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DESCRIPTION

Field of invention

[0001] This invention relates a system for controlling a transfer function of a hearing aid, such
as in behind-the-ear (BTE), in-the-ear (ITE), in-the-canal (ITC), and completely-in-canal (CIC)
hearing aids.

Background of invention

[0002] A state of art digital hearing aid performs non-linear processing of a converted acoustic
signal by adjusting gain as a function of input level and frequency composition of the acoustic
signal, within a maximum achievable power output of the hearing aid.

[0003] The relationship between the gain and frequency for the hearing aid, generally referred
to as the gain transfer function, is determined in accordance with a user's hearing impairment,
which is described at least by a minimum detectable sound pressure level and uncomfortable
sound pressure level as functions of frequency, and is obviously determined by the maximum
power output achievable from the hearing aid. Maximum power output is in this context to be
construed as the maximum power at which the hearing aid does not deteriorate or distort the
audio signal.

[0004] Hence the hearing aid must amplify the acoustic signal so as to provide a sound
pressure level of desired/useful sounds to the user above the minimum detectable sound
pressure level while avoiding sound pressure levels at the uncomfortable sound pressure level
or at the maximum power output. Therefore the gain of the hearing aid is adjusted as a
function of the input levels, thus providing dynamic amplification range compression.

[0005] In addition, the hearing aid gain is adjusted for suppressing internal input noise from,
for example, the microphone, and for suppressing acoustic feedback caused by the proximity
of the speaker and microphone.

[0006] The terms "attack” and "release” times, which are used hereinafter, are to be construed
as the time interval from a sudden increase or decrease of the input level by a predetermined
amount in dB until stabilisation of the output level from the hearing aid is within +/- 2 dB. The
attack time is the time required for the hearing aid to initiate an appropriate gaining or
dampening process in response to an input change, whereas the release time is the time
required for the hearing aid to return to previous operation.

[0007] American patent no.: 4,630,302, which is incorporated by reference in the below
specification, discloses a hearing aid apparatus comprising means for differentiating speech
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signals from typical low level background noise signals present in or derived from microphone
means. The apparatus utilises an automatic gain control amplifier having short attack and long
release times, in a manner such that speech signal segments are compressed and have a
substantially long time average level. The term "compressed" is in this context to be construed
as reduction of gain as a function of increasing input level.

[0008] The hearing aid apparatus according to US 4,630,302 further utilises a noise
suppressor having a long attack time (longer than time constants of typical speech segments)
and short release time. The noise suppressor is responsive to the output of the automatic gain
control amplifier, and has an initiation threshold below the effective specified level of automatic
gain control action for the automatic gain control amplifier, say 12 dB. Thus when the output of
the automatic gain control amplifier is above the squelch threshold for periods longer than the
attack time of the noise suppressor the squelch action is activated, and when the output is
below the squelch threshold for a few milliseconds the squelch action is deactivated. Hence
speech segments, which typically vary over at least a 12 dB range within periods shorter than
the attack time of the noise suppressor, pass through the noise suppressor without being
squelched, whereas background noise signal segments which typically present a more steady
time average level longer than the attack time of the noise suppressor will be squelched.

[0009] However, the long release time of the automatic gain control amplifier disclosed in US
4,630,302 presents a disadvantage in operating a hearing aid in varying sound environments.
For example, when a user is exposed to a high sound level, such as caused by the user
shouting at a person situated remotely or a door is slammed nearby, the user will be unable to
hear low sound levels during a longer period thereafter.

[0010] American patent no.. US 6,628,795, which is incorporated by reference in the below
specification, discloses a method for automatic, gain control in a hearing aid effected by
detecting an input level and/or an output level and adapting the output level in response to the
input level by controlling the gain of the hearing aid towards a desired value for the output
level. Further, the gain control adjusts attack and release times in response to the detected
input level so that a fast gain adjustment is performed at a high input level change and a slow
gain adjustment is performed at a low input level change. Thus the gain control provides short
attack and release times for input level changes in the high input level area and long attack
and release times for input level changes in the low input level area.

[0011] However, the method according to US 6,628,795 providing long attack and release
times for low level signals introduces a disadvantage in reducing noise, since the user of a
hearing aid incorporating this method might loose some speech signals since the release time
is long during low input level situations, and therefore in situations where the user moves from
a low or no sound situation to a higher level sound situation some information is lost.

[0012] Document D4 WO 01/26418 A1 discloses a method for intensification of speech signals
components in a hearing aid input signal including background noise, comprising the steps of
classifying said input signal into at least three frequency bands comprising at least one high
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frequency band, a low frequency band and at least one frequency band intermediate said high
frequency band and said low frequency band, estimating the level of background noise in said
low frequency band and at least one intermediate frequency band and adjusting the gain in
said low and said one intermediate frequency band in response to the estimated level of
background noise to provide squelching of said background noise,characterized by comprising
the steps of estimating the content of speech signal components in said at least one high
frequency band and modifying the gain adjustment caused by said background noise
estimation in at least said one intermediate frequency band to reduce said squelching of
background noise and thereby intensify the content of speech signals components occurring in
said one intermediate frequency band.

Summary of the invention

[0013] An object of the present invention is to provide a hearing aid system to solve above
identified problems associated with controlling gain transfer function of a hearing aid.

[0014] It is a further object of the present invention to provide a hearing aid system, which
according to a wide variety of sound environments provides the optimum gain function.

[0015] A particular advantage of the present invention is the provision of specific attack and
release times associated with specific operations of the hearing aid system.

[0016] A particular feature of the present invention is the provision of a parallel signal path for
determining appropriate attack and release times, thus optimizing the gain function for any
sound situation.

[0017] The above objects are achieved by the features according to claim 1.

[0018] The term "maximum level" or "maximum power output" (MPO) is in this context to be
construed as the maximum achievable output signal without distortion or the maximum
allowable output level at which sounds stay below the uncomfortable level (UCL) of the hearing
aid user, whichever is the lower of the two. That is, a maximum level may be detectable from
an input signal together with a particular gain of a compressor of the hearing aid system.

[0019] The term "squelch level" is in this context to be construed as an input signal below
which amplification of the signal processing means should be reduced.

[0020] The system according to the first aspect of the present invention provides a precise
solution for ensuring appropriate attack and release times for any input signals thereby
overcoming the problems identified in the prior art.

[0021] The first signal path according to the first aspect of the present invention comprises a
first filterbank adapted to separate the input signal into a first plurality of frequency band
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signals. The first signal path comprises a maximum level detector receiving a frequency band
signal of the first plurality and being adapted to notify said controller, when the frequency band
signal of the first plurality is above a maximum threshold, with a short attack and short release
times to enable the controller means to generate the control signal reducing gain of the signal
processing means. Thus the first signal comprises a maximum level detector for each of the
first plurality of frequency band signals. Hence the system quickly reacts to avoid any gains of
the signal processing means, which will cause the system to present output signals in any
frequency band above maximum rating of the system, and which thus will cause distortion or
an uncomfortable sound level. In addition, the short release time of the maximum level
detector ensures that the system quickly returns to normal operation when the input signals
return below the maximum threshold.

[0022] The first signal path according to the first aspect of the present invention comprises a
squelch level detector receiving a frequency band signal of the first plurality and being adapted
to notify said controller means, when the frequency band signal of the first plurality is below a
squelching threshold, with long attack and short release times to enable the controller means
to generate the control signal reducing gain of the signal processing means. Thus the first
signal path comprises a squelch level detector for each of the first plurality of frequency band
signals. Hence the system, following a period of input signals below the squelching threshold,
reacts by reducing gain of the signal processing means so as avoid unnecessary amplification
of internal noise such as generated by the microphone. However, whenever the input signal is
above the squelching threshold the system reacts quickly by returning to normal gain operation
of the signal processing means.

[0023] The term "notify” is in this context to be construed as communicating information, for
example by generating an information signal and forwarding this either directly or indirectly to a
recipient. Further, the terms "short" and "long" as used in connection with the attack and
release times are to be construed as relative to the situation in which they are used. For
example, for maximum level detection typical attack times may be in the range between 0 and
5 milliseconds and typical release times are in the range between 10 and 50 milliseconds, and
for squelch level detection typical attack times may be in the range between 50 milliseconds
and several hundreds of milliseconds and release times may be as long as several seconds.

[0024] The second signal path according to the first aspect of the present invention may
comprise a second filterbank adapted to separate the input signal into a second plurality of
frequency band signals. The second signal path may further comprise a compression level
detector adapted to determine signal level of each of said frequency band signals, and a table
storing a user prescription adapted to generate a gain information signal for the controller
means based on said signal level of each of said frequency band signals and said user
prescription. The controller means thus generates a control signal to the signal processing
means in accordance with a hearing impaired user's prescription. That is, amplifying input
signals below the user's minimum detectable sound pressure level while avoiding sound
pressure levels at the uncomfortable sound pressure level.
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[0025] The first filterbank according to the first aspect of the present invention may comprise a
fast-channel wideband filterbank. The second filterbank may comprise a multi-channel
narrowband filterbank, such as 16 channels. By introducing a separate filterbank for handling
input signals in the compression area and a filterbank for handling input signals in the extreme
sound pressure level enables the selection of specific channel bandwidths for the best
compromise between fast response time (MPO) and high frequency resolution (compression).
Further by having a detector associated to each frequency band of the first and second
filterbank separate attack and release times may be selected for optimisation relative to
frequency and function e.g. maximum level detectors having substantial short attack and
release times, squelch level detectors having substantial long attack and short release times,
and finally compression level detector having any desired attack and release time for any
frequency band.

[0026] The controller means according to the first aspect of the present invention may ensure
rule based modifications performed on the input signal by the signal processing means so as
to continuously present the optimum sounds to the user of the hearing aid.

[0027] The signal processing means according to the present invention may comprise a multi-
channel active filter adapted to separate the input signal into a plurality of frequency band
signals and to independently process each frequency band signal according to a user
prescription. Alternatively, the signal processing means may comprise a digital signal
processor.

Brief description of the drawings

[0028] The above, as well as additional objects, features and advantages of the present
invention, will be better understood through the following illustrative and non-limiting detailed
description of preferred embodiments of the present invention, with reference to the appended
drawing, wherein:

figure 1, shows a block diagram of a first embodiment of the present invention.

Detailed description of preferred embodiments

[0029] In the following description of the various embodiments, reference is made to the
accompanying figure, which shows by way of illustration how the invention may be practiced.

[0030] Figure 1, shows a hearing aid system designated in entirety by reference numeral 100
and comprising a microphone 102 for converting incoming sound pressure to an electric signal.

[0031] The electric signal is communicated to an analogue to digital (A/D) converter 104
converting the electric signal into a digital signal. The digital signal is then forwarded to a signal
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processor 106 and a signal analysis unit 108.

[0032] The signal analysis unit 108 performs signal analysis of the digital signal and generates
a control signal to the signal processor 106, which enables the signal processor 106 to perform
an appropriate processing of the digital signal and provide a digital output to a digital to
analogue (D/A) converter 110. The digital to analogue converter 110 converts the digital output
from the signal processor 106 to an analogue output signal to be forwarded to a speaker 112
presenting the processed sound to a user of the hearing aid.

[0033] The signal analysis unit 108 comprises a first signal path 116 parallel to a second signal
path 114. The first signal path 116 comprises a first filterbank 126, such as a fast-channel
wideband filterbank, for separating the digital signal into a first plurality of frequency band
signals. The term "frequency band" is in this context to be construed as a frequency channel.
Each of the first plurality of frequency band signals is provided in parallel to a maximum level
detector 128 and a squelch detector 130.

[0034] Each of the first plurality of frequency band signals is communicated to the maximum
level detector 128, and when any of the first plurality of frequency band signals exceed the
maximum level defined by a maximum input threshold, the maximum level detector notifies the
controller 124, which includes this information as basis for generating the control signal to the
signal processor 106. The maximum level detector(s) 123 have short attack and release times
so that the controller 124 may perform swift reactions to reduce gain when the maximum input
level has been exceeded,

[0035] Similarly, each of the first plurality of frequency band signals is communicated to the
squelch detector 130, and when any of the first plurality of frequency band signals is below the
squelch level defined by a squelch input threshold, the squelch detector 130 notifies the
controller 124, which includes this information as basis for generating the control signal to the
signal processor 106. The squelch detector(s) 130 have long attack and short release time so
that the controller 124 activates the squelching operation when only noise is present.

[0036] The second signal path 114 controls the ordinary operation of the hearing aid system
100. That is, operations within the wide dynamic range compression range. The second signal
path 114 comprises a second filterbank 118 for separating the digital signal into a second
plurality of frequency band signals.

[0037] The second filterbank 118 according to the first embodiment of the present invention
comprises a multi-channel narrow band filterbank. In the figure the first and second plurality of
channels or bands are illustrated in the form of thick arrows. Each of the channels is connected
to a compression level detector 120 continuously indexing the second plurality of frequency
band signals so as to enable the controller 124 to generate a control signal identifying
appropriate gain for each of the channels in accordance with a user's hearing aid prescription.
The indexing, in fact, controls a compression gain table 122 storing the user's hearing aid
prescription to provide the appropriate information to the controller 124. The compression gain
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table 122 communicates the gain information, namely the gain to the controller 124 converting
the information into a control signal controlling the signal processor 106.

[0038] The compression level detectors 120 are programmed or configured with attack and
release times for each frequency channel in accordance with a user's hearing aid prescription.

[0039] The control signal of the controller 124 provides control information to the signal
processor 106 regarding gain of each of the first and second plurality of frequency bands
examined by the signal analysis unit 108.

[0040] By introducing a separate signal path for maximum output power and squelch detection
and for wide dynamic range compression great advantages are achieve over prior art. In many
prior art digital compression systems, the MPO-limitation, the dynamic range compression, and
the soft squelch is governed by the same compression table and the same level detectors.
This means that the effective numbers of channels, as well as the attack and release times are
the same for all three functions, and thus some compromises have to be made, leading to
less-than-optimal dynamic properties of the hearing aid. For instance, the hearing aid will not
recover quickly from MPO-limitations, if the compression requires long release times. In
addition, the processing of very soft speech signals will be affected by the (undesired) action of
the soft squelch.

[0041] In the system 100 according to the first embodiment, the hearing aid uses a separate
path for signal analysis and for signal processing. The analysis path uses separate filters for
compression and for maximum power limitation and squelching, and separate time constants
for all three non-linear functions.

[0042] Finally, the system 100 may comprise a plurality of microphones connected so as to
enable the system 100 to perform directionality operations. In addition, the system 100 may
comprise a feedback elimination unit for reducing potential acoustic feedback caused by the
proximity of the microphone and speaker.
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Patentkrav

1. System (100) til styring af forsteerkningsfunktion i et hereapparat og
omfattende en mikrofon (102), der er indrettet til at konvertere et lydtryk til et
indgangssignal, en hgijttaler (112), der er indrettet til at konvertere et
udgangssignal til et behandlet lydtryk, en signalbehandlingsanordning (106),
der forbinder mikrofonen (102) og hgjttaleren (112) og er indrettet til at
behandle indgangssignalet til udgangssignalet i overensstemmelse med et
styresignal, og en signalanalyseanordning (108), der forbindes til mikrofonen
(102) og til signalbehandlingsorganerne (106), og KENDETEGNET VED, AT
signalanalyseanordningen (108) omfatter en maksimumniveaudetektor (128),
der er indrettet til at detektere maksimumniveauet af indgangssignalet, en
squelchniveaudetektor (130), der er indrettet til at detektere squelchniveauet
af indgangssignalet, og en kompressionsniveaudetektor (120), der er indrettet
til at bestemme et niveau af indgangssignalet, og et styreorgan (124), der er
indrettet til at generere styresignalet, der er baseret pa maksimum-, squelch-
og kompressionsniveaudetektorernes reaktioner pa indgangssignalet, hvor
signalanalyseanordningen (108) i en farste signalvej (116) omfatter en farste
filterbank (126), der er indrettet til at adskille indgangssignalet i en ferste
flerhed af frekvensbandssignaler, hvor maksimumniveaudetektoren (128) er
forbundet til den farste filterbank (126) for at modtage et frekvensbandssignal
af den ferste flerhed og indrettet til at underrette styreorganet (124), nar
frekvensbandssignalet for den ferste flerhed ligger over en maksimal teerskel
med en kort angrebs- og en kort frigivelsestid for at tillade styreorganet (124)
at generere styresignalreduktionsforsteerkningen af
signalbehandlingsanordningen (106), hvor squelchniveaudetektoren (130) er
forbundet til den farste filterbank (126) for at modtage et frekvensbandssignal
af den ferste flerhed og er indrettet til at underrette styreorganet (124), nar
frekvensbandssignalet for den ferste flerhed ligger under en squelching-
teerskel med en lang angrebs- og en kort frigivelsestid for at tillade styreorganet
(124) at generere styresignalreduktionsforsteerkningen i
signalbehandlingsanordningen (106).

2. System ifglge krav 1, hvor signalanalyseanordningen (108) i en anden
signalvej (114) omfatter en anden filterbank (118), der er indrettet til at adskille
indgangssignalet i en anden flerhed af frekvensbandssignaler.
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3. System ifelge krav 2, hvor kompressionsniveaudetektoren (120) er
forbundet til den anden filterbank (118) for at modtage hvert af
frekvensbandssignalerne fra den anden flerhed og indrettet til at bestemme
signalniveauet for hvert af frekvensbandssignalerne fra den anden flerhed, og
en tabel (122), der lagrer en brugerordination, der er indrettet til at generere et
forsteerkningsinformationssignal for styreorganet (124) baseret pa
signalniveauet for hvert af frekvensbandssignalerne og brugerordinationen.

4. System ifelge krav 3, hvor kompressionsniveaudetektoren (120) omfatter
programmerbare angrebs- og frigivelsestider for hvert frekvensbandssignal i
den anden flerhed.

5. System ifalge et hvilket som helst af kravene 2 til 4, hvor den farste filterbank
(126) omfatter en hurtigkanals-bredbandsfilterbank.

6. System ifglge et hvilket som helst af kravene 2 til 5, hvor den anden
filterbank (118) omfatter en flerkanals-smalbandsfilterbank, sdsom 16 kanaler.

7. System ifelge et hvilket som helst af kravene 1 til 6, hvor
signalbehandlingsanordningen (106) omfatter en flerkanals aktivt filter, der er
indrettet til at adskille indgangssignalet i en flerhed af frekvensbandssignaler
og til uafheengigt at behandle hvert frekvensbandssignal i henhold til en
brugerordination.

8. System ifelge et hvilket som helst af kravene 1 til 7, hvor
signalbehandlingsanordningen (106) omfatter en digital signalprocessor.

9. Hereapparat omfattende et system ifalge et hvilket som helst af kravene 1-
8.
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