G_LR

[0049] Thus, the gain G may be selected in the range between L| and Lk in order to provide a

more desirable compromise of hearing loss compensation in the two ears while still maintaining
sense of direction.

[0050] Further, slight changes of the interaural level differences may tolerated by some users
in order to obtain a better simultaneous individual hearing loss compensation in both ears.

[0051] Instead of transmitting the signal parameter from both hearing aids, the signal
parameter may be transmitted by one of the hearing aids, and a corresponding value of the
interaural level difference may be determined in the other hearing aid and the determined
value of the interaural level difference may be transmitted to the hearing aid transmitting the
signal parameter so the determined value of the interaural level difference can be used in the
binaural compression of both hearing aids.

[0052] The new binaural hearing aid system may be configured so that each of the
compressors operates on the sound signal before hearing loss compensation. Compression
gain relates to input sound level. It is therefore important to determine the input level
accurately in every compressor frequency channel. If hearing loss is compensated before
compression then the determined input levels will be contaminated with the gain applied to
compensate hearing impairment, and since the gain typically varies with frequency within a
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specific compressor channel, this typically leads to frequency dependent knee-points within the
channels. This effect is avoided when the compressors operate on the sound signal before
hearing loss compensation.

[0053] Further, the separation of frequency dependent hearing loss compensation (static
gain) from compression leads to easily manageable simultaneous compensation of frequency
dependent hearing loss and loss of dynamic range.

[0054] The multi-channel compressor may comprise a filter bank with linear phase filters.
Linear phase filters provide a constant group delay leading to low distortion.

[0055] Alternatively, the filter bank may comprise warped filters leading to a low delay, i.e. the
least possible delay for the obtained frequency resolution, and adjustable crossover
frequencies of the filter bank. It is believed that a warped filter bank provides signal processing
that resembles the psycho-acoustic hearing of a human more than the processing provided
with a linear filter bank, and therefore also provides better preservation of sense of direction.

[0056] The filter bank is preferably a cosine-modulated structure. A cosine-modulated
structure is very efficiently implemented and can be designed so that summation of the
channel output signals equals unity in the case that all gains are 0 dB (no inherent dips or
bumps in the frequency response). For example a 3-channel cosine modulated structure
retains its sum-to-one property when the number of taps does not exceed 7. Few taps are
desired to minimize the delay and the computational load. A filter bank with three 5-tap filters
has been found to provide the minimum number of filters and taps with good performance. The
sum-to-one property is demonstrated below for a linear-phase filter bank:

Cosine modulation gives a low-pass filter of the form:
[bg by b2 b4 bo),

a band-pass filter of the form:

[-2by 0 2b, 0 -2b¢],

and a high-pass filter of the form:

[bo -by by -b+ by]

[0057] Summation of these three filters: [0 0 4b» 0 0], and preferably by=Y4.

[0058] It can also be shown that the resulting filter is symmetric (thus the group delay of the
resulting filter is constant) independent of the gain factors g1, go, g3 of the individual filters:
gilbe b1 b2 by bol+gal-2by 0 2b7 0 -2bgl*gslbe -b1 b2 b1 bol=

[bo(91-292+93) b1(91-93) b2(g1+292+93) b1(g1-g3) bo(g+-292+G3)]

[0059] This ensures that the compressor does not exhibit phase distortion that can destroy
the sense of directivity for the user.
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[0060] The principles of digital frequency warping are known and therefore only a brief
overview follows. Frequency warping is achieved by replacing the unit delays in a digital filter
with first-order all-pass filters. The all-pass filters implement a bilinear conformal mapping that
changes the frequency resolution at low frequencies with a complementary change in the
frequency resolution at high frequencies.

[0061] The z-transform of an all-pass filter used for frequency warping is given by:

Atz !

1+Az !

where A is the warping parameter. Increasing positive values of A leads to increased frequency
resolution at low frequencies, and decreasing negative values of A leads to increased
frequency resolution at high frequencies.

A(z) =

[0062] The warping parameter A controls the cross over frequencies. With only one warping
parameter, there is a fixed relationship between the centre frequency of the centre (which is
/2 in the case of no warping) channel, and the crossover frequencies. The relationship is as
follows, given warped frequency wy in radians between 0 and 1 (in this example, the centre

channel centre frequency which is actually the parameter that is controlled).

[0063] w is determined by:
w = 21ml/F,

[0064] Where fis the frequency and Fg is the sample frequency.

[0065] The warping factor A is given by the equation:
)
sin|—5

v =

sin

W+
2

[0066] The crossover frequencies in radians can then be computed by evaluating the
following for /3 and 211/3
e/® =3

Wy =L——0-
1 —Ae’®

[0067] Some hearing aids employ a filter bank in front of the compressor having more
channels than the compressor and with different gains in different channels. Therefore, the
effective knee-points of the compressor gain control circuits (of which there are fewer than
channels in the filter bank) vary with frequency.

[0068] As already mentioned, in the illustrated compressor, the compressor gain control unit
operates directly on the input signal so that each compressor channel knee-point does not vary
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with input signal frequency.

[0069] The output signals from the filter bank are multiplied with the corresponding individual
gain outputs of the compressor gain control unit and the resulting signals are added together
to form the compressed signal that is input to the ampilifier.

[0070] Preferably, the compressor gain is calculated and applied for a block of samples
whereby required processor power is lowered. When the compressor operates on a block of
signal samples at the time, the compressor gain control unit operates at a lower sample
frequency than other parts of the system. This means that the compressor gains only change
every N'th sample where N is the number of samples in the block. This may generate artefacts
in the processed sound signal, especially for fast changing gains. These artefacts may be
suppressed by provision of low-pass filters at the gain outputs of the compressor gain control
unit for smoothing gain changes at block boundaries.

[0071] The frequency channels of the compressor may be adjustable and may be adapted to
the specific hearing loss in question. For example, frequency warping enables variable
crossover frequencies in the compressor filter bank. Depending on the desired gain settings,
the crossover frequencies are automatically adjusted to best approximate the response. During
audiology measurements, the desired hearing aid gain is determined as a function of
frequency at different sound input pressure levels whereby the desired compression ration as
a function of frequency is determined. Finally, the crossover frequencies of the compressor
filter bank are automatically optimised.

[0072] A warped compressor has a short delay, e.g. 3.5 ms at 1600 Hz, and the delay is
constant also when the compressor changes gain. The short delay is particularly
advantageous for hearing aids with open earpieces, since direct and amplified sound combine
in the ear canal. The constant delay is very important for preservation of interaural cues. If the
delay varies, the sense of localization will deteriorate or disappear.

[0073] Further, the hearing aid may comprise an output compressor for limitation of the output
power of the hearing aid and connected to the output of the amplifier. The output compressor
keeps the signal output of the hearing aid within the dynamic range of the device. Preferably,
the output compressor has infinite compression ratio and an adjustable knee-point. The
compressor is adjusted such that the gain at the knee-point in combination with the gain
formed by the integer multiplier does not exceed 0 dB.

[0074] Preferably, the output compressor is a single-channel output compressor, however,
multi-channel output compressors are foreseen. Alternatively, other output limiting may be
utilized as is well known in the art.

[0075] Below, the invention will be described in more detail with reference to the exemplary
binaural hearing aid systems in the drawings, wherein
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Fig. 1
is a block diagram of one of the hearing aids in the new binaural hearing aid system,

Fig. 2
is a block diagram illustrating monaural control of the compressor included in the DSP of
Fig. 1,

Fig. 3

is a block diagram of one frequency channel in a binaural compressor preserving
directional cues, and

Fig. 4
illustrates interaural differences.

[0076] The new binaural hearing aid system will now be described more fully hereinafter with
reference to the accompanying drawings, in which various examples are shown. The
accompanying drawings are schematic and simplified for clarity, and they merely show details
which are essential to the understanding of the invention, while other details have been left out.
The appended patent claims may be embodied in different forms not shown in the
accompanying drawings and should not be construed as limited to the examples set forth
herein. Rather, these examples are provided so that this disclosure will be thorough and
complete, and will fully convey the scope of the appended patent claims to those skilled in the
art.

[0077] Like reference numerals refer to like elements throughout.

[0078] Fig. 1 is a simplified block diagram of one of the digital hearing aids 10 of the new
binaural hearing aid system. The hearing aid 10 comprises an input transducer 12, preferably
a microphone, an analogue-to-digital (A/D) converter 14 for provision of a digital input signal in
response to sound signals received at the respective microphone, a signal processor 16 (e.g. a
digital signal processor or DSP) that is configured to process the digital input signal in
accordance with a selected signal processing algorithm into a processed output signal for
compensation of hearing loss, including a compressor for compensation of dynamic range
hearing loss, a digital-to-analogue (D/A) converter 18, and an output transducer 20, preferably
a receiver, for conversion of the processed digital output signal to an acoustic output signal.
Further, the hearing aid 10 has a transceiver 22 for data communication with the other hearing
aid of the binaural hearing aid system.

[0079] Fig. 2 shows parts of the compressor 24 of the signal processor 16 in more detail. In
Fig. 2, only conventional parts of the compressor 24 are shown. Binaural compression will be
explained in detail below with reference to Figs. 3 and 5. Fig. 2 shows a multi-channel
compressor 24. In the illustrated example, the multi-channel compressor 24 has three
channels; however the compressor may be a single-channel compressor; or the compressor
may have any suitable number of channels, such as 2, 3, 4, 5, 6, etc. channels. The illustrated
multi-channel compressor 24 has a digital input 26 for receiving a digital input signal from the
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A/D converter 14, and an output 28 connected to a multi-channel amplifier 30 that performs
compensation for frequency dependent hearing loss. The multi-channel amplifier 30 provides
appropriate gains in each of its frequency channels for compensation of frequency dependent
hearing loss. The multi-channel amplifier 30 is connected to an output compressor 32 for
limitation of the output power of the hearing aid and providing the output 28.

[0080] The hearing loss compensation and the dynamic compression may take place in
different frequency channels, where the term different frequency channels means different
number of frequency channels and/or frequency channels with different bandwidth and/or
crossover frequency.

[0081] The multi-channel compressor 24 is a warped multi-channel compressor that divides
the digital input signal into the warped frequency channels with a warped filter bank comprising
fiter bank 34 with warped filters providing adjustable crossover frequencies, which are
adjusted to provide the desired response in accordance with the users hearing impairment.
The filters are 5-tap cosine-modulated filters.

[0082] Non-warped FIR filters operate on a tapped delay line with one sample delay between
the taps. By replacing the delays with first order all-pass filters, frequency warping is achieved
enabling adjustment of crossover frequencies. The warped delay unit 36 has five outputs. The
five outputs constitute a vector w = [Wy W1 Wy, W3 W,4]7 at a given point in time, which is led
into the filter bank where the three channel output y, is formed. The filter bank is defined by:

by by b, by by
B=[=2by 0 2b, 0 =25,

by =B b, —b by

[0083] The output of the filter bank y is:
y=Bw

[0084] The vector y contains the channel signals.

[0085] The choice of filter coefficients is a trade-off between stop-band attenuation in the low
and high frequency channels, and stop-band attenuation in the middle channel. The higher
attenuation in the low and high frequency channels, the lower attenuation in the middle
channel.

[0086] The multi-channel compressor 24 further comprises a multi-channel signal level
detector 38 for calculation of the sound pressure level or power in each of the frequency
channels of the filter bank 34. The resulting signals constitute the compressor control signals
and are applied to the multi-channel compressor gain control unit 40 for determination of a
compressor channel gain to be applied to the signal output 48 of each of the filters of the filter
bank 34.
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[0087] The compressor gain outputs 42 are calculated and applied batch-wise for a block of
samples whereby required processor power is diminished. When the compressor operates on
blocks of signal samples, the compressor gain control unit 40 operates at a lower sample
frequency than other parts of the system. This means that the compressor gains only change
every N'th sample where N is the number of samples in the block. Probable artefacts caused
by fast changing gain values are suppressed by three low-pass filters 44 at the gain outputs 42
of the compressor gain control unit 40 for smoothing gain changes at block boundaries.

[0088] The output signals 48 from the filter bank 34 are multiplied with the corresponding
individual low-pass filtered gain outputs 46 of the compressor gain control unit 40, and the
resulting signals 49 are added in adder 50 to form the compressed signal 52 that is input to the
multi-channel amplifier 30. The compressor 24 provides attenuation only, i.e. in each frequency
channel, the compressors provide the different desired gains for soft sounds and loud sounds,
while the multi-channel amplifier 30 provides the frequency dependent amplification of the soft
sounds corresponding to the recorded frequency dependent hearing thresholds of the
intended user of the binaural hearing aid system.

[0089] The multi-channel amplifier 30 has minimum-phase FIR filters with a suitable order.
Minimum-phase filters guarantee minimum group delay in the system. The filter parameters
are determined when the system is fitted to a patient and does not change during operation.
The design process for minimum-phase filters is well known.

[0090] Fig. 3 shows an example of binaural compression in the compressor 24 of the signal
processor 16 in more detail. Fig. 3 illustrates processing in a single frequency band or channel.
The illustrated single frequency channel may constitute the entire frequency channel of a
single-channel binaural compressor; or, the illustrated single frequency channel may constitute
one individual frequency channel of a multi-channel binaural compressor.

[0091] Fig. 3 also shows the transceiver 22 of the hearing aid 10 that performs transmission
of data between the hearing aids of the binaural hearing aid system.

[0092] The microphone 12, A/D converter 12, D/A converter 18, and receiver 20 are not
shown in Fig. 3.

[0093] As also illustrated in Fig. 2, a gain output signal 46 from the compressor gain control
unit 40, e.g. a gain table, is multiplied to the input signal 48 to form compressed signal 49. A
signal level detector 38 is provided for determining and outputting a signal level that is a first
function of the digital input signal, such as an rms-value, a mean amplitude value, a peak
value, an envelope value, e.g. as determined by a peak detector, etc., of the input signal in the
respective frequency channel. In a conventional compressor, the output of the signal level
detector 38 forms the compressor control signal 54, see also Fig. 2. However, in the binaural
compressor, a signal from the other hearing aid is taken into account together with the
conventional compressor control signal when the compressor control signal is formed, whereby
binaural compression is performed. Thus, a signal parameter detector 56 is provided for
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determining and outputting a signal parameter that is a second function of the digital input
signal for use in the hearing aid in which it has been determined and for transmission to the
other hearing aid by the transceiver 22. The transceiver 22 transmits the signal parameter to
the other hearing aid. The signal parameter value is also stored in a delay 58, or another type
of memory, in the hearing aid in which it has been determined, so that the stored value can be
processed later together with a signal parameter value concurrently determined in the other
hearing aid and received from the other hearing aid, for example in order to determine a
directional cue based on the simultaneously, or substantially simultaneously determined
values, of the signal parameters of the two hearing aids, for example the interaural level
difference of the input signal. In order to be able to determine the interaural level difference,
the signal parameter is also a function of the input signal, such as an rms-value, a mean
amplitude value, a peak value, an envelope value, e.g. as determined by a peak detector etc.,
of the input signal. The signal parameter may be of the same type as the signal level, e.g. rms-
values determined with different time constants; or, the signal parameter may be identical to
the signal level, in which case the signal level detector 38 and the signal parameter detector 56
is the same unit, the output of which is connected to the second binaural unit 62, the memory
58, and the transceiver 22.

[0094] In the binaural compressor illustrated in Fig. 3, the interaural level difference is
calculated in first binaural unit 60 and output to the second binaural unit 62. In the second
binaural unit 62, the compressor control signal is adjusted based on the output from the first
binaural unit 60. For example, the second binaural unit 62 may determine whether the
interaural level difference is positive or negative. If positive, the compressor control signal is set
to be equal to the output from the signal level detector 38, i.e. the compressor operates
similarly to a conventional compressor and as shown in Fig. 2; however, if the interaural level
difference is negative, the second binaural unit 62 adds the interaural level difference to the
current output signal of the signal level detector and outputs the sum as the compressor
control signal 54, thereby shifting the compressor control signal to a higher value. In this way,
the compressor control signal 54 of one hearing aid will always have the same value, or
substantially the same value, as the compressor control signal of the other hearing aid, and in
this way the sense of direction is maintained irrespective of the type of hearing loss, i.e.
symmetric or asymmetric hearing loss, of the user. It is noted that the values of the signal
parameter are old as compared to the current value of the signal level input to the second
binaural unit 62. However, since the signal parameter values are used to determine a slowly
varying parameter, such as the interaural level difference, the difference in time of
determination of the signal level and the respective signal parameters does not affect the
performance of the new binaural hearing aid system.

[0095] In general, the new binaural hearing aid system performs binaural signal processing
due to the fact that in at least one frequency channel of at least one of the compressors, the
gain of the compressor is controlled by a compressor control signal that is a function of the
signal level and signal parameter of the respective hearing aid accommodating the
compressor, and the signal parameter received from the other hearing aid. In this way, sense
of direction is maintained.
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[0096] Directional cues, such as the interaural level difference, of a sound signal arriving at
the ears of a person will typically vary slowly as illustrated in Fig. 4, and in the rare event that
the directional cue undergoes a rapid change, the duration of the rapid change will typically be
so short that it does not affect the performance of the new binaural hearing aid system.

[0097] Fig. 4 schematically illustrates a top view of a situation in which a person receives
sound from a sound source positioned to the left of the forward looking direction of the person.
In this case, sound from the sound source arrives first at the left ear and subsequently, with a
small delay, at the right ear. The difference in arrival times of the sound from the same sound
source is denoted the interaural time difference. Further, the sound arriving at the left ear has
larger sound pressure level than sound from the same sound source arriving at the right ear.
The difference in sound pressure levels is denoted interaural level difference. When the sound
source moves with relation to the person, the interaural level difference and the interaural time
difference change accordingly, and it is believed that these two directional cues are the most
important cues for the person's determination of the direction to the sound source. Since a
sound source typically moves with modest speeds with relation to the person, in particular
when the sound source is another person speaking to the person in question, it is seen that
interaural time difference and interaural time level will be subject to rather slow changes.

[0098] Thus, the data rate of the binaural hearing aid system may be lower than 100 Hz, such
as lower than 90 Hz, such as lower than 80 Hz, such as lower than 70 Hz, such as lower than
60 Hz, such as lower than 50 Hz, etc.

[0099] Typically, inherent similarities of the two hearing aids of a binaural hearing aid system
ensure that the delays from input to output of the hearing aids do not change the interaural
time difference so that extra precautions need not be taken to preserve interaural time
difference in the binaural hearing aid system.

[0100] In the illustrated binaural hearing aid, the compressor control signals are adjusted to
be of the same value, or substantially the same value, so that the gain output 46 of the
compressor is the same, or substantially the same, in both hearing aids in order to keep the
interaural level difference before and after compression unchanged.
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Binaural kompressor til opnaelse af retningsanvisninger

Patentkrav

1. Binauralt hareapparatsystem omfattende

et forste hgreapparat (10) og et andet hgreapparat (10), hvoraf hvert omfatter
en mikrofon (12) og en A/D-omformer (14) til tilvejebringelse af et digitalt in-
putsignal som reaktion pa lydsignaler, der modtages i den respektive mikrofon,
en processor (16), som er konfigureret til at bearbejde det digitale inputsignal
i overensstemmelse med en valgt signalbearbejdningsalgoritme til et bearbej-
det digitalt outputsignal, indbefattende en kompressor (24) til kompensation for
haretab i dynamisk rackkevidde baseret pa signalniveauet,

en D/A-omformer (18) og en outputtransducer (20) til omdannelse af det bear-
bejdede lydsignal til et akustisk outputsignal,

en transceiver (22) til datakommunikation med det andet hgreapparat, og
kendetegnetved,at

i mindst en frekvenskanal af kompressorerne

styres forsteerkningen af kompressorerne i det forste horeapparat og det andet
horeapparat af kompressorstyresignaler, séledes at forstaerkningen af  re-
spektive kompressorer i det farste hgreapparat og det andet horeapparat er
den samme eller i det vaesentlige den samme, hvorved retningssansen opret-
holdes.

2. Binauralt hgreapparatsystem ifglge krav 1, yderligere omfattende

en signalniveaudetektor (38) til at bestemme og outputte et signalniveau, som
er en farste funktion af det digitale inputsignal,

en signalparameterdetektor (56) til at bestemme og outputte en signalparame-
ter, som er en anden funktion af et signal i hareapparatet,

og hvor

i mindst en frekvenskanal af kompressoren i mindst et af det forste og andet
hareapparat
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styres forstaerkningen af kompressoren af et kompressorstyresignal, som er
en funktion af signalniveauet og signalparameteren for det respektive horeap-
parat, og en signalparameter modtaget fra det andet hgreapparat.

3. Binauralt hgreapparatsystem ifglge krav 2, hvor

den interaurale niveauforskel er en funktion af signalparametrene for det forste
og andet hgreapparat, og hvor

i mindst en kanal af det i det mindste ene af det forste og andet hareapparat
styres forsteerkningen af kompressoren af et signal, som er i det vaesentlige
identisk med outputtet fra signalniveaudetektoren, nar outputtet fra signalpa-
rameterdetektoren er starre end outputtet fra signalparameterdetektoren i det
andet hgreapparat, og

forstaerkningen af kompressoren styres af et signal, som er i det vaesentlige lig
med outputtet fra signalniveaudetektoren plus forskellen mellem signalpara-
meteren for det andet horeapparat og signalparameteren for hgreapparatet
med processoren, nar outputtet fra signalparameterdetektoren er mindre end
outputtet fra signalparameterdetektoren i det andet hgreapparat.

4. Binauralt hgreapparatsystem ifolge et hvilket som helst af de foregdende
krav, hvor transceiverne i det forste og andet hgreapparat er konfigureret til
tradforbindelse.

5. Binauralt hgreapparatsystem ifalge et hvilket som helst af kravene 1 - 3,
hvor transceiverne i det farste og andet hgreapparat er konfigureret til tradlg se
kommunikationsdata mellem det forste og andet horeapparat.

6. Binauralt hgreapparatsystem ifglge et hvilket som helst af de foregaende
krav, hvor mindst en af kompressorerne i det fgrste og andet hgreapparat er
en multikanalkompressor til kompensation for hgretab i dynamisk raekkevidde.

7. Binauralt hgreapparatsystem ifolge krav 6, hvor multikanalkompressoren
omfatter en filterbank med linezere fasefiltre.

8. Binauralt hgreapparatsystem ifglge krav 7, hvor filterbanken omfatter war-
ped filtre.
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9. Horeapparat ifglge krav 8, hvor filterbankens crossover-frekvenser er juster-
bare.

10. Horeapparat ifglge et hvilket som helst af kravene 7 — 9, hvor filterbanken
omfatter cosinus-modulerede filtre.

11. Horeapparat ifalge et hvilket som helst af de foregaende krav, hvor kom-
pressorforstaerkningen beregnes og anvendes for en blok af prover.

12. Hareapparat ifelge krav 11, hvor multikanalkompressoren endvidere om-
fatter et multikanallavpasfilter til lavpasfiltrering af den beregnede kompressor-
forstaerkning.

13. Fremgangsmade til binaural kompression i et binauralt hgreapparatsystem
med et forste hareapparat og et andet hgreapparat, hvoraf hvert har en kom-
pressor, hvilken fremgangsméade omfatter trinnene:

i hvert af det forste og andet hgreapparat

at omdanne en modtaget lyd til et inputsignal,

at bearbejde inputsignalet i overensstemmelse med en valgt signalbearbejd-
ningsalgoritme til et bearbejdet outputsignal, indbefattende kompression til
kompensation for hgretab i dynamisk raekkevidde baseret péd signalniveauet
¢

at omdanne det bearbejdede outputsignal til et akustisk outputsignal,
kendetegnet ved trinnene:

i mindst en frekvenskanal af kompressorerne

at styre forstaerkningen af kompressoren i det forste hareapparat med et kom-
pressorstyresignal og forsteerkningen af kompressoren i det andet hareappa-
rat med et kompressorstyresignal, saledes at forstaerkningen af respektive
kompressorer i det forste hgreapparat og det andet horeapparat er den
samme eller i det vaesentlige den samme, hvorved retningssansen oprethol-
des.
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Fig. 4
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